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1. Akustiska diapazona signalu analize, izmantojot izveidotos
notikumvaditi parveidotu nestacionaru signalu apstrades
panémienus.

Iepriek$gja etapa ietvaros tika aprakstita signala laikformas atjaunoSana no limenu-Skérsojumu
nolasém, izmantojot sinc-funkciju filtru ar laika mainigu frekvencu caurlaides joslu. Joslas platums,
kas atkarigs no signala frekvencu 1pasibam, tika atrasts, izmantojot Iimenu-sk&rsojumu nolasu laika
momentus. Signala atjaunoSanai tika izmantots iterativs algoritms, kas balstljas uz nolasu
interpolaciju un interpoléta signala filtréSanu ar iegtto filtru. Talak, lidzigi apstradajot kludas
signalu, tika uzlabota atjaunoSanas precizitate. legitie rezultati publicéti (M. Greitans and R.
Shavelis “Signal-dependent sampling and reconstruction method of signals with time-varying
bandwidth’) un prezentéti starptautiska konference SAMPTA 2009 (Marsela, Francija).

ST etapa ietvaros ir izstradata pec limenu 3kérsojumu principa diskretizéta signila atjauno$anas
metode, kas nem v&ra atjaunota signala veértibu ierobezojumus starp atbilstoSiem diskretizacijas
Iimeniem. Metodes apraksts un signalapstrades piemeri doti 1.1. nodala. Iegitie rezultati publiceti
(M. Greitans and R. Shavelis “Signal-dependent techniques for non-stationary signal sampling and
reconstruction’) starptautiska konferenceé EUSIPCO 2009 (Glazgova, Lielbritanija). Apstrades
praktiska realizacija paradita 1.2. nodala.

1.1. Signalu atjaunosana no limenu-skérsojuma nolasém

Saskana ar nolasu teorému jebkuru frekvencu josla lidz F,,, ierobezotu signalu s(¢) var atjaunot no
ta laika vienmérigi izvietotam nolasém s(%,) , ja diskretizacijas frekvence ir vienada vai parsniedz
2F . vértibu. Atjaunoto signalu nosaka izteiksme

o]

s(t)= s(t)h(1,1), (1.1)

n=-—ow

kur A, (2,1,) ir atjaunosanas filtra impulsa reakcija — klasiski sinc-funkcija
h(t,t,)=sinc(2m F, (t—t,)) (1.2)

Ja apskata nestacionaru signalu ar laika mainigu frekvendu joslas platumu f .. (), tad ta
diskretizacijas frekvencei klasiski jabat vismaz 2F,,, kur F,,>max(f,.(¢)). Tatad
diskretizacijas procesa signala nestacionaritate (laika mainigs frekvencu joslas platums) tiek
ignoréta. Lai to nemtu véra, impulsa reakcijas (1.2) vieta ir piedavats [1] izmantot

h,(t,t,)=sinc (P (t)—P(t,)), (1.3)

kur
¢(t)=2njfmax(t)dt (1.4)

ir svarstibu faze sinusoidai, kuras frekvence laikd mainas péc likuma f ), bett=0 . gajé
gadijuma nolases s(z,) tiek nemtas laika momentos 7, , kad @ (z,)=n . Stacionara un frekvencu
josla F . ierobezota signdla gadijuma izteiksmi (1.2) iegiist no (1.3), ja f lt)=const=F
Nestacionara signala gadfjuma atjauno3anas filtra impulsa reakcija /,(¢,¢,) ir atkariga no signala
momentanas frekvences /() un mnolasu izvietojums laika ir nevienmérigs ar vidgjo
diskretizacijas frekvenci mazaku par 2 F',,,. . NolaSu teoréma $aja gadijuma izpildas lokali — signala
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momentana diskretizacijas frekvence ir vienada ar 2 f .. (¢) [1].

Praksé informacija par diskretiz&jama signala maksimalo frekvenci f . (?) parasti nav dota, tapec
tieck izmantota ITmenu-Skérsojuma diskretizacija. No iegiitajiem Iimenu Sk&rsojumu laika
momentiem /,, var atrast maksimalas frekvences tuvinajumu 1, (¢), kuru talak izmanto signala
atjaunoSanai [1,2].

Lai no limenu-§kérsojumu nolasém s (7,,) veiktu signala atjaunosanu saskana ar izteiksmi

N
3(0)=2s(0,)hy(0.1,), (1)
n=1
jaatrod nolagu s (¢,) vértibas. Kludas signila energija
M
E=} [3(,)=s(t,)F, (1.6)
m=1
kur
N
§(1,)=D. 5(1,)hy(1,,1,), (1.7)
n=1

biis atkariga no atrastajam S (#,) vértibam, tapéc nolases meklé ta, lai kliidas signala energija bitu
minimala. Pielidzinot parcialos atvasinajumus 051 )
vienadojumu sistému, kuras atrisinajums ir meklgtas 3 (7,) vértibas. Atrisinajums

S=SH(H'H), (1.8)

kur n=1,2,..., N, nullei, iegtst linearu

A

kur S=[5(2,),5(8,),..., 3(¢) ], S=[s(t,),5(2,),....s(t,,)] un H ir M X N matrica, kuras elements
rinda m un kolonna n ir h,(¢,,.¢,), var dot tadas 5(¢,) vertibas, kas neatrodas starp atbilstoSiem
diskretizacijas [imeniem. Pieméram, 1.1. Zim&juma nolasei 5 (,) jaatrodas starp Iimeniem @, un b,,
bet nolasei S(,,,) — starp limeniem @, un b, ;.

1.1. zZim. Meklgjamas signala nolases 5(z,)

Lai novérstu iegito 5(7,) vértibu neatbilstibu diskretizacijas limeniem, kladas signala energiju (1.6)
minimiz&, ievérojot nosactjumu a,<%§ (¢,)<b,katram n. Uzdevumu var atrisinat, izmanotojot
Matlab optimizacijas funkcijas quadprog vai Isqlin.

P&c §(t,) aprekina atrod atjaunota signala vértibas laika momentos 7,

S(2,)=25(t,)hy(1,,1,), (1.9)



kuram, lidzigi ka S(7,), vajadzétu atrasties starp atbilstosiem diskretizacijas Iimeniem
c,<5(t,)<d,. Pieméram, 12. zimguma aprékinatajam nolasém S(#,) un S(¢,.,) izpildas
nosacijumi a,<s(t,)<b,una,, <5(t,,,)<b,.,, savukart atjaunota signala vertibai laika momenta
t, nosacijums C,=<% (¢,)<d, neizpildas (signals laika intervala no ?, Iidz ?,,, atrodas starp
limeniem ¢, un 4,). Tas nozimg, ka §(,,,) ir jasamazina.

1.2. zZim. Atjaunotais signals (svitrlinija)

Nemot véra, ka atjaunota signala vertibam jebkuros laika momentos jaatrodas starp atbilsoSiem
diskretizacijas Iimeniem, var izveidot nolasu S (7,) korekcijas algoritmu (1.3. zim.), ar kuru 5(¢,)
vértibas tiek palielinatas vai samazinatas (ievérojot nosacijumu @,<5(¢,)<b,), lai uzlabotu
atjaunosanas precizitati [2].

n=1

N
§(F)=2 8(¢)h,(t,t,)
n=1

1.3. Zim. Nolagu 5(7,) korekcijas algoritms

Algoritma pamata ir sekojoSas darbibas:



1) tiek izveleti vienmerigi izvietoti laika momenti [t u}, u=1,2,..., U,
2) tiek aprékinatas signala vértibas S(z,);
3) atrod visus indeksus u, kuriem neizpildas nosacijums ¢, <5(z,)<d,;

4) no Siem ideksiem péc gadijuma rakstura izv€las vienu, pieméram, u' un atrod laika
momentam ¢, tuvako ¢, vértibu;

5) ja 5(t,. )<c,., tad 5(t,) tick palielinats par (b,—5(¢,))«, kur 0<a<1 nosaka pieauguma
straujumu, bet ja §(¢, )>¢,. , tad §(¢,) tick samazinats par (5(7,)—a,)«;

6) rezultata mainijusies ir viena 5(7,) vértiba, kas ietekm@ atjaunoto signalu visa td garuma,
tapec signals tiek parrékinats no jauna un procediira atkartojas no 2. lidz 6. solim.

Algoritms tiek partraukts, ja katram u izpildas nosacijums ¢, =<5(7,)<d, vai tick sasniegts noteikts
iteraciju skaits.

Aprakstito metodi parbaudisim MATLAB-a (programmas 1.pielikuma), veicot runas signala
atjaunoSanu no Iimenu-Skérsojumu nolasem [2]. Signals tiek nemts no TIMIT datu bazes
(/timit/train/dr1/ mtpf0/sx335.wav) un ir 3.8 sekundes garS. Signala diskretizacijas frekvence ir 16
kHz. Lai iegiitu lIimenu-Skérsojuma nolases, tas tiek interpoléts ar sinc-funkcijam, ka rezultata
signala spektrs tiek ierobezots lidz 4 kHz. Izmantojot 10 diskretizacijas Iimenus, iegiist 3301
limenu-skérsojuma nolases, kas ir aptuveni 10 reizes mazak neka vienmérigas diskretizacijas
gadijuma, ja signalu diskretiz€ ar 8 kHz frekvenci. NolaSu skaita samazinajumu galvenokart nosaka
klusuma pauzes starp vardiem (1.4. zimgjums).
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1.4. zZim. Runas signals un ta limenu-skérsojuma nolases (melni punkti)

Veicot signala atjaunoSanu, sakuma atrod ta momentano maksimalo frekvenci ]”max(t) , kas
nepiecieSama matricas H aprékinam. Lai novertétu liknes atbilstibu patiesajam frekvencu vertibam,
ieglist vienmérigi diskretiz€ta signala laika-frekvencu att€lojumu, pielietojot isintervala Furjé
transformaciju. Rezultats paradits 1.5. zim&juma, kura signala spektra komponentes ar lielaku jaudu
att€lotas tumsaka krasa. Ka redzams, tad f,,, (¢) (nepartraukta Iinija) labi izseko signala spektra
augstako frekvencu veértibam.

f, [kHz]

N

— —

0
0 02 04 06 08 1

t, [s]

1.5. zZim. Signala laika-frekvendu attelojuma salidzinajums ar aprekinato . (¢)



Pec meax(t) noteikSanas seko atjaunoSanas procediira. Izteiksme (1.6) tieck minimiz&ta, ieverojot
(1.7) un meklgjamo nolasu vertibu ierobezojumu a,<5(t,)<b,. Kad ir atrastas $(7,) vértibas, seko
algoritma (1.3. zZim.) izpilde. Laika momenti {7,] tiek izvelati vienmérigi ar diskretizacijas frekvenci
64 kHz. Péc pirmas parbaudes 30% 5(¢,) vertibu neizpildas nosacijums c,<5(t,)<d, un

atjaunoSanas k]uda \/U"Z:U_l (s(t,)— 3~(tu))2 ir 22 mV, savukart péc 10N iteracijam $is skaitlis

samazinas 1idz 8% un kluda ir 15 mV. Atjaunota signala fragments paradits 1.6. zZim&uma ar
nepartrauktu Iiniju, bet kladas signals |(s(z)—5(¢))| pirms un péc korekcijas algoritma izpildes
paradits 1.7. Zim&juma ar attiecigi peleku un melnu Iiniju. Kltdas signala amplittida neparsniedz 40
mV, kas ir attalums starp blakus esoSiem diskretizacijas l[imeniem.

0.2

*

0.64 0.65 0.66
t [s]

1.6. zZim. Sakotngja (svitrlinija) un atjaunota (nepartraukta Itnija) runas signala fragmenta
salidzinajums

&

[s(t)-S(t)| . [V

0.64 0.65 0.66
t [s]

1.7. zim. Klidas signals pirms (pel€ka Iinija) un p&c (melna linija) korekcijas algoritma izpildes.

Atjaunosanas kvalitate ir atkariga no apstradajamo nolaSu skaita. Diskretiz€jot signalu ar 20
Iimeniem, iegiist 8509 nolases un atjaunosanas kliida samazinas lidz 7 mV.

1.2. Signalatkarigas apstrades praktiska realizacija

Praktiski tika realizéta signalatkariga diskretizacija, kas darbojas p&c delta-imainu principa (1.8.b
zim€jums). Delta-izmainu diskretizacijas gadijuma katra nakama signala nolase tiek nemta laika
momenta, kad signala izmaina no ieprieksgjas nolases vertibas sasniedz noteiktu delta slieksni A /.

a) b)

sit,)  slty.)

1.8. zZim. Limenu-Skérsojuma (a) un delta-izmainu (b) diskretizacija



Praktiskas realizacijas blokshéma paradita 1.9. Zim&juma.

REG

CLK

I
B
A MUK

SEL

DAC

1.9. zZim. Delta-izmainu diskretizacijas praktiskas realizacijas blokshéma

Ieejas signals tiek pievadits diviem komparatoriem, kur to salidzina ar sprieguma Iimeniem
(diskretizacijas limeniem) u; un u,=u,+du, turkat u,<s(t)<u, (ja du vieta izvélas du/2 vertibu,
tad delta-izmainu diskretizacijas vieta iegiuist [imenu-Skérsojuma diskretizaciju (1.8.a zZim&jums)).
Kad signals pieaug un $kérso u, limeni (tatad s(f)>u,), nostrada aug§Gjais komparators, ka
rezultata DAC ieejas bitu secibai summéjas “+1”, ta izejas spriegums pieaug par du/2 un jaunajam
U, un U, vértibam izpildas u, <s(¢)<u,. Kad signals samazinas un §k&rso , [imeni (tatad s(¢)<u,),
nostrada apakse€jais komparators, ka rezultata DAC ieejas bitu secibai summéjas “—17, ta izejas
spriegums samazinas par du/2 un jaunajam u, un #, vértibam izpildas u, <s(t)<u,.

Saskana ar 1.9. zZim&uma att€loto blokshému izgatavota iespiedplate (1.10. zZim&ums), kura
realizéti 16 diskretizacijas Itmeni, kas izvietoti vienmérigi diapazona no —10V lidz +10V. Ar
osciloskopu uzpemtais runas signala delta-izmainu diskretizacijas rezultats paradits 1.11. zZzim&juma
(runas signals vieol&ta krasa, DAC izejas signals u, dzeltena krasa un signals u,=u,+du zila krasa).

Zoom Factor: 50X
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1.11. zZim. Ar osciloskopu uznemta runas signala (violeta krasa) delta-izmainu diskretizacijas



rezultats (DAC izejas signals dzeltena krasa)

Ta ka Iimenu Skérsojumu notikumos DAC ieejas bitu seciba palielinas vai samazinas attiecigi par
“+1” vai “~17, tad 1.9. zim&uma paradito blokshému var vienkarSot, aizstajot registru,

multipleksoru un summatoru ar “+/~ skaititaju (1.12. Zzim&jums).

COUNTER

DAC

1.12. zZim. Delta-izmainu diskretizacijas praktiskas realizacijas vienkarSota blokshéma

COUNTER

upr OUTPUT
N _o | +1 — DAC
____Jl____ O— -1

DOWM

1.13. zim. P&c delta-izmainu principa diskretizeta signala atjaunotaja bloskhéma

1.14. zZim. Iespiedplate signala atjaunoSana no limenu-skérsojumu nolasém

Signala vienkarSotai atjaunoSanai izgatavota 1.14. zim&uma paradita iespiedplate, kas darbojas
saskana ar 1.13. zZim&uma blokshému. Ka ieejas signali tiek nemti 1.12. zZim&uma bloksh&mas
komparatoru izejas signali “up” un “down”. Sos signalus pievada “+/— skaititdgjam, kura izejas
ciparu signals tiek parversts analoga signala. Rezultata iegiist kapnveida signalu (sakrit ar 1.11.
zim&juma paradito DAC izejas signalu), kuru talak nogludinot ieglist sakotngja signala tuvinato
formu.
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1.3. Adaptétu etalonlimenu pielietoSana limenu Skérsojuma shémas

Adaptetu etalonlimenu pielietoSana Itmenu Sk€rsojuma shémas ir viena no iesp&jam, ko var
izmantot nestacionaru signalu apstradei, lai samazinatu nolaSu skaitu. Ta izmanto etalonlimenu
kopu, kas tiek pielagota parveidojama signala izmainam laika, ka att€lots 1.zim&juma. Tika izvirzits
pienémums, ka adaptetu etalonlimenu pielietoSanas metode lauj samazinat etalonlimenu, skaitu,
nepasliktinot atjaunojama signala kvalitati salidzinajuma ar vienada attaluma izvietotu (neadaptetu)
etalonlimenu pielietoSanu.

|
Level : : A
evel 1 1 0 0 1 0 100100 11
crossing

events

i
—> = T

1.zim. Ieejas signalam adaptéti etalonlimeni #/,+7/,.

Sada pienémuma parbaudei tika izmantota 2.zZIm&juma attélotas shémas modelis, kur cipar-analogo
parveidotaju CAP1 un CAP2 izejas etalonlimenu vertibas neizmainas vienmerigi, bet izmainas saskana
ar noteiktu sadalijumu, kurs glabajas ACP kontroliera atmina. Saja shéma pie-

Iegas + EMPZ
siznals _

Talmers

+ EME1

ACP lontrolieriz

Rakstal _|
CAP1
IDATI
AP alesta?

2.zim. Limenu skérsojuma analogciparu parveidotaja shéma.

lietotajiem CAP nav augstas prasibas to linearitatei, kas vienkarSo izmantojamos shémas
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risinajumus.
Metodes parbaudei izmantoja 2 testa signalus TEST1 un TEST2, kas paraditi 3.zZim&juma.

—=—input signal TEST1
—input signal TEST2]]

Amplitude

6 8 10 12
Time (ms)

3.zim. leejas testa signali TEST1 un TEST2.

Katrs signals tika ciparots 10 reizes, izmantojot dazadu etalonlimenu skaitu. Tika izmantoti 5, 7, 9,
13 un 16 gan vienada attaluma izvietoti (neadaptéti), gan adapteti etalonlimeni.

Ka piemérs 4.zim&juma atteloti TEST1 un TEST2 signalu Iimenu Skérsojuma nolases, pielietojot

9 adaptetus etalonlimenus.
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———N=9 sampled TEST1
— N=9 sampled TEST2

Amplitude

0 2 4 6 8 10 12
Time (Ms)

4.zim. TEST1, TEST2 signalu lIimenu skérsojuma nolases pie 9 adaptétiem etalonlimeniem.

Iegtito signalu nolasu kvalitate tika noverteta, salidzinot ieejas testa signalu ar atjaunoto signalu, kas
tika iegiits no testa signalu Iimenu Skérsojuma nolaseém. Signalu atjaunoSana notika vienmerigi
diskretiz€jot testa signalu Iimenu skérsojuma nolases ar pietiekosi augstu diskretizacijas frekvenci,
kas nodroSina pienacigu virsdiskretizaciju (oversampling) un sekojosi interpol€jot tas ar kubiska
splaina funkciju.

@ C O sampled data
3 input signal .

5
4r ﬁ reconstructed signal
3

Amplitude

_5 1 1
0 2 4 6 8 10
Time (ms)

5.zim. TEST2 signals un ta atjaunotais signals no Itmenu $kérsojuma nolasém pie neadaptetiem 9
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etalonlimeniem.

O sampled data §

reconstructed signal
—input signal 7

N @ & o
>

Amplitude

-3t i
U '
_5 | | | | Il

0 2 4 6 8 10 12

Time (Ms)

6.zim. TEST2 signals un ta atjaunotais signals no limenu Skérsojuma nolasém pie adaptétiem 9
etalonlimeniem.

Vizuali salidzinot 5. un 6. zZim&jumus redzams, TEST2 signals un ta atjaunotais signals redzami
atSkiras neadapt€tu etalonlimenu gadijuma un nebiitiski atSkiras adaptétu etalonlimenu gadijuma.

Kvantitativai atSkiribu noveértéSanai starp testa signaliem un atjaunotajiem signaliem izmanto
korelacijas koeficientu, ko aprékina izmantojot MatLab funkciju:

R = corrcoef (x, ), (1)

kur R ir korelacijas koeficients, X ir ieejas un J ir atjaunotais signals.
Aprekinot korelacijas koeficientu dazadu etalonlimenu skaitam gan neadapt@tiem, gan adaptétiem
etalonlimeniem tika iegiitas sekojoSas korelacijas koeficientu veértibas, kas paraditas 1. un 2. tabula.

Tabula 1. Korelacija starp testa signaliem un atjaunotajiem signaliem dazadam etalonlimenu
skaitam N pie neadaptétiem etalonlimeniem

N TESTI1 TEST2
5 0.8392 0.9376
7 0.9716 0.9907
9 0.9975 0.9910
13 0.9997 0.9927
16 0.9998 0.9989

Tabula 2. Korelacija starp testa signaliem un atjaunotajiem signaliem dazadam etalonlimenu
skaitam N pie adapt@tiem etalonlimeniem

N TESTI1 TEST2
5 0.9735 0.9974
7 0.9937 0.9988
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9 0.9991 0.9992
13 0.9999 1.0000
16 1.0000 1.0000

Ka redzams pie maza etalonlimenu skaita N <9 korelacija ir ievérojami labaka adaptétiem
etalonlimeniem.
Grafiskais tabulu 1 un 2 att€lojums ir paradits 7.Zimgjuma.

0.98

0.96

0.94

0.92

154
©

0.88

Korelacijas koeficients

0.86

0.84

0.82
4

T

\

[

\\

—— signals TEST1

z

— signals TEST2
—signals TEST1

> > Zz

—signals TEST2

8

10 12 14 16

Izmantoto etalonlimenu skaits

7.zim. leejas signalu un atjaunoto signalu korelacija.

Lai novértétu ne vien ieejas signalu un atjaunoto signalu korelaciju bet ari to komponensu
korelaciju, ieejas signals un atjaunotais signals tika sadaliti tos veidojosas komponent€s. Pé&c

sadaliSanas tika noverteta

ieejas signalu un atjaunoto signalu komponensu korelaciju. Signalu

dekompozicijai tika izmantota empiriska modas dekompozicija (EMD), kas piemérota nestacionaru
signalu apstradei. 8. zim&juma att€lota TEST2 atjaunota signala empiriskas modas dekompozicija
(EMD) pie N =9, ko veido 2 svarstibas un signala atlikums.
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8.ztm. TEST2 atjaunota signala empiriskas modas dekompozicija (EMD) pie N =9.

Signalu apstradei tika izmantota MatLab EMD programma rParabEmd . Aprékinot korelacijas
koeficientu signalu EMD dazadu etalonlimenu skaitam gan neadaptStiem, gan adapt€tiem
etalonlimeniem tika iegiitas sekojoSas korelacijas koeficientu veértibas, kas paraditas 3. un 4. tabula

Tabula 3. Korelacija starp testa signalu un atjaunoto signalu EMD dazadam etalonlimenu skaitam
N neadaptétiem etalonlimeniem

N TESTI1 TEST2
5 0.7543 0.4161*
7 0.8056 0.8567*
9 0.9957 0.8617*
13 0.9994 0.8478*
16 0.9995 0.9152

Tabula 4. Korelacija starp testa signalu un atjaunoto signalu EMD dazadam etalonlimenu skaitam

N adaptétiem etalonlimeniem
N TEST1 TEST2
5 0.9409 0.8351
7 0.9640 0.9026
9 0.9981 0.9996*
13 0.9999 0.9998
16 1.0000 0.9998

* norade ka korelacija nav aprékinata visam signalam.

Ka redzams pie maza etalonlimenu skaita N <9 korelacijas atskiribas EMD gadijuma ir daudz
uzskatamakas neka signalu gadijuma. Grafiskais tabulu 3 un 4 att€lojums ir paradits 9.zZim&juma

1
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9.zim. leejas signalu un atjaunoto signalu EMD korelacija
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Laika intervalu ciparoSanai var pielietot dazadus risinajumus. Tie atSkiras ar precizitati, shemas
risinajumiem u.c. parametriem. Sekojosa darba apskatits laika intervalu ciparoSanas risinajums,

pielietojot Greja skaititaju un aiztures liniju.

16



1.4. Laiks-cipars parveidotaja maketa apraksts

1. Takts impulsu
generators

.,
d
_

6. Signalu

generators

2]

skejawioy
nsindw) -/

skaititgjs

- 3. Skalu :
2. A|_z.t.urae P saagosanes > 4. Grejakoda
[nija
bloks

L?bit‘h» 5.Slediz «4—8bitr————
rRead CLK—
Write CLK—pp» 8 F.I Fo ——dati—p»

atmina
<Vadl‘bas |
signdli

9.LPT
interfeiss

1. zZim. Izveidota laiks-cipars parveidotaja blokshéma.

talakai apstradei.

1.4.1. Skalu izveidoSana un salagosana

2.

3.

Izveidota laiks-cipars parveidotaja maketa blokshéma ir attelota 1. zim. Atskaites pielikuma
ir dotas bloku logiskas shémas. Kopuma sistémas darbs sastav no trijiem posmiem: skalu
izveidoSana, datu nolase FIFO atmina impulsa pienakSanas momenta, datu nolase no FIFO datora

Takts impulss no takts impulsu generatora (1) vienlaicigi pienak uz aiztures linijas (2) un
skalu salagoSanas bloka ieejam (3). Rezultata aiztures linijas izejas veidojas 7 bitu preciza
skala, dalot katru pienakosu takts impulsu ar 7 aiztures elementiem.

No aiztures linijas vidgjas izejas (4. izeja) signals pienak uz salagoSanas bloka (3)
sinhronizacijas ieeju. Sis signals atbloke sinhronizacijas elementu ka rezultata nakamais
takts impulss no takts impulsu generatora (1), pienakot uz salagosanas bloka sinhronizacijas
elementa ieeju, tiek izlaists tam cauri.
Takts impulss no salagosanas bloka (3) pienak uz Greja koda skaititaju (4), ka rezultata uz
izejam tiek veidota 8 bitu rupja skala, kodéta Greja koda.
2. zim. ir paraditas precizas skalas 7 pozicijas (dl(1) — dI(7) ), 3 bitu Greja kods (G(d1) — G(d3) ),
kas tiek veidots, apstradajot nolasitus datus no aiztures linijas un divas jaunakas Greja koda
skaititaja pozicijas G(1) un G(2). Pateicoties salagosanas blokam, Greja koda jaunaka pozicija G1
sakas no aiztures Iinija vid€ja elementa (d4) vidus. 3. zim. ir att€lots skalu izveidoSanas un
salagoSanas rezultats. Pirmais signals ir aiztures Iinijas 2. pozicija (d2), 2 signals — 3. pozicija (d3),

3 signals — 4. pozicija, un 4 signals — Greja koda skaititaja jaunaka pozicija (G1).
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2. zim. Laiks-cipars parveidotaja skalas un to salagosana.
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3. zim. Skalu salagoSanas rezultats.

Lai parveidotu aiztures linijas pozicijas Greja koda ir jaievéro sekojoSo noteikumu: aiztures
linijas poziciju skaitam jabiit vienadam ar
m=2"-1 (D
kur m — aiztures Iinijas poziciju skaits un k — veidota Greja koda poziciju skaits.

Parveidot nolasitu vertibu no aiztures linija Greja koda var sekojosi. Pienemsim, ka tika nolasita
sekojosa vertiba : 0011111. (d6, d5..d0) Tad Greja koda (G3, G2, G1) pozicijas var noteikt sekojosi:

G1=d0 XOR d2 XOR d4 XOR d6 )
G2 =d1 XOR d5
G3=d3

Rezultata iegiisim vertibu — 111.

Precizas skalas izmantoSana dot acimredzamu priekSrocibu: laiks-cipars parveidotaja
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iz8kirtsp&ja klust vienada aiztures linijas viena elementa aizturei 7, . [zmantojot tikai Greja koda

skaititaju laiks-cipars parveidotaja izskirtsp€ja ir vienada ar takts impulsu periodu Tclk .St

prieksrociba ir deriga gadijumos kad :

Aiztures Iinija ir stabila un preciza. Ta ka miisu gadijuma aiztures Inija izmanto RC k&des,
pietiekamo stabilitati un precizitati sasniegt neizdevas.

Ar Greja koda skaititaju nevar sasniegt augstaku izskirtsp&ju. Aiztures Iinijas struktira
salidzinajuma ar Greja koda skaititaju ir vienkarSaka, bet izveidot stabilo aiztures elementu ir griiti
un daudz gritak (vai arT neiesp&jami) mainit aiztures lielumu laiks-cipars parveidotaja darba.
Tadgjadi nevar izmainit parveidotaja mériSanas diapazonu, gadijuma, kad, piem&ram, ir janomera
lielaks laika intervals ar ne tik augstu izskirtsp&ju. Bet Greja koda skaititaja merisanas diapazonu
var izmainit vienkarsi mainot takts impulsu frekvenci: palielinot frekvenci mériSanas diapazons
palielinas, bet precizitate samazinas un attiecigi samazinot frekvenci mériSanas diapazons
samazinas, bet precizitate palielinas.

1.4.2. Skalu stavok|u nolase atmina

Laiks-cipars parveidotaja test€Sanas laika par impulsu avotu kalpoja signalu generators (6)
(1.zim.) Takts signals pienak uz impulsu formétaju ieeju (7) un no signala tiek veidots 30-40 ns gars
impulss. Sis impulss pienak uz FIFO atminas (8) WCLK ieeju, un atkariba no slédza (5) stavok]a
tiek nolasits atmina aiztures linijas vai Greja koda skaititaja stavoklis. leraksta atlauja/aizliegums
(WEN) tiek vadits no datora caur LPT interfeisu (9). Tabula 1. att€lo darba gaita izvéleéto FIFO
atminas konfiguraciju:

Tabula 1. FIFO atminas konfiguracija

Izvads Nosaukums Stavoklis
79 PRS 0
77 LD 1
76 FWFT 0
73 oW 1
69 BE 0
68 1P 0
65 PFM 0
63 RM 0
60 RT 0
59 OE 0

6 IW 1
2 SEN 0

1.4.3. Datu nolase no atminas uz datoru.

Nolases procesu kontrol€ dators, izmantojot LPT interfeisu. Dators veido takts impulsus ar
periodu T = 1ms, kas pienak uz FIFO atminas nolases takts ieeju RCLK. Datu nolase no atminas
tiek atlauta/aizliegta no datora caur LPT interfeisu.
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1.5. Greja koda skaititaja un aiztures linija atseviSka testéSana
1.5.1. Greja koda skaititajs

Maksimala takts frekvence, ar kuru izveidotais skaititajs var stradat ir 20 MHz (periods
50ns), Testesanai tika izmantota takts impulsu frekvence 10 MHz (T = 100ns — skaititaja
iz8kirtsp&ja), jo impulsa garums ir apmeram 40-50 ns. TestéSanas gaita bija sekojosa. Tika mérits
jau precizi zinamais intervals starp diviem impulsiem. Signalu generatora pirma izeja bija
konfiguréta ka takts impulsu avots, un otra izeja — ka signala impulsu avots. Takts impulsi tika
padoti vienlaikus ar signala impulsiem. Rezultata pirma nolase vienmér ir bijusi vienada ar nulli.
Tatad laika intervals biis vienads ar

(n2—nl)-r 3)
kur n2 un nl ir otra un pirma impulsa pienakSanas momentu vertibas, un 7 - parveidotaja
izSkirtsp€ja.

Tabula 1. ir att€lots 5 intervalu meriSanas rezultats. Ir doti tikai otra signalu impulsa veértibas
(jo pirma impulsa vértiba visos gadijumos ir 0 ). Katrs intervals tika merits 3 reizes.

Tabula 2. Greja koda skaititaja nolasitas vertibas.

N.p.k Generéts laika Nolasitas vertibas no Greja koda skaititaja
intervals 1. reize 2. reize 3. reize
1 226ns 00000011 (3) 00000011 (3) 00000011 (3)
2 956ns 00001101 (13) 00001101 (13) 00001101 (13)
3 9.5us 01110000 (112) | 01110000 (112) | 01110000 (112)
4 13.3us 11000111 (199) | 11000111 (199) | 11000111 (199)
5 22.7us 10010010 (146) | 10010010 (146) | 10010010 (146)

Tabula 2 tiek aprékinati laika intervali un salidzinati ar etalona laika intervalu.

Tabula 3. Aprékinati intervali.

N.p.k | Generéts laika Decimalas vértibas Aprekinats Klada
intervals l.rez. | 2.rez. | 3. rez. intervals
1 226ns 2 2 2 200ns 226-200=26ns
2 956ns 9 9 9 900ns 56ns
3 9.57us 95 95 95 9,500 us 70ns
4 13.32us 133 133 133 13,300 us 20ns
5 22.71us 227 227 227 22,700 us 10ns

No tabulas 3 ir redzams, ka kltida neparsniedz veértibu 100ns — Greja koda skaititajs strada
pietiekami stabili.
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1.5.2. Aiztures linija

Aiztures linijas viena elementa aizture ir ~270ns (4.zZim.), tatad aiztures linijas izskirtsp&ja ir
vienada ar ~270ns. Eksperimentali tika noteikts, ka viena elementa aizture ir 268ns. Ta ka aiztures
linija ir izveidota no RC elementiem, viena elementa aizture ir diezgan nestabila. ST nestabilitate
neietekme dazas mikrosekundes garus laika intervalu mérijumus. Tomér, ka bus redzams atskaites
3. dala, mérot 100us un garakus laika intervalus, nestabilitates ietekme pieaug.

Tek  .JL i Trio’d M Pos: 0.000s CURSOR
¥ Type

Source

oy I 250ns
10-5ep=09 21:00

TDS 2024B - 16:07:45 2009.09.10.
4. att. Aiztures Itnijas viena elementa aiztures laika mérisana.

Uz 5. zim. ir shematiski att€lota laika intervala meriSanas biitiba ar aiztures liniju. Lai aprékinatu
takts impulsa periodu, kuru veiksmigi varétu sadalit 7 pozicijas, ir jasareizina viena aiztures

elementa vertibu ar 8. Tadgjadi nepiecieSamais takts impulsa periods ir 2.144us.
~268ns

> - ck=2144us, T=4288
l !

T M e R
|

d1 l—||—

5. zim. Laika intervala meriSana ar aiztures liniju.

Aiztures linija teste€Sanas gaita bija tada pati ka Greja koda skaititaja testeSanas laika. [zmainijas
tikai takts impulsa periods, kas $aja gadijuma ir vienads ar 2.144us. Tabula 4 satur nolasitas no
aiztures linijas vertibas katram laika intervalam, savukart tabula 5 satur aprékinatus laika intervalus
un mérisanas kladu.



Tabula 4. Nolasitas veértibas no aiztures linijas pie dazadiem laika intervaliem.

N.p.k, Generéts laika | Nolasiti stavokli no aiztures Iinijas
intervals elementiem
1. eksp. 2. eksp. 3.eksp.

1 268ns-271.9ns | 0000000 0000000 0000000
2 272ns 0000001 0000001 0000001
3 758ns 0000011 0000011 0000011
4 1.8us 0011111 0011111 0011111
5 1.86us 1111111 1111111 1111111

Tabula 5. Aprékinati laika intervali.

N.p.k, | Gen. laika int. | Greja kods/Decimalais kods Apr. laika Klada
1. reize 2. reize 3.reize intervals
1 268ns-271.9ns | 0/0 0/0 0/0 0 268-271.9 ns
2 272ns 1/1 1/1 1/1 268 4ns
3 758ns 3/2 3/2 3/2 536ns 222ns
4 1.45us 7/5 7/5 7/5 1.340us 110ns
5 1.92us 4/7 4/7 4/7 1.876us 44ns

Ka redzams kliida neparsniedz sist€mas izskirtsp&ju — 268ns.
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1.6. Laiks-cipars parveidotaja maketa testésana.

Laiks-cipars parveidotajs tika testets sekojosi. Tapat ka Greja koda skaititaja un aiztures
linijas testé$anas gadijuma par takts impulsa un par laika intervalu avotu kalpoja signalu generators.
Tika meérits laika intervals starp diviem impulsiem. Ta ka maketam ir tikai viena atmina, testéSanas
gaita bija sekojosa:

1) Ar slédza palidzibu vispirms atminas datu ieejam tika pieslégts Greja koda skaititajs.

2) Tad no signalu generatora tika padoti takts impulsi un registréjamie impulsi.

3) Impulsu registracijas rezultats tika nolasits no atminas.

4) Ar slédza palidzibu pie atminas datu ieejam tika pieslégta aiztures Inija

5) Tika atkartoti 2, 3 posmi.

6) Katram meritam laika intervalam bija atkartoti posmi no 1 Iidz 5.

Tabula 6 paraditi dazadu laika intervalu meriSanas rezultati. Ta ka pirma impulsa vertiba ir vienada
ar 0, tabula satur tikai otra impulsa vertibas pie dazadiem laika intervaliem.

Tabula 6. Laika-cipars parveidotaja testéSanas rezultats.
Takts impulsa frekvence = 2.144us.

N.p. Laika G.k. sk. A.linijas | Rezultats Greja | Decimala Aprek. Klada
k intervals vertiba vertiba koda vertiba laika int.
1 25.89 00001010 001 00001010001 97 25,996 106ns
2 35.12us 00011000 010 00011000010 131 35,108 12ns
3 87.23 00111100 100 00111100100 327 87,636 406ns
4 94.6us 00111010 011 00111010011 354 94,872 872ns
5 100 00111001 101 00111001101 374 100,232 232ns
6 123.56us 00100101 000 00100101000 463 124,084 524ns
7 167.7us 01101001 110 01101001110 628 168,304 396ns
8 203.56us 01110000 110 01110000110 763 204,484 924ns
9 287.80us 11000101 010 11000101010 1075 288,1 300ns
10 323,9us 11011100 110 11011100110 1211 324,548 648ns
11 | 402.15us 11100110 000 11100110000 1503 402,804 654ns
12 470,6us 10110110 001 10110110001 1758 471,144 544ns
13 545.1us 10000001 010 10000001010 2035 545,38 280ns

Laiks cipars parveidotaja stabilas darbibas gadijuma kliida nedrikst parsniegt aiztures Iinijas
viena elementa aiztures veértibu, kas miisu gadijuma ir vienada ar 268ns. Bet ta ka RC kéde dod

nestabilu aizturi, kliida gandriz visos gadijumos parsniedz 268ns robezu. Tomer aiztures linija dota
prieksrociba — sistemas izskirtspéja pie nemainigas takts impulsa frekvences palielinas, kaut ar1 ne
tik, cik bija teor€tiski aprékinats. Apskatisim tabulu 7, kura tiek apskatitas tikai Greja koda skaititaja

dazas vértibas. Saja gadijuma, lai no Greja koda skaititaja vértibam iegiitu laika intervalu, ir

jasareizina tos ar T,

=2.144us

Tabula 7. Greja koda skaititaja vertibu salidzinajums ar

sistémas kopé&ju rezultatu

N.p. Laika G.k.sk. Decimala Aprek. Klada g.k.sk. | Laiks-cipars
k intervals vertiba vertiba laika int. gadijuma parv. klida
1 25.89 00001010 12 25,728 162ns 106 ns
4 87.23 00111100 40 85,76 1,47us 406ns
5 100 00111001 46 98,624 1,376us 232ns
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9 287.80us 11000101 134 287,296 531ns 300ns
10 323,9us 11011100 151 323,744 156ns 648ns
12 470,6us 10110110 219 469,536 1,064us 544ns
13 545.1us 10000001 254 544,576 524ns 280ns

No tabulas 7 ir redzams, ka aiztures linijas izmantoSana palielina laiks-cipars parveidotaja
precizitati, bet tom&r reala merisanas kliida parsniedz teorétiski planotu robezu 268ns aiztures
linijas elementu nestabilitates dé]. Bet, ka redzams, Greja koda skaititajs strada stabili, un kltda
neparsniedz 2.144us robezu.
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2. Programmvadama radio (SDR) darbibas izpéte, ieskaitot
nevienmeérigas diskretizacijas un atbilstoSas signalu apstrades
izmantosanu.

SDR - software defined radio jeb programmvadams radio. Programmradio pamata ir ipaSa
aparatira, kas darbojas ka uztvergjs loti plasa frekvencu diapazona.Platjoslu RF signalu ciparosana
ir sarezgits process, ko var balstit uz :

1) RF signala spektra lejupparnesi:

a) nokonvertets signals tiek saciparots ar zemu diskretizacijas frekvenci,
b) frekvencu uzklasanas (d)efekta tiek izmantots ciparveida lejupparnesei.

2) ciparoSanu ar loti augstu diskretizacijas frekvenci (vairaki GHz), tacu atrdarbigiem ACP

iz8kirtsp&ja parasti ir ierobezota I1dz 6-8 bitiem. Loti liela datu plisma rada problémas to

parsiitit un apstradat.

3) Nevienmérigu diskretizaciju ar samazinatu datu plusmas apjomu un atbilstosu

signalapstradi.

Sistémas funkcionalitati var izmainit paris miniiSu laika, lejupieladgjot attiecigo
programmatiiru, neizmainot izmantotas iekartas struktiiru.

Kombing&jot programmradio un virtualo instrumentu tehnologijas, var atri prototipét datu
apstrades un mérisanas ierices, izmantojot atru interfeisu, datortehnikas jaudu un

programmnodros§inajuma sniegtas iesp&jas.

Izstradata prototipa blokshéma
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2.1. Datu saciparosanas veidi.

2.1.1. Regulara diskretizacija.

Regularas diskretizacija tika izmantota sakotngjas sist€émas testéSana. Datu savakSanas plate
atrodas analogais-ciparu parveidotajs (AD9254 ar 14 bitu izskirtsp&ju un 150 MSPS maksimalo
diskretizacijas frekvenci). HSMC (High Speed Mezzanine Connector) spraudnis tiek izmantots, lai
pieslégtu $o plati pie citam iekartam. Saja projekta datu savaksanas plate tick pieslégta pie Stratix II
GX plates ar PCI Express kopni.

Fig.1. Datu savaksanas plate.

Regulara diskretizacijas plate tika aizvietota ar neregularas diskretizacijas plati, tas zemas
frekvencu joslas caurlaides del.Péc klasiskas Naikvista teorijas maksimala signala frekvence bitu
75Mhz, kas ir vismaz desmit reizes zemaka par nepiecieSsamo. Tamdgel tika izv€l€ta neregulara
diskretizacija.

2.1.2. Neregulara diskretizacija.

Ar nevienmérigas diskretizacijas palidzibu ir iesp&ja apstradat plasaku frekvencu diapazonu
izmantojot zemu vidgjo diskretizacijas frekvenci. Tomér analogs-ciparu parveidotajam ir jabiit ar
plasu ieejas joslu. P&c iesp&amu risinajumu analizes tika izvélets ANALOG DEVICE firmas 12 bitu
analogs-ciparu parveidotajs 4D9433. ST mikroshéma lauj stradat frekvenéu diapazona lidz pat 750
Mhz. Ir japieverS uzmaniba, ka neskatoties uz tik plasu ieejas joslu Sim ACP diskretizacijas
frekvence ir ierobezota lidz 125 MHz. Tas nozime, ka lietojot klasisku vienmé&rigu diskretizaciju
biitu iesp&jams apstradat signalus, ieverojot Naikvista kriteriju, tikai Iidz 62 MHz. Nenoliedzami
butu iesp&ja lejupparnest spektru analoga veida, bet tad apstrade notiktu noteiktaja Sauraja
diapazona nevis pilna 750MHz josla. Tiesi tapéc, lai izvairitos no $1 ierobezojuma tika izmantota
nevienmeriga diskretizacija. Att€la 4.2 ir paradits nevienmérigas diskretizacijas realizacijas
blokshéma, kura tiek izmantots 669.3 MHz takts impulsu generators no firmas FORDAHL.
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4.2. att. Nevienmerigas diskretizacijas realizacijas bloksheéma

Augstfrekvences taktsimpulss (669 MHz) nonak uz dalitaju ar mainigo daliSanas koeficientu.
Sis dalitajs tiek vadits ar preido-gadijumskaitlu generatoru, kas nosaka, ka daliSanas koeficienta
maina notiks preido-gadijuma veida. Sis impulsa garums nav pietiekosi ilgs, lai ACP funkciongtu
pareizi. Sim konkrétam 4DC taktsimpulsa garumam ir jabit ne mazak par Sns. Sim nolikam
iegtitais taktsimpulss tiek pagarinats lidz garumam S5ns. Izmantojot iegtito taktsimpulsu nebiitu
iesp€jas realizet platjoslu signalu apstradi. Tapéc, Sis signals tiek padots uz aiztures liniju, kas
nobida vigu par 0.747 ns. Rezultata tiek ieglita loti maza starpiba starp originalo signalu un
nobidito. Abi Sie signali tiek padoti uz multipleksoru, kas vadas ar preido-gadijumskait]u
generatoru. Parslédzot multipleksoru notiek izvéle, kur§ no signaliem tiks padots uz ACP. Rezultata
ieglistam nolases kas atrodas uz nevienmériga rezga ar ekvivalento diskretizacijas frekvenci
1338.653 MHz. Tas dod iesp&ju apstradat signalus Iidz pat 669.326 MHz. Ir japatur prata, ka reali
vidgja frekvence ir ap 50 MHz kas padara shemtehnisko risinajumu ne tik sarezgitu ka tas biitu
izmantojot 1.3 GHz frekvenci.

1.49ns

R

il

LT

———{«5ns

1L

e
0.747ns

4.3. att. Nevienmerigas diskretizacijas realizacijas laika diagramma.
Pielikuma ir paradits VHDL programmas kods, ar kuru palidzibu ir realizéts pseido-random skaitlu
generators (rnd registrs). DLO-DL3 signali, kas mainas laika pseido-random veida, tiek padoti uz

skaititaju.
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2.2. PCl-e kopnes realizacija izmantojot Stratix Il GX Edition izstrades
plati

Lai nodroSinatu datu siitiSanu reala laika uz datoru, tika izvéléta PCI-e kopne, izmantojot
vienu diferencialo Iiniju var parraidit 250 MB/s, palielinot diferencialo Iiniju skaitu parraides
atrums proporcionali pieaug. Sim mérkim tika iegadata Alteras PCI-e Stratix I GX Edition
izstrades plate. Plates tehniska informacija ir atrodama www.altera.com majaslapa.

Fig.2. PCI Express interfeisa plate.

Izmantojot Quartus II vidé MegaWizard Plug-in Manager var nogenerét PCI Express kodola
pamatu. Tas ietver sevi nepiecieSamas sastavdalas, kas biitu nepiecieSamas, lai izveidotu savu
sisttmu. Detaliz&taku informaciju par So var atrast PCI Express Compiler User Guide. Modificgjot
nogeneréto VHDL kodu PCI Express kodolam var ielikt papildus funkcionalitati.

Example Design Simulation Top Level (<variation name>_example_pipenb)

Example Application Layer (altpcierd_sxample_app) PHY Support Module
(<wvariation name=_phy_support)

Master Module VCo Tx
(altpcierd_master) .
VCO0 Bx
Includes DMA, Memory
& Data Generator PCI Express MegaCore
Traffic Class to VC1 Tx Function Variation
Virtual Channel . mm—
Mapping VC1 Rx
Slave Module >

(altpcierd_slave)

Includes Memory &
Control Registers

Galvenais fails, kurs tiks modific€ts projekta gaita ir pex example top.vhd. Taja atrodas divi
svarigie moduli: MASTER, kas atbild par DMA datu apmainu un SLAVE, par parasto datu
parsitisanu.

SLAVE datu rakstiSanas/siitiSanas rezima tiek iesaistits CPU (centralais processors), tada
veida nevar tik panakts maksimalais datu sitiSanas atrums, So problému atrisina izmantojot
MASTER moduli, jeb DMA (Direct Memory Acess), CPU tiek iesaistits tikai DMA inicializacijas
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sakuma.
Lai izvairitos no datu pazusanas ACP diskretiz&tie dati nak uz FIFO atminu, kur tiek forméti
no 16 bitiem 64 bitos, to parada sekojoSs programmas kods:

process(hrstn, acp_clk in)
begin

if hrstn ='0' then
my req sm <= S0;
data64 out <= (others=>"'0");
data ready <='0';

elsif rising_edge(acp_clk in) then
case my req sm is

when SO =>
data ready <='"0';
data64 out(11 downto 0) <=acp_data;
data64 out(63 downto 12) <= (others =>'0");
my req sm <= Sl;

when S1 =>
data ready <="'0';
data64 out(27 downto 16) <= acp data;
my req sm <= S2;

when S2 =>
data ready <="'0';
data64 out(43 downto 32)<= acp data;
my req sm <= S3;

when S3 =>
data ready <="'1";
data64 out(59 downto 48) <= acp data;
my req sm <= S0;

end case;
end if;
end process;

FIFO atmina realizg arT citas funkcijas, tas ir, generé partraukumu (my_var ir pieslégts pie
app_int_sts), tad kad atmina ir aizpildijusies lidz pusei (par to atbild m_ wrusedw signals)

process(rstn, clk in)
begin

if rstn ='0' then
my var <='0";
my_ var_tmp <='0";

elsif rising_edge(clk_in) then
if m_wrusedw = "100000000000000" and tmp var ='0"' and my_ var tmp <='0' then
my var <='1";

elsift m_wrusedw = "100000000000000" and tmp var ='1' and my var tmp <='0' then
my var <='0";

my var tmp <='1";

elsif m_wrusedw = "100000000000001" and my var tmp ="'1' then

my_ var_tmp <='0";
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else

my_var <='0";
end if;
end if;
end process;

PCI-¢ kodols, kas tika realizéts Stratix II GX mikroshéma, var generét MSI (Message
signaled interrupts) un Legacy PCI partraukumus. FPGA mikroshémas programma, kura ir realizéts
$is kodols, ir atbilstosi izvadi, jeb signali, kas atbild par partraukumu realizaciju. Saja projekta gaita
tika izmantota Windows XP vide. Atskiriba no Linux un Windows Vista, §1 vide uztur tikai Legacy
PCI partraukums. Lidz ar to talak ies runa tieSi par So partraukumu izmantoSanu, kuri lauj
nodroSinat nepiecieSamu funkcionalitati.

Péc diskretizacijas dati nonak FIFO atmina, kuras apjoms ir ierobezots. Lai noveérstu datu
zudumus, pirms $1 atmina biitu aizpildita ir nepiecieSams parsiitit datus caur interfeisu uz datoru. Ta
atbrivojot atminu var turpinat ierakstit jaunus datus nepazaud€jot nevienu nolasi. Lielo un
nepartraukto datu plismu ilglaiciga parsutiSana no FIFO atminas uz datoratminu nav viegls
uzdevums. Tas prasa pareizi riipigi izveidot algoritmu, kas nodroSinas reala laika rezimu. TieSi §Sim
mérkim darba tika izmantoti partraukumi.

FIFO atmina ir karodzins, kas tiek noraustits, kad atmina ir aizpildita Iidz pusei (half-full
flag). Sis signals ir piesaistits pie partraukuma signala (app_int_sts). Tas nozime, ka noraustoties, §is
signals izsauks partraukuma pieprasijumu signalu. Datorprogramma nepartraukti gaida So signalu
un sanemot to, ta var sakt datu parsitiSanu caur kopni. Laika, kad notiek datu parsutiSana, ienakosie
dati turpina ierakstities FIFO atmina un lidz ar to dati netiek pazaudéti.

Pastav arT iesp&ja izmantot ta saucamo pieprasjjumu stavoklu registru (interrupt status
register - INTCSR) un tada veida realiz€t vairakus papildus iesp€jas. Pieméram, izveidot
pieprasTjumus ar augstaku vai zemaku prioritati. Saja registra, kurs tiek realizéts FPGA programma,
var ierakstit pieprasijuma numuru. Datora programma sanemot pieprasijuma signalu var nolasit §1
registra ierakstito veértibu un izpildit noteiktu darbibu. Ierakstot pieprasijumu stavokla registra citu
vertibu var izsaukt citu darbibu ta padarot programmatiiru daudz funkcionalaku.

PCI-E kodola INTCSR registrs ir realizéts saméra vienkar$a veida. Katru reizi, kad atnak
partraukums (kad FIFO atmina aizpildas lidz pusei un noraustas app_int sts signals) tiek ierakstita
vertiba BAR 0 registra adresé 0x04. Datora aplikacija sanemot pieprasijuma signalu nolasa St
registra vertibu un salidzina ar masku. Ja ta sakrit ar masku, tad pieprasijums tika apstiprinats un
INCSR registrs tiek notirits, t.i. taja ierakstita nulle. INCSR registra vértibas salidzinasana ar
masku ir nepiecieSams lai izveidotu vairaku prioritasu pieprasijumus. Tas nozime, ka atnakot
dazadiem partraukumiem tiks izpilditas dazadas darbibas.

2.3. Datu sidtisana izmantojot C aplikaciju

Draivera izveidei tikai pielietotas sekojoSas programmas:
- Microsoft Visual C++ 2008 Express edition (http://www.microsoft.com/express/vc/)
lietotaja aplikaciju izstradei
- Jungo Windriver
(http://www.jungo.com/st/windriver_usb_pci_driver_development_software.html)
PCl-¢ draivera izveidoana. Sis riks ari piedava lietotajam gatavas funkcijas, kuras
var lietot, lai sadarbotos ar iekartam, kas pieslégtas pie PCI vai PCI-e kopném.
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Programmatira tika izveidota Linux un Windows vidés. Tomér, Linux vid€ netika realiz&ti
partraukumu apstrade un DMA datu parraides reZims. Tas ir saistits ar to, ka funkcijas, kas atbild
par partraukumu apstradi un DMA datu parraides rezimu ir specifiskas katrai iekartai. Lai izveidotu
savu draiveru, kas uzturétu iepriekSminétas funkcijas tas prasa OS Linux vides padzilinatas
zinaSanas. L1dz ar to tika pielietots Windriver draiveru izstrades riks, kas uztur Stratix I GX ¢ipa
realizéto PCI-e interfeisu. Tas nozime, ka lietotajam ir pieejamas gatavas funkcijas (datu
parsiitiSana/sanemsana, partraukumu apstrade, DMA datu parraide, utt.).

2.3.1. C aplikacija, kas realizé SLAVE sutiSanu caur PCl-e kopni

Ieprieks bija minéts, ka ir divi veidi, ka var realizé€t datu parsiitiSanu no argjas plates uz
datoru caur PCI-e kopni. Pirmais veids (IO Memory access), iesaista datora centralo procesoru
(CPU) un lidz ar to nevar iegit maksimali iespg&jamo datu parsiitiSanas atrumu. Izmantojot
WINDRIVER funkecijas $is veids tiek realizéts loti vienkarsi. C kods izskatas sekojosi:

hDev = DeviceFindAndOpen (VENDOR_ID, DEVICE ID);

ALTERA WriteDword (hDev, BARO, 0x00, Data); // Datu ierakstiSana
ALTERA ReadDword (hDev, BARO, 0x00, Data); // Datu nolasiSana
DeviceClose(hDev, NULL);

, kur Data ir masivs ar datiem.

Lai realizétu lielaku datu parsiitiSanas atrumu tiek pielietos DMA (Direct Memory Access)
rezims. Sis rezims izveido kanalu starp datora operativo atminu un izveidotas iekartas atminu. Tada
veida ar€ja iekarta var veikt datu nolasiSanu un ierakstiSanu operativa atmina neatkarigi no
procesora(CPU). Lietojot DMA rezimu, datora procesors inicializ€ datu parsiitiSanu un pec tam var
veikt citas darbibas, kamér visi dati tiek parkopéti un tika sanemts partraukums no DMA
kontroliera, par to, ka dati tika parstiti. Tads reZims ir 1paSi nepiecieSams reala laika sisteému
izveidoSana.

2.3.2. C aplikacija, kas realizé MASTER (DMA) sitiSanu caur PCl-e
kopni

Lai izveidotu DMA parraides kanalu ir nepiecieSamas DMA kontrolieris, kas tika realizéts Stratix II
GX mikroshéma nodot vairakus parametrus. Talak tiek paraditi nepiecieSamie soli:

4. lerakstit PCI-e iekartas addresses registros 0x00 un 0x04;

5. Tlerakstit operativas atminas sakuma addressi registra 0x 14, kur tiks saglabati parsutitie dati,

6. Registra 0x08 ierakstit DMA operacijas garumu, t.i. cik liels apjoms tiks parsutits vai
nolasits;

7. Registra 0x0C tiek ierakstiti papildus parametri, detalizétaku informaciju var atrast PCI-e
Megacore dokumentacija. Ierakastot datus $aja registra sakas DMA kanala darbiba;

8. Lasot registra 0x0C progresa bita vértibu var notekt, kad DMA darbiba bis pabeigta.

Seit ir paradits C programmas kods:
hDev = DeviceFindAndOpen (VENDOR _ID, DEVICE ID);

ALTERA DMAOpen(hDev, &pDma->pBuf, dwOptions, 2048, &pDma->hDma);
ALTERA WriteReg32(hDev, 0x00, LowerAddr);
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ALTERA WriteReg32(hDev, 0x04, UpperAddr);

ALTERA WriteReg32(hDev, 0x14, hDma->pDma->pBuf);
ALTERA WriteReg32(hDev, 0x08, 10000*2048);

/* Start DMA Transfer */

ALTERA WriteReg32(hDma->hDev, 0x0c, flsRead ? 0x00 : 0x40);
DMAcomplete = ALTERA ReadReg32(hDev, 0x0c);

printf ("data: %d\n", data);

DeviceClose(hDev, NULL);
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2.3.3. C programma partraukumu apstradei.

C programma aplikacija partraukumu apstrade notiek sekojosa veida, kad iekarta genere
partraukumu (noraustas app_int_sts signas PCIE Megacore programma) ir nepiecieSams veikt
sekojoSas darbibas:

* nolasit INTCSR registra veértibu;

¢ salidzinat to ar masku;

* ierakstit nulli INTCSR registra (iztirit registru).

Zemak ir paradits programmas kods, kas veic §is darbibas:

DWORD VIRTEX5_IntEnable(WDC_DEVICE_HANDLE hDev,
VIRTEX5_INT_HANDLER funclntHandler)
{

#define NUM_TRANS_CMDS 3

/* #1: Read from the RegisterO register */
pAddrDesc = &pDev->pAddrDesc[AD_PCl_BARO];
trans[0] .dwPort = pAddrDesc->kptAddr + 0x04;
trans[0].cmdTrans = WDC_ADDR_IS MEM(pAddrDesc) ? RM_DWORD : RP_DWORD;

/* #2: Mask interrupt status from the RegisterO register */
trans[1l].cmdTrans = CMD_MASK;
trans[1].Data.Dword = 1;

/* #3: Write to the RegisterO register */
pAddrDesc = &pDev->pAddrDesc[AD_PCl_BARO];
trans[2] .dwPort = pAddrDesc->kptAddr + 0x04;
trans[2].cmdTrans = WDC_ADDR_IS MEM(pAddrDesc) ? WM_DWORD : WP_DWORD;
trans[2].Data.Dword = O;

/* Store the diag interrupt handler routine, which will be executed by
VIRTEX5_ IntHandler() when an interrupt is received */
pDevCtx->funcDiaglntHandler = funclntHandler;

/* Enable the interrupts */
dwStatus = WDC_IntEnable(hDev, &trans, NUM_TRANS CMDS, INTERRUPT_CMD_COPY,
VIRTEX5 IntHandler,

(PVOID)pDev, WDC_IS_KP(hDev));

2.3.4. Linux C aplikacija

Pielikuma ir paradita C programma, kas veic sekojoSas darbibas:
- atrod iekartu, kas pieslégta pie PCI-Express interfeisa;
- nolasa tas konfiguraciju;
- veic datu nolasiSanu;

Lai darbotos ar PCI-e interfeisu ir nepiecieSams uzstadit PCIUTILS un PCIUTILS-DEVEL rikus.
Sakara ar to, ka pietriika zinasanas un pieredze darba ar partraukumiem un DMA datu parsitiSanas
zem Linux vides, tika izveléta programmatira WINDRIVER(JUNGO), kas lauj saméra vienkarsi
veikt tas darbibas.
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2.3.5. Real - Time mode
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Pielikums

#include <stdio.h>

#include <pci/pci.h>

#include "/usr/include/linux/pci.h"

#define PCITAG struct pci_filter *

#include <sys/mman.h> /* PROT_READ etc.*/

int main (int argc, char *argv[])

{

struct pci_access *pacc;

struct pci_dev *dev;

struct pci_filter Itag;

struct pci_dev *d;

struct pci_dev *config_space = NULL; /* pointer to the PCI device that will be configered */
unsigned int c;

/* Check 10 permissions to be able to open /dev/mem */
if (iopl (3))

{

printf ("Cannot get I/O permissions (being root helps)\n");
return O;

}

pacc = pci_alloc();
pci_init(pacc);
pci_scan_bus(pacc);

for (dev = pacc->devices; dev; dev = dev->next)

{

pci_fill info(dev, PCI_FILL IDENT | PCI_FILL BASES);

/lc =pci_read byte(dev, PCI INTERRUPT PIN); /* Read config register directly */

}

dev = pacc->devices;
printf("Dev = %d\n", dev);
unsigned char *ptr;
while (dev !=NULL)
{
printf("[%d:%d:%d] VendorID: %04x DevicelD: %04x\n", dev->bus, dev->dev, dev->func, dev-
>vendor _id, dev->device id);
printf ("Class %X Revision %X ", pci_read word (dev, 0x0a), pci_read word (dev, 0x08));

if ((dev->vendor id != 0x1172) || (dev->device id != 0x0007))
dev = dev->next;
else

{

printf("\nAltera Development kit was found\n");
printf ("Vendor %X Device %X\n ", pci_read word (dev, 0x00), pci_read word (dev, 0x02));
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printf ("Command %X Status %X\n ", pci_read word (dev, 0x04), pci_read word (dev, 0x06));

int pos, len=4;

void *buf;

read(dev, pos, ptr, len);

printf("Pos=%d, Len=%d\n", pos, len);
printf("Size of buf=%d\n", sizeof(buf));
printf("Size of Cache=%d\n", sizeof(dev->cache));
printf("Size of Cache=%d\n", dev->cache len);
printf("Cache=%d\n", dev->cache);

u32 pci_mem_addr, pci_io_addr;
char *ptr_to pci_mem;

pci_mem_addr = pci_read long(dev, 0x10) & PCI BASE ADDRESS MEM_ MASK;
printf("\npci_mem_addr = %x\n", pci_mem_addr);

int fd = open("/dev/mem", 2);

printf( "fd_mem %d\n", fd);

#define PCI MEM_LEN (1<<10) /* This must be <= than the actual amount of PCI memory */
ptr_to_pci_mem = (char *) mmap(NULL, PCI MEM LEN, PROT READ|PROT_ WRITE,
MAP_SHARED, fd, (off t)pci mem addr);

printf("Memory pointer: %p\n", ptr_to_pci_mem);
printf("PCI memory @%#x\n", pci_mem_addr);
printf("PCI memory is :\n %x", *(ptr_to_pci_mem+0) );
printf(" %x", *(ptr_to_pci_mem-+1) );

munmap(ptr_to_pci_mem, PCI MEM_LEN);

break;

}
b

#define PCIIOC_BASE ('P'<<24'C'<<16|'T' << 8)
char path[128];
char buf[1024];
int fd;
FILE *fptr;
unsigned int bus, device, function, devfn;
unsigned int sbus=0, sdevfn=0, svend;
unsigned long bar, sbar =0;

/I char *ptr;
unsigned int *data;

ul6 ven, devv;

sprintf( path, "/proc/bus/pci/03/00.0");
printf( "path is :%s\n", path );
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fd = open("/proc/bus/pci/03/00.0", 0); // 0 - read only; 2 - read and write
if( fd == -1 ) perror( "Couldn't open device file" );

pread(fd, &ven, 2, PCI VENDOR ID);
pread(fd, &devv, 2, PCI_DEVICE ID);
printf( "ven is :%x\n", ven);

printf( "dev is :%x\n", devv);

u32 buf2;

Iseek(fd, 0x00, SEEK SET);
read(fd, buf2, 8);
printf( "size of buf2 :%d\n", sizeof(buf2));

ul6 bara;

pread(fd, &bara, 2, PCI BASE ADDRESS 0); // printf ("BARO %X\n ", pci_read_word(dev,
PCI_BASE ADDRESS 0));

printf( "bar is :%x\n", bara);

pread(fd, &bara, 2, PCI BASE ADDRESS 1);

printf( "bar is :%x\n", bara);

pread(fd, &bara, 2, PCI BASE ADDRESS 2);

printf( "bar is :%x\n", bara);

printf ("MEMORY LIMIT %X\n ", pci_read word (dev, PCI MEMORY _LIMIT));

close(fd);

pci_cleanup(pacc);
return O;

}
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3. Augstas jutibas signalu parveidoSana — metodes un
aparatura

3.1. Balansa komparatora shémas un konstrukcijas pilnveidosana.

Parskata perioda izstradati divi balansa komparatora varianti. Viens no variantiem ir jauns
shemotehnisks risinajums, kas atSkiras ar to, ka komparatora slieksnis nav atkarigs no signala avota
izejas pretestibas. Otrs variants atSkiras ar to, ka balansa komparators tieck mazak slogots ar
piesléguma k&deém — pie komparatora ieejas pienak tikai viena k&de, pa kuru, pielietojot originalu
shemotehnisku un konstruktivu risinajumu, komparatora ieejai tiek pievadits gan ieejas, gan
komkpensacijas signals, ka arT tiek nonemts komparatora nostradasanas signals. Rezultata palielinas
komparatora atrdarbiba, jo komparatora ieeja netiek noslogota ar piesléegumu k&zu parazitiskajam
kapacitatém, kas salidzinajuma ar komparatora ieejas kapacitati (miisu gadijuma ta ir tikai 0,8pF)
sastada visai butisku noslogojumu. Mingéto shemotehnisko un konstruktivo risinajumu autori
uzskata, ka butu jaapsver iesp&ja patenteét Sos risinagjumus, ka arT projekta iepriek$gja etapa
izstradato komparatora variantu ar atbalsta pretestibu, kas palielina komparatora stabilitati.

3.2. Efektivu transforméta laika signalapstrades metozu izstrade un
izpéte.
Adaptivas metodes funkcionali paplaSina parveidotaja iesp&jas, laujot registrét signalus plasaka
amplitidu diapazona. Tas it seviski svarigi ir parveidotaju pielietojumos superplatjoslas
radiolokacija, kur vienlaikus ar vajiem signaliem ir jaregistré loti spécigus signalus. Parskata
perioda ir izstradatas vairakas adaptivas metodes, kas balstas uz atskirigiem adaptacijas principiem:
1. Princips: adaptacijai izmanto informaciju, kas tiek iegiita signala mériSanas laika dotaja
signala fazes punkta.
2. Princips: adaptacijai izmanto informaciju, kas tika iegiita signala mérisanas ieprieksgja fazes
punkta.

Adaptiva statistiska metode.

Metode izmanto informaciju, kas iegiita signala mériSanas laika dotaja fazes punkta. Klasiskas
statistiskas metodes gadijuma signals tiek n reizes salidzinats ar slieksni un pé&c salidzinasSanas
rezultatu iegiiSanas signala pieaugumu dotaja signala fazes punkta procesors aprékina péc formulas:

o L 2nl +e(n))
Auy, =@ (p) =2 erf (=),
n
kur
n; -sliekdna parsniegsanas gadijumu skaits;
n <1 - modifikacijas koeficients;

+

en?) - speciali ievests koeficients, lai gadijumos, kad nt=nVal =0 funkcija erf( 2i _1)

3

neparverstos par “+” vai “-” bezgalibu.
Signala parveidojumu iegiist ka momentano veértibu merijjumu secibu:

Uy =Uy,y +Auy,
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- = e .. . _2n +e(n)) . o
Adaptivas metodes gadijuma funkcija gn',n)=n Ve P 1) tiek aizstata ar

sekojosu funkciju:

f(@)=2(q +ksign(q)q|),
kur q= (E - 1)5
n

k=kerf'(1-1/m)~1, _Inc—Ink
Ing, '

Parametri k;, Ccun ¢, tiek izvéleti ta lai panaktu dinamiska diapazona paplaSinasanos,

u
. . - W b _— 2
nesamazinot signala/troksna attiecibu 7, =——.
o
2
Visai labus rezultatus iegiist pie S$adiem nosacijumiem:
¢=0,01;

q,~0.6,

Lai izverteétu Sadi veidotas adaptivas metodes efektivitati ka parveidojamais signals tika izvelets
superplatjoslas radiolokacijas signala modelis — harmoniska monosvarstiba:
. 21,
u (t,)=A,sin—i,
nr
Parveidojuma kvalitate tika vértéta ka parveidojuma rezultata vidéja kvadratiska novirze no patiesas

signala vertibas:

1 1 &
an :_\/—Z(ub' _usi)2
Al

Ny iz
[lustracijai Zzim&uma (1) ir paradita ar troksni 0,=1 mask&tas monosvarstibas parveidojuma klida

atkarlba no monosvarstibas amplitiidas pie dazadam parametra k, vértibam. Salidzinajumam

zim&juma att€lota parveidojuma kluda, lietojot neadaptivo statistisko metodi (likne 1), adaptivo
metodi pie &, =2, (likne 2) un pie k,=3 (likne 3). Strobu skaits ajos eksperimentos bija n=25,

fazes punktu skaits uz monosvarstibas periodu #r =50
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Zim. 1. Parveidojuma rezultata kliida atkariba no signala amplitiidas: statistiska metode (Itknel);

adaptiva metode pie &, =2 (Iikne 2) un adaptiva metode pie &, =3 (likne 3).

Ka redzam no parveidojuma rezultatiem, adaptiva metode nodroSina ievérojamu dinamiska
diapazona paplasinajumu: Iiknei 1 minimums ir pie amplitiidas 4, = 8.5 Iiknei 2 — pie amplitiidas
A, =16 bet liknei 3 — pie 4, #18.5, Bez tam adaptivas metodes gadijuma §is minimums ir

zemaks neka parastajai statistiskajai metodei.

Uz iegiito rezultatu bazes var formulét sekojoSu talako pétijumu loku: kadai ir jabiit optimalajai

informacijas apstradei, lai pie uzdota mask&josa trokSna 0,, uzdota iztv€rumu (strobu) skaita #,

u
. e y . _ Uy .
fazes punktu skaita 7; un nepiecie$amas signala/trok$na attiecibas /1, = , iegltu maksimali
o
2

iesp&jamo dinamisko diapazonu.

Adaptiva s-metode.
ST metode izmanto informaciju, kas iegiita signala mérisanas laika iepriek$gja fazes punkta. Metode

izstradata uz klasiskas «up-and-down» metodes bazes. Saskana ar klasisko «up-and-down» metodi,
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signals #,(#) laika momenta ?; tiek salidzinats ar komparatora slieksni €, ;, kura lielums tiek
izmainits ar soli s saskana ar procediru:

e, =e,, +ssignu,(t;)—e.,).
P&c n salidzinaSanas operacijam ieglstam signala momentanas vertibas mérijjuma rezultatu ka

sliekdna pedgjo vértibu #,; =e€,,,. Sadi iegito momentano vértibu seciba veido laika transforméto

signalu %, .

Esam izstradajusi adaptivu «up-and-down» metodi, kas izmanto signala iepriek$gja fazes punkta
iegiito informaciju par strob&jama komparatora nostradasanas reizu skaitu. Saskana ar So metodi,
nakos$aja signala fazes punkta signals tiek mérits ar soli, ko pirms mériSanas iestada vienadu ar $adi

apréekinamu lielumu:

",

Sin :So(l+ko|q”
kur
q,, =2n; /n—1,

k, un B - adaptacijas koeficienti.

Zimg&juma 2. ir paradita parveidojuma rezultata kliida 0 , «up-and-down» metodes gadijuma (Ilikne
1) un ar adaptivo «up-and-down» metodi iegiita rezultata kliida (likne 2) pie $adiem nosacijumiem:
o,=1,n=25n,=50,5=0.05.) 5,=0.05,k,=6, 8=9 No iegiitiem rezultatiem redzams, ka

adaptiva metode nodrosina ievérojamu dinamiska diapazona paplasinajumu. Bez tam ar1 signala

parveidosanas minimala kliida ir biitiski mazaka neka klasiskas «up-and-down» metodes gadijuma.
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Zim. 2. Parveidojuma rezultata kliida atkariba no signala amplittidas: «up-and-down» metode (Itkne

1); adaptiva «up-and-down» metode (Iikne 2).

Adaptiva @ - metode.
S metode izmanto informaciju, kas iegita signala mérisanas laika iepriek$éja fazes punkta. Metode
izstradata uz klasiskas «up-and-down» metodes bazes. Saskana ar So metodi, slieksni nakosaja
signala fazes punkta iestada vienadu ar:

e =¢ +ale,—e.),
kur o >0 - adaptacijas koeficients.
Signala parveidoSanas kltida 0, pie dazadam @ veértibam paradita Zim&juma 3. No iegltiem
rezultatiem redzams, ka @ -metode, salidzinajuma ar klasisko «up-and-down» metodi, dod biitisku
dinamiska diapazona paplasinajumu. Savukart, salidzinajuma ar ieprieks apskatito s-metodi, & -
metode uzrada mazaku kladu o ;.

No visa augstak ilustréta redzams, ka adaptivo metozu joma pastav lielas iesp€jas uzlabot

signalapstradi un paveras plaSs petijumu lauks.
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Zim. 3. Parveidojuma rezultata kluda atkariba no signala amplitiidas: «up-and-down» metodes
gadijuma (Itkne 1) un adaptivas @ -metodes gadijuma pie dazadam koeficienta @ vérttbam: & =0,6

(Iikne 2); @ =0,8 (Iikne 3) un @ =1,0 (Iikne 4).

3. Signalu parveidotaja bazes bloka modernizacija
Stroboskopiska signalu parveidotaja (oscilografa) bazes bloka modernizacija tika veidota ka bloka
sasaiste ar datoru, nodro$inot bloka vadibu no datora. Sads tehniskais risinajums it seviski svarigs
ir parveidotaja pielietojumos superplatjoslas radiolokacija, kad parveidotajs no datora tiek gan
vadits, gan uz datora notiek informacijas papildapstrade un indikacija. Konkrétaja gadijuma
parveidotaju vada programmé&jams kontrolieris ATMEL ATMEGA 128.
Papildus iegiistamas iespgjas:

- Saglabat oscilogrammas (vai radiolokatora reflektogrammas) failos datora diskos to velakai
apstradei un att€losanai dazados griezumos;

- Uzkrat oscilogrammas parveidotaju vadosas programmas atmina to attéloSanai péc
vajadzibas un bez atkartotas oscilografésanas;

- Viduvét zinamu skaitu oscilogrammu troksna Iimena pazeminasanai;
- Pielietot to vai citu algoritmu oscilogrammas apstradei péc operatora izvéles;

- Attelot vairakas oscilogrammas vienlaikus.
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Lai parveidotaju varétu vadit ar datora palidzibu, ir nepiecieSama speciala programma, kura spgj
stradat Windows vid€ un kurai bitu lietotaja grafiskais interfeiss, kas nodroSina oscilografa vadibu
un darbibas rezultatu att€loSanu grafiska veida (skat. Zim. 1).

Zimg&juma ir paraditas galvenas oscilografa vadibas pogas:

1. Start, kura aktivizé dialogu ar operatoru, lai ievaditu interfeisa programma — oscilografs
parametrus

Stop, kas ir komanda programmas darba partraukSanai;
2. X-izvérse, kura aktivize dialogu ar operatoru horizontalas izveérses ievadiSanai oscilografa;

= pscilloscope_R a ﬁ ha

START | 5TOP | R | (ORI | Reistiat |

% - Mabide | Y -Mabide | e |

uu..é.... - Textd

. oscilloscope_R

Zim. 1 Lietotaja grafiskais interfeiss

3. X-nobide, kura aktivize dialogu ar operatoru horizontalas nobides ievadiSanai oscilografa;
4. Y-izverse, kura aktivize dialogu ar operatoru vertikalas izveérses ievadiSanai oscilografa;
5. Y-nobide, kura aktiviz€ dialogu ar operatoru vertikalas nobides ievadiSanai oscilografa;

6. Registret, kura aktivizé dialogu ar operatoru par oscilogrammu registréSanu datora diska faila;
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7. Stars, kura dod rikojumu oscilografam atrast staru;

8. Krasa, kura lauj izveleties ekrana riitinu krasu.

Vairakas no vadibas pogam atver jaunus dialoga logus. Riitinas 7ext programma izvada informaciju
par notiekoSo darbibu.

Secinajumi:

1. Izmantojot projekta ietvaros iegltos tehniskos risinajumus, ka ar1 signalapstrades
algoritmus, ir iesp&jams izgatavot signalu diskrétos stroboskopiskos parveidotajus ar jutibu 15mkV
(RMS). To apstiprina divi izgatavotie parveidotaju eksperimentalie paraugi, kas atSkiras ar dazadas
efektivitates signalapstrades algoritmiem.

2. Teorétiskie aprékini un parveidotaju datormodelésana rada, ka Sada tipa parveidotajos biitu
iespgjams sasniegt 10 GHz joslu (un pat vairak), ja strob&amo komparatoru izgatavotu SAF
mikroshémas veida, kas samazinatu shémas elementu geometriskos izmérus, parazitiskas
induktivitates un kapacitates.

3. Ir iztradatas jaunas efektivas signalapstrades metodes, kas samazina signala parveidoSanai
nepiecieSamo strobu (iztvérumu) skaitu un vairakkartigi paplasina parveidojamo signalu dinamisko
diapazonu. Tas it seviski svarigi ir tados parveidotaju pielietojumos ka superplatjoslas
radiolokacija, jo bitiski palielina lokatora atrdarbibu un lauj lidztekus ar loti vajiem signaliem,
neparslédzot diapazonu, registrét arT jaudigus signalus.

4. Ir iegiiti tr1s strob&jama komparatora tehniski uzlabojumi:

* Strob&jamais komparators ar atbalsta pretestibu — uzlabo komparatora stabilitati;

* Strob&jamais komparators, kura slieksnis nav atkarigs no signala avota izejas pretestibas;

* Komparators, kura shemotehniski konstruktivais risinajums mazak Sunt€ komparatora ieeju
un tada veida lauj pilnigak izmantot komparatora elektronisko elementu (konkrétaja
gadijuma tuneldiozu) atrdarbibu un ta rezultata parveidotaja frekvencu joslu.

Augstak minéto shemotehnisko risinajumu autori uzskata, ka biitu jaapsver iesp€ja Sos risinajumus
patentet.
Publikaciju saraksts:

1. V.Plocins. “Statistical Method of Signal — Noise Ratio Maximization”, “Electronics and
Electrical Engineering” - Kaunas: Technologija, Vol. 94, No. 6, 2009, pp. 3-8. (P&tijums saistits ar1
ar grantu 04-1127)

2. K.Kriimins, V.P&tersons, V.Plocins. Features of Implementation of the Modified “up-and-down”

Method”, “Electronics and Electrical Engineering” - Kaunas: Technologija, Vol. 93, No. 5, 2009,
pp. 51-54. (Petijums saistits arT ar grantu 04-1127)
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3. E. Beiners, K.Kruminsh. “Simulation and calculation of a balanced tunnel diode comparator”,
“AUTOMATIC CONTROL AND COMPUTER SCIENCES”, 2009, Vol.43, Issue 1, pp. 17-21.
(P&tfjums visa pilniba attiecas uz VPP)

4. E. Beiners, K.Kruminsh. “Simulation and calculation of an asymmetrical balanced tunnel diode
comparator”’, “AUTOMATIC CONTROL AND COMPUTER SCIENCES”, 2009, Vol.43, Issue 2,
pp. 109-112. (P&tijums visa pilniba attiecas uz VPP)

5. V.Karklinsh, K. Kruminsh. “Comparison of Signal Detection Methods under Conditions of
Discrete  Stroboscopic Transformation”, “AUTOMATIC CONTROL AND COMPUTER
SCIENCES”, 2009, Vol.43, Issue 5, pp. 227-232. (Pétijums saistits arT ar grantu 04-1127)

6. Tiek gatavota publikacija par adaptivajam metod&m.

Augstak minétos darbus veica:

Vad. Pétn., Dr.sc.comp. Karlis Krimips;
Vad. Pétn. Dr.sc.comp. Elmars Beiners;
Pétn., Dr.sc.comp. Valdis Karklins;
Asistents Vilnis P&tersons;

Progr. Tehn. Valdemars Plocins;

Inz. Madis Menke.
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4. Multi-sensoru bezvadu tikla izveide elektriska lauka
merijjumiem.

Ievads. Elektro parvades liniju diagnostika ir apgriitinosa, jo tai pa tieSo ar meriekartu nevar
pieslégt. Lidz ar to ir visai apgriitinata Iiniju disbalansa kontrole. Disbalansu rada nevienmeriga
noslodze pa fazém, kas ir svarigs parametrs. L1dz ar to nepiecieSama iekarta, ar kuras palidzibu var
nepiecieSami elektriska lauka sensori un parraides sist€éma, kas merijjumus parsititu uz datoru.
Turklat, lai rezultati biitu precizi nepiecieSami mérijumi vairakos punktos zem linijas, lidz ar to
parraides sist€mai jabiit realiz€tai ar bezvadu parraides sisteémas palidzibu, jo vairaku desmitu
sensoru datu savaksSana pa vadu sakariem ir neracionala. Sensori zem linijas jaizvieto vienada
attaluma lidzena vieta.

4.1. Bezvadu sensoru tikla risinajums.

Piedavatais risinajums ir izveidot sistému no savacéj-iekartas, kura pieslégta datoram ar USB uz
UART parveidotaju un septiniem elektriska lauka sensoriem, katram no tiem ir savs bezvadu
parraides modulis datu parraidei uz datoru (zim.1.1). Elektriska lauka sensori darbojas 'slave’'
rezima, tie gaida komandas no savacgjiekartas sakt lasit datus. Starta komanda kalpo ka
sinhronizacijas komanda vienlaicigi aktivizéjot ACP, tada veida realizgjot visu sensoru vienlaicigu
datu nolasiSanu. Visu sisteémas darbibu vada no datora ar izveidoto LabView virtualo instrumentu.
Virtuala instrumenta grafiskais lietotaja interfeiss nodroSina vadibas funkciju, ka art savakto datu
apstradi un att€losanu lietotajam.

Starta komanda sakt lasit datus tiek siitita atkartoti tikai pec attiecigas pogas nospieSanas uz grafiska
lietotaja interfeisa. Katra sensora nolasito datu bezvadu parsiitiSana uz savacgjiekartu tiek realizéta
pec laika daliSanas principa. Katram sensoram ir savs laika logs, kur§ paredz&ts mérijumu datu
parsiitiSanai. Sada pieeja atvieglo sensoru tikla parraides protokolu. Visi bezvadu moduli, kuri atbild
par parsttiSanu atrodas uz viena frekvencu kanala un izmanto vienu un to pasu adreses. Uzrakstita
programmatiira nodroSina desmit sensoru vienlaicigu pieslégumu savacgjiekartai. Parveidojot
programmnodro$inajumu un izstradajot citu savacgjiekartu iesp&jams palielinat sensoru skaitu lidz
divdesmit, kas biitu nepiecieSamais skaits.

]

Sensor ransmitter,

Sensor ransmitter,

Sensor ransmitter,

Sensor ransmitter, ] ‘
Receiver [JAR

Sensor —Transmitter|

i

Sensor —Transmitter|

Sensor ransmitter,

Zim.4.1 Piedavata risinajuma blokshéma.
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4.2 Elektriska lauka bezvadu sensors.

Elektriska lauka bezvadu sensors (zim.4.2) sastav no elektriska lauka sensora — kondensatora(divas
metala ripas), pastiprinataja, vadibas mikrokontroliera un raiduztvéréja nRF24L01. BaroSanai
izmantotas divas AA tipa baterijas. Ka redzams zZim&juma iespiedplates veidotas modulu veida, lai
varétu tas izmantot art citiem mérkiem un art lai vienkar$ak papildinat jau esoSo sensoru ar jaunu
moduli.

Analoga ieejas dala ir izmantots augstas ieejas pretestibas operacijpastiprinatas, kurs darbojas ka
buferpastiprinatajs starp augstomigo sensoru un zemomigo mikrokontrolierT integréto ACP.
Pastiprinatajs ir ar nemainamu pastiprinajuma koeficientu. Atkariba no mérama elektriska lauka
intensitates ir iesp&jams ar1 mainit sensora jutibu. To var panakt mainot pastiprinajuma koeficientu
mikrokontrolierT integrétajam operacijpastiprinatajam, kurs slégts kaskade ar sensora
buferpastiprinataju. Sadu jutibas mainas iesp&ja ir ieviesta, lai varétu mérit elektriska lauka intesitati
vairakos augstsprieguma liniju apakstiklos. Papildus analogaja dala ir izmantots no
mikrokontroliera ACP iegiita atbalsta sprieguma buferis, kurs atsaista mazlogojamo
mikrokontroliera ACP atbalsta spriegumu no sensora plates.

Atbalsta spriegums tiek summeéts ar sensora signalu, tada veida ACP pievaditais signals tiek
nobidits uz ACP dinamiska diapazona vidusdalu. Talak So signalu ir iesp&jams pastiprina/vajinat
mainot mikrokontrolierT integréto operacipastiprinataju diferenciala pastiprinataja sléguma
pastiprinajuma koeficientu.

Zim. 4.2 Elektriska lauka bezvadu sensors.

P&c analoga signala apstrades ciparu nolases tiek saglabatas mikrokontroliera atmina, kopa uzkrajot
96 nolases. ACP darbojas DMA rezima ar diskretizacijas frekvenci 1kHz. Péc diskretizacijas
sensors gaida savu laika intervalu lai nosttitu nolasitos datus uz savacgjiekartu. Nakosais etaps ir
datu pakeSu form&Sana un parsiitiSana pa bezvadu sakaru kanalu uz datoru. Raiduztveérgjs
nokonfiguréts reZima, kur datu pakas garums ir 32 baiti. Garums izvélets vadoties no kopé€ja
parstitama nolasu skaita. Pec tam, kad mikrokontrolieris pa SPI interfeisu nosiitijis mérijumu datus
uz nRF24L01 raiduztvérgja FIFO atminu, tiek aktivizeéta bezvadu parraide attiecigajam sensoram
attiecigaja laika momenta. Katram sensoram parraidei dots 3ms laika intervals, kas ir ar rezervi, ja
rodas kliidas parraidg, ka ar1 lai nodrosinatu, lai mikrokontrolieris pasp€j apstradat partraukumus.
P&c 3ms laika, kad dati nosutiti veiksmigi, katrs sensors gaida kamér visi pargjie nosiitis datus uz
savacgjiekartu. Tas kopa aiznem 30ms, p&c tam visi sensori tiek nokonfiguréti uztverSanas rezima
un gaida komandu no datora sakt lasit jaunus datus.
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Mikrokontrolieris nodros$ina raiduztvéréja konfigurésanu un vadibu. Konfiguracijas tiek

realizéta ar SPI interfeisa starpniecibu. SPI interfeiss darbojas ar 4AMHz frekvenci. Lai
nokonfigurétu raiduztveréju nepiecieSams sagatavot stitamo konfiguracijas paketi, ko veic
mikrokontrolieris. Konfiguracijas pakete ar1 nosaka to, kads bus parraides protokols(datu pakas
garums, parraides atrums, parraidita signala jauda, frekvencu kanals).

Zimgjuma 4.3 paradita sensora blokshéma. Galvenais nosacijums sensoru konstrukcijas veidoSana
no mehaniskas konstrukcijas viedokla, ja rodas nepiecieSamiba. Tapéc sensors salikts no
atseviSkiem moduliem. Svariga loma ir sensora svaram un izmériem, lai konstrukcija to atlautu erti
nostiprinat zem linijas. Miisu gadijuma sensori nostiprinati uz plastmasas caurulém 1,90m augstuma
no zemes.

[ Capacitato ]

N
spu.j|

| Transmitter

Senso

r

Z1m. 4.3 Elektriska lauka bezvadu sensora blokshéma.
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4.3 Savacéjiekarta.

Savacgjiekarta(zim 4.4) sastav no tris atseviSkam iespiedplatém, kuras savienotas kopa.
Iespiedplates izstradatas un izgatavotas Elektronikas un datorzinatpu instittita. Kontroliera
iespiedplate ir identiska sensora platei. Savienojums ar datoru nodroSinats izmantojot USB uz
UART parveidotaju. Savacgjiekartas uzdevums ir nodroSinat savienojumu ar datoru un sadarbibu ar
virtualo instrumentu, ka arT sensoru datu savakSanu un parsiitiSanu uz datoru.

Savacgjiekarta izmantots MSP430F2274 mikrokontrolieris ar 1k flash atminu un takts frkvenci
16MHz. Tas darbojas, ka vadibas logika raiduztvér&jam un vienlaikus ka datu savacg€js un datu
parsiititajs uz datoru pa UART. Sads risinajums izvéléts jo atvieglo sakotngjo programmatiiras
izstradi iekartas vadibai. VElak planots UART aizstat ar atraku interfeisu, lai varétu palielinat datu
plismas atrumu. Sobrid datu parraides atrums starp datoru un savacgjiekartu ir 9,6kb/s.

Par UART parveidotaju izmantots Texas Instruments MSPeZ430U, kurS ari kalpo ka
mikrokontroliera programmators. Savacgjiekartas blokshéma paradita 4.5 zZimgjuma.

Zim. 4.4 Savacgjiekarta.

Savacgjiekarta saglaba atmina visu septinu sensoru sanemtos datus, péc tam tos ka vienu datu
masivu nosiita uz datoru, kur talak datus apstrada izveidotais LabView virtualais instruments.
Svarigs parametrs ir atminas lielums, kas $aja gadijuma ar1 ierobezo sensoru skaitu.

]
=
( )
L _1  PCwith
Receiver LabView

software
Zim. 4.5 Savacgjiekartas blokshéma.
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4.4 Programmatiiras izstrade.

Mikrokontroliera programmas rakstitas C valoda izmantojot IAR Workbench. Sakuma tiek
nokonfiguréts kontrolieris un pa SPI interfeisu aizsiitita konfiguracija raiduztvérgjam nRF24L01.
Konfiguracijas pakete satur tadus uzstadijumus, ka raiduztvérgja parraidamas datu pakas garumes,
parraides atrums, frekvencu kanals u.c. P&c konfiguracijas raiduztvergjs iestajas attiecigaja rezZima
un gaida talakas komandas no kontroliera. 1. pielikuma un pievienotas sensora un 2. pielikuma
savacgjiekartas C valoda uzrakstitas programmas.

Sadarbiba ar sensoriem tiek nodroSinata izmantojot Labview programmesanas vidi. Labview
ir grafiska programmésanas valoda ar kuras palidzibu ir iesp&jams izveidot grafisko interfeisu
(logu) datu ievadiSanai un att€loSanu. Projekta Labview tiek izmantots sensoru skaita ievadiSanai,
ka ar1 sadarbibas porta ar raiditaju-uztvergju noradiSanai. [zmantojot grafisko logu (zim 4.6), tiek
atteloti no sensoriem sanemtie dati. Sanemot datus no sensoriem tie ir ASCII koda izpildijuma, kurs§
nav tiesi att€lojams, jo satur dazadus simbolus, kas nesniedz vizualu informaciju par spriegumu
augstsprieguma Iinija. [zmantojot Labview dati tiek parveidoti uz heksadecimalo ekvivalentu, kuru
ir iesp&jams attelot grafika veida un saglabat faila ka saprotamus lielumus. Projekta laika tika
izskatits variants So parveidojumu veikt, izmantojot MSP430xxxx mikrokontrolieri, nevis datoru.
Tacu izveidojot attiecigas programmas tika konstatets, ka nepiecieSama kontroliera atmina ir lielaka
par 1k , kas nozimé, ka lai realizétu sadu ideju, nepiecieSams izmantot citu kontrolieri. Pie tam datu
parveidoSana kontrolierT prasa zinamu laika resursu (jebkura darbiba kontrolierT izpildas vienas vai
vairaku (atkariba no darbibas sarezgitibas pakapes) takts laika), kas $aja gadijuma palielina no
kontrolieriem sagemtas informacijas nolasisanas laiku un apjomu (viens ASCII baits satur 2 HEX
baitus). Tadel ka optimals risinajums tika izvelets datu paveidosanu izmantojot personalo datoru.
No katra sensora sapemtais datu apjoms tiek apziméts ar unikalu simbolu, kas ir ietverta datu
pirmaja baita. Atpazistot So simbolu, ir zinams, no kura sensora dati tika sanemti. Sanemtos datus
iesp&jams saglabat 'txt' faila, kuru vélak apstrada ar matematiskajam metodém, iegtstot
augstsprieguma linijas sprieguma sadalijumu fazgs.

A (el (o] (] (e]

Zim. 4.6 Grafiskais lietotaja interfeiss.

51



4.6 Rezultati

Izveidota bezvadu datu parraides sistéma nodroSina mérijumu parraidi no sensoriem uz datoru.
Piedavata sist€ma pilniba izstradata Elektronikas un datorzinatgu instituta, kas ietver sevi
iespiedplasu izstradi, ka arT programmatiiru.

Ar izveidoto sistemu veikti me&rjjumi zem realas elektro parvades linijas. Sensoru skaits butiski
iespaido merijumu precizitati. NepiecieSams lielaks skaits sensoru, lai vienlaicigi veiktu merijjumus
vismaz 15 punktos zem Iinijas. Uz doto bridi sensoru skaits ir septini, kas ir par maz. Lidz ar to
nepiecieSams palielinat sensoru skaitu. Bezvadu sensori nodro$ina datu parraidi 40m attaluma, kas
ir pietiekosi veicot meérjjumus. Zemak paraditi eksperimentalie meérijjumi zem elektro parvades
linijas pie S€renes. Zila likne ir mérijumi, sarkana aproksimacija. Mérijjumi veikti parvietojot
sensorus un veicot jaunu mérijjumu, iemesls tam ir nepietickams sensoru skaits. L1dz ar to uz doto
bridi nav mérijumu, kuri biitu veikti vienlaicigi visos punktos.

Serenes 330KV linija
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5. Multimodalas biometrijas panémienu attistiba izmantojot
redzamo un infrasarkano attélu apstradi.

ST etapa ietvaros tika izstradati vairaki attélu iegiidanas panémieni cilvéka biometrijas datu
registréSanai, ka ari attistitas att€lu apstrades metodikas, kas lauj no iegitajiem att€liem izdalit
nepiecieSamos biometrijas datus.

Darbs, galvenokart, tika veikts $ados virzienos:

9. Plaukstas biometrija
j. Plaukstas attelu iegtiSana

xi.  Izveidota eksperimentala attélu ieguisanas sistema;
xii. Noverteta iegiito attélu kvalitate pie dazdadam sistémas konfiguracijam, un
izvéléta labaka™;
xiii. Izveidota attelu iegiiSanas sistema ar paralélas programméjamas logikas
(FPGA) attistibas riku palidzibu.

n. Plaukstas attelu apstrade

xv.  leprieks izveidota 2D kompleksa salagota filtra teorétiska baze tika pamatota
un pieradita, veicot eksperimentus ar testa attéliem. Rezultati publiceti**;
xvi. Halo efekta nonémsanai ir uzlabots 2D kompleksa filtra algoritms;
xvii. Realizéts Furjé deskriptoru iegiisanas algoritms plaukstas geometrijas
analizei.

18. Sejas biometrija
s. Sejas attela iegliSana

xx.  Izveidots CMOS sejas attélu iegusanas modulis,
xxi. Izveidots sejas atpazisanas sistemas makets,
xxii. Sastadita DSP programma sejas attélu iegisanai.

w. Sejas atpaziSana

xxiv.  Realizéts sejas detektesanas algoritms izmantojot Hausdorfa attalumu;
xxv. Realizets Eigenfaces algoritms seju atpazisanai,
xxvi. Algoritmi realizéti DSP sistema.

*Veikti eksperimenti infrasarkano att€lu iegiiSanai dazados vilpa garumos, izmantojot dazadas
metodes. legltie eksperimentalie rezultati sagatavoti un iesniegti publicéSanai:

R.Fuksis, M.Greitans, O.Nikisins, M.Pudzs ,,Infrared Imaging System for Analysis of Blood Vessel
Structure” starptautiska konference ELECTRONICS 2010 (Lietuva).

**Rezultati par komplekso 2D salagoto filtru apkopoti publikacija un zinots starptautiskaja
konference:

R.Fuksis, M.Greitans, M.Pudzs, “Object Analysis in Images Using Complex 2D Matched Filters”,
Proceedings of IEEE Region 8 EUROCON 2009 Conference, May 2009, Saint-Petersburg, Russia,

pp. 1394 —1399.
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5.1. Biometrijas sistémas

Uzticama identitates noteikSanas sist€ma ir loti svariga dazadu darbibu veikSanai, pieméram,
iekltisanai €kas, finansialu darbibu veiksanai, robezu skérsoSanai u.c. Pasreiz lietotajam metodém —
parolém, ID kart€ém, pasém u.c. Ir triikumi — paroles var aizmirst, karti vai pasi var nozaudét, vai
nozagt, tadel rodas nepiecieSamiba pec drosas biometrijas ierices, kas spés identificét cilvéku péc ta
biologiskajam ipasibam. Protams, ari biometrijas metodes iesp&jams viltot, pieméram, pirkstu
nospiedumus.

Misu piedavajums ir izmantot cilveku plaukstas biometrijas datus, lai parliecinatos par
personu identitati. Ka ar7 veiktie petijumi sejas atpaziSanas joma apstiprina, ka izmantojot cilvéka
sejas parametrus més varam iegiit droSu biometrijas sisteému.

5.2. Plaukstas biometrija

Cilveka plauksta satur daudz informacijas, kas biitu noderiga personu identifikacijai. Pirmaja
acu skata mé€s varam pamanit tikai plaukstas formu un rievas, kas atrodas uz plaukstas pamatnes,
tacu pielietojot modernus att€lveidoSanas pan€mienus un iegistot att€lus infrasarkanaja diapazona
meés varam ar1 iegiit plaukstas asinsvadu izvietojuma att€lu. Tada veida plauksta sniedz informaciju
par tris dazadiem biometrijas parametriem.

Asinis transporté skabekli ar hemoglobina palidzibu, kas tajas atrodas; Hemoglobins klust
piesatinats ar skabekli, kad tam pievienojas skabeklis no plausam. Tas klust nepiesatinats, kad tiek
izmantots kermena asinsvados. Art€rijas satur skabekla piesatinatu hemoglobinu, bet vénas,
asinsvadi skabekla nepiesatinatu hemoglobinu.

Divu veidu hemoglobinam ir dazadi absorbcijas spektri. Skabekla nepiesatinats hemoglobins
seviski labi absorbé gaismu ar vilpa garumu ap 760 nm, tuvo infrasarkano staru apgabala. Kad tiek
uznemts plaukstas atteéls izmantojot tuvo infrasarkano starojumu, asinsvadi biis tums$aki par
apkart&jo plaukstas dalu, jo tikai asinsvadi absorbe Sos starus. Artérijas ir dzilak, tapéc tas praktiski
nevar redzet.

Tiek lietotas divas asinsvadu atteélveidoSanas metodes: atstaro$anas un parraides metode.
AtstaroSanas metod€ plauksta tiek apgaismota no apaksas, bet parraides metodé plaukstu apgaismo
no aizmugures, sana vai virsmas ap to.

AtstaroSanas metod€ izstarojoSais gaismas avots un uztverosa ierice var tikt apvienoti, jo
virziens kada notiek izstaroSana un atstaroSana ir vienads. Tomér parraides metode ierices jalieto
atseviski, jo mainas izstaro$anas un uztverSanas ieric¢u novietojums.

5.3. Plaukstas attéla iegiiSanas sistéma

Tika izveidota  eksperimentala  att€lu
iegliSanas sisttma redzamaja un infrasarkanaja
gaisma. Sistémas pamata ir kamera ar spektralo
jutibu infrasarkanaja diapazona, infrasarkano I1&cu
un infrasarkanajam diodém (5.1. zZim.).

5.1. zim. Kameras makets
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Lai salidzinatu att€lu kvalitati un to ka asinsvadi tiek uznemti pie dazadiem vilpa garumiem, tika
izveidots specials stativs plaukstas novietosanai virs kameras (5.2. zim). Rezultata tika iegiiti 10
plaukstas asinsvadu izvietojuma attéli, pie katra infrasarkana apgaismojuma vilpa garuma.

r"l /
5.2. zZim. Eksperimentala att€lu iegiiSanas sist€éma ar plaukstas stativu

Pec att€lu iegiiSanas, kamera tos nosiita uz datoru caur USB datu savakSanas terminalu.
Nakamais solis ietver att€lu apstradi, kas tiek veikta MATLAB vide.
Tika salidzinati atstaroSanas un parraides metozu rezultati sava starpa.

5.4. Attélu kvalitates novértésana sistémas parametru izvélei

Ir vairaki veidi ka novértét att€lu kvalitati, pieméram, p&c histogrammas. Tacu parastas
novertéSanas metodes miisu gadijuma nedod pietiekamu informaciju, lai secinatu pie kura
infrasarkana vilpa garuma tiek iegtti labakie atteli.

Att€lu iegiiSanas sist€émas galvenais uzdevums ir iegiit pec iesp&jas kvalitativakus plaukstas
asinsvadu att€lus, kas nozimeé vairak asinsvadu un mazak trokSna. Tadel tiek ieviesti divi parametri,
kas nosaka sisteémas efektivitati:

1. Detektgjamo asinsvadu skaits: n,
nS
2. Tiribas pakape: P=
n +ny

kur ny — dektéjamo troksnu skaits.

Salidzinot iegiitos att€lus ir griiti izverte€t abus parametrus vienlaicigi, tad€] tiek apskatits to
reizinajums, kas tiek nosaukts par efektivitates vertibu:

2

n
E (T)=P-n =—"5
7 () 5 ng+n,

Efektivitates vertiba ir atkariga no apstrades procesa izmantotas sliekSpa vertibas T: pie
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augstakam sliekSna veértibam biis mazak trokSnu, ka ar1 mazak detektéto asinsvadu, kas nav
pietickami personu identific€Sanai; turpretim, pie zemakam sliekSna vértibam detekt€to asinsvadu
skaits pieaug, bet pieaug ari traucgjoso objektu skaits, kas nav droSi atpaziSanai. Piedavatais
efektivitates raditajs ir panémiens ka atrast optimalo sliekSpa vértibu un péc tas maksimuma
vertibas savstarp€ji noverteét uznémtos attelus.

legitais plaukstas att€ls pirms apstrades ir redzams5.3. zZim:

=g

5.3. zZim. Plaukstas attéls pirms apstrades

Veicot 2D salagoto filtraciju ar Gausa filtra masku, tiek iegtits asinsvadu attéls, tacu ka
redzam5.4. zZim., tas satur daudz troksnus, kurus ir iespgjams no attéla izslegt.

5.4. zZim. Plaukstas attéls pec 2D
salagotas filtracijas ar Gausa masku

Lai atvieglotu talako att€la segmentéSanu tiek veikta sliekSnoperacija, 20% no maksimalas
intensitates vertibas. Nosakot operacijas sliek$pa vertibu, visi objekti ar intensitati zemaku par
sliekSna vertibu tiek atmesti, bet par€jie atstati. Att€ls pec sliekSnoperacijas ir redzams 5.5.
ZImegjuma.
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5.5. zZim. Attels p&c sliekSnoperacijas

Algortms sadala att€lu segmentos, meklgjot liniju fragmentus. Katra segmenta maksimala
intensitates vertiba tiek saglabata — ta nosaka maksimalo sliek$na vertibu, lai segments tiktu
detektets. Attiecigi, ja sliekSna [imenis biis augstaks par saglabato sliekSna vértibu, tad segments
netiks detektéts. Sis iegiitas vértibas lauj saskaitit segmentu skaitus pie dazadam slick$na vértibam.
Talak tika izveidota maska, kas pusautomatiska rezima sadala segmentus divas kopas: pirmaja kopa
tiek ietverti tie segmenti, kas pieder asinsvadiem, otra — tie, kas detekteti ka troksnis. Rezultata tiek
iegiits grafiks, kurs att€lo objektu skaitu un efektivitates vertibu atkariba no sliekspa vértibas T (5.6.
Zim.):

n Otyektu skaits

[ ] Io
I
E:jﬂ".l:j

3 35 4 45 &5 55 B b5
Ef Efektivitates vErtiba
p 3.2

I: 1 L 1 L 1 L ]
3 35 4 45 &5 55 B BA

T

5.6. zim. Segmentu skaits un efektivitates
vertibas pie dazadam sliekS$pa vertibam

Pirmaja grafika redzams objektu skaits: peléka Iinija att€lo detekt&tos asinsvadu segmentus un
melna Iinija parada detektetos trokSnu segmentus. Otrais grafiks parada ka izmainas efektivitates
vertiba, atkariba no detekteto objektu skaita — tai ir noteikts maksimums, kas arT nosaka optimalo
slieksna vertibu. Katrs iegutais att€ls tika novertéts, izmantojot minéto efektivitates maksimalo
vertibu. Veicot eksperimentus pie vairakiem infrasarkana starojuma vilna garumiem, Sie
noverteéjumi izradijas dazadi.

Att€lu novertesanas rezultati tika apkopoti 5.7. zZim:
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13 AtstaroZanas metode
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5.7. zim. Eksperimentalie rezultati atstaroSanas metodei

Ka redzams, no eksperimentalo rezultatu grafika, vislabakos att€lus iesp&jams iegiit pie sist€mas
konfiguracijas, kad tiek izmantotas 760nm infrasarkanas gaismas diodes ar 760nm=+10nm
infrasarkanas gaismas optisko joslas filtru. Tiesi §adi sist€mas konfiguracijas parametri tika
uzstaditi, lai iegiitu vairaku cilvéku plaukstas asinsvadu izvietojuma zZim&jumus talakai att€lu
apstrades panémienu attistiSanai.

5.5. Attélu iegusanas sistéma, izmantojot FPGA

P&c optimalo sisteémas parametru izvéles, darbs tika veikts automatizetas sistémas radiSanai — lai ar
vienas kameras palidzibu atri (automatiskaja rezima) iegut plaukstas att€lus gan infrasarkanaja
gaisma, gan redzamaja. legitie attéli sniedz informaciju par plaukstas geometriju (gan atpaziSanai,
gan arf lai parliecinatos, ka sisteémai bija uzradita plauksta, nevis viltots asinsvadu zZzim&jums),
asinsvadiem un rievam.

FPGA paraléli lauj gan uznemt att€lus, gan ar veikt to apstradi ar nepiecieSamiem filtriem.

e
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Bija izveidots att€lu iegiiSanas sist€mas prototips, ko var redzet att€la (5.8.). ST ierice izmanto savu
attelu sensoru un taja esoSais FPGA var ar1 aizvietot sensoram nepiecieSamas palaiSanas un
konfiguréSanas mikroshémas, kas samazina nepiecieSamu detalu skaitu.

5.5. Kompleksais 2D salagotais filtrs asinsvadu izdalisanai

Salagota filtracija ir visefektivakais veids ka izdalit vajadzigo signalu uz trokSna fona — tas ir
pieradits matematiski. Tacu veicot 2D salagotu filtraciju, atskiriba no 1D gadijuma (piem&ram, laika
funkcijam) — filtra masku ir iesp&jams ari rotét. Pie katra maskas lenka filtrs izdalis tikai tas detalas
(asinsvadus), kas biis ko-orientetas ar to. Jo vairak lenku tiek izvel€ti, jo precizaka ir izdaliSana,
taCu arf lielaks operaciju skaits. Attela redzami filtracijas rezultati 8 lenkiem:

5.9. zim. Salagotas filtracijas rezultati pie 8 maskas lenkiem

Rodas jautajums: ka péc tam Sos rezultatus apstradat? Tradicionala salagota filtracija paredz
rezultatu apvienoSanu, némot maksimalas filtra reakciju vertibas — tad€jadi “savacot” kopa visas
reakcijas. Tacu asinsvadu izdaliSana mis interesé tikai skaidri orient€ti liniju fragmenti.

Bija pamanits ka $ados gadijumos filtra reakcijas biis vairak izteiktas tiesi asinsvada virziena.
Objektiem, kuri nav Iidzigi Iinijam (trokSniem), reakcijas biis ar haotisku raksturu, vai visos
virzienos aptuveni vienadas. Filtra ideja bija pieskirt reakcijam orientaciju, vienadu ar maskas
dubultotu lenki, parvérsot tas par kompleksiem vektoriem; saskaitit kopa un samazinat lenki. Sos
procesus apraksta sekojosas formulas:

E(xy,30)= 2| € [ [ £0r,)- M(x,, 5%, y;0) - dxcly
P D
E(xmyo)zc(xo:yo)’ejzw — V(xmyo):c(xmyo)'ejw

Visus procesus, iznemot pédgjo, linearitates dél izdevas apvienot kopa — viena filtra maska. Sads
filtrs tika nosaukts par Komplekso 2D Salagoto Filtru. Sis filtrs ir sp&jigs izdalit asinsvadus ar vienu
filtraciju (isteniba divas — realo un imaginaro maskas dalu), bet tam piemit lenka izskirSanas sp&ja,
kas ir labaka par augstak aprakstitiem 8 lepkiem. Pie tam, filtracijas rezultats ir nevis skalaras
vertibas, bet vektori (korelacijas vektori), kas nosaka ne tikai asinsvadu intensitati, bet art
orientaciju, kas palidz attéla segmenteSanas procesa.

Kompleksais 2D salagotais filtrs bija veiksmigi prezentéts starptautiskaja Eurocon 2009 konference
Sanktpéterbuga, Krievija.
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Ar So filtru iegiitie korelacijas vektori ir I1dzigi ipaSvektoriem, ko iegiist ar Hessian matricas
palidzibu.

5.6. Kompleksais 2D salagotais filtrs bez Halo efekta

Kompleksam 2D salagotam filtram piemit nevélama paSiba radit ta saukto Halo efektu ap
izdalitiem objektiem.

3 N
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| "ﬂ! N\
5.10. zim. Halo efekta piemers

Ar1 Hessian Matricas panémiens rada Iidzigo efektu — apkartn€ ap izdalitiem asinsvadiem (Halo
apgabalos) veidojas “makoni” ar perpendikulari orient€tiem korelacijas vektoriem.
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5.11. zim. Korelacijas vektori un Hessian matricas 1pasvektori — izdalitais asinsvads pa vidu, un
Halo apgabals sanos

Bija izpétits kapéc kompleksais filtrs ta reagg. Izradijas, ka izmantojot bipolaru masku (paradita
att€la) ir iesp&jams izvairities no $ada efekta, ko, piemeéram, nesp&j Hessian matricas panémiens.

60



Bipolara maska —

"+ Maskas uzklasanas

. aukums (Halo apgabala)
(asinsvads) .

5.12. zim. Bipolara salagota filtra maska un negativo reakciju veidosanas Halo apgabala

Sada filtra maska rada negativas reakcijas asinsvada virziena Halo apgabala, kas dubultotiem
lenkiem ir ekvivalents pozitivam filtra reakcijam perpendikulari asinsvadam. Piemerojot vienkarsu
taisngrieSanu (negativo reakciju atmesSanu) izdevas pilniba izvairities no Halo efekta.

5.13. zim. Kompleksais 2D salagotais filtrs ar un bez Halo efekta

Sads panémiens ir bitisks filtra kvalitates uzlabojums, tadu uz atruma rékina — filtracija ir javeic
atkal pie katra maskas lenka.

Kompleksais 2D salagotais filtrs bez Halo efekta lauj efektivi apstradat iegiitos infrasarkanos
asinsvadu att€lus. Filtrs izdala tikai [inijam lidzigas detalas, ko var redzet att€los:

5.14. zim. Realais att€ls un 2D kompleksa salagota filtra reakcija (bez Halo efekta)
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Pateicoties kompleksiem korelacijas vektoriem, attelu ir iesp&jams viegli segment€t un biometrisko
atpaziSanu veikt péc personas plaukstas asinsvadu tikla sazarojumu punktu koordinatém, kas ir
rotacijas un merogosanas invariants salidzinasanas veids. Pie tam, sazarojuma punktu koordinasu
glabasana datubazg ir efektiva no izmantojamas atminas apjoma viedokla.

5.7. Plaukstas geometrijas analize ar Furjé deskriptoriem

Tika realiz€ts plaukstas geometrijas izdaliSanas un optimizacijas algoritms, kas balstas uz Furjé
deskriptoru metodes. Sada algoritma izveidoganai ir licla nozime datu glabasanas procesa. Tas dod
iesp&ju neglabat visu plaukstas att€lu, bet gan tikai nelielu dalu koeficientu, kas apraksta konkré&to
plaukstas geometriju. Veiktie eksperimenti pierada, ka iegiistot plaukstas att€lu un izdalot ta
kontiiru, m&s to varam aprakstit ar Furjé deskriptoriem. legiitie Furj€ koeficienti parasti ir loti
daudz, tacu eksperimentu rezultata izradijas, ka plaukstas formu iesp&jams atjaunot bez nozimigiem
kroplojumiem, ja m&s atstajam tikai 10% no visiem aprékinatajiem Furjé koeficientiem.
Eksperimentu rezultati ir paraditi 1.3.5.15. Zzim&juma:

5.15. zim. No kreisas, originalais attéls, 10% Furj€ koeficientu, 4% un 1%.

5.8. Sejas detektésanas un atpaziSanas sistéma

Viens no svarigakajiem biometriskiem parametriem ir cilvéka seja. Saja projekta tika veikti
plasi pétijumi sejas atpaziSanas joma, kuru merkis ir portativas, energoefektivas, datorneatkarigas
biometrijas atpaziSanas sist€émas izveidoSana.

Sadas sistémas izveido$ana ir multidisciplinars uzdevums, kuru atrisinaganas procesu var sadalit
sekojoSos posmos:

- sejas apstrades un atpazisanas algoritmu izveidoSana

- algoritmu realizacija un test€Sana datora

- datorneatkarigas, reala laika signalu apstrades sisteémas izvéleésana (DSP sist€éma)

- attelu iegtiSanas bloka izveidoSana

- att€lu apstrades un atpaziSanas algoritmu implementacija DSP sistéma

- uz DSP bazetas s€jas atpaziSanas sist€mas testéSana
Sejas atpaziSana miisu gadijuma tiek balstita uz diviem algoritmiem: uz Hausdorfa attaluma
bazetais sejas detekt€Sanas algoritms un ,,Eigenface” jeb ,,ipaSseju” sejas atpaziSanas algoritms.
Isuma Hausdorfa sejas detekteSanas algoritmu var aprakstit sekojosi:
Sejas attels (sejas modelis) tiek parvietots divas dimensijas gar pétamo attélu ar noteiktu soli. Katra
parvietoSanas punkta tiek aprékinats Hausdorfa attalums starp sejas modeli un atbilstoSo attéla dalu.
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Hausdorfa attaluma minimums nosaka vislielako sakritibu starp sejas modeli un pétama attéla dalu,

citiem vardiem, sejas atraSanas vietu attéla.

T T
Hausdorff distance

5.16. zim. Sejas modela A parvietoSana gar att€lu B horizontalaja virziena

»Eigenface” sejas atpaziSanas algoritms balstas uz ,,Principialo komponensu analizes” panémieniem
un jaunas sejas salidzinasanu ar seju datu bazi. Algoritma darbibas rezultata tiek izrekinats Eiklida
attalums starp jauno seju un katru seju no datu bazes. Attaluma minimums nosaka vislabako

sakritibu.
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5.17. zim. Eigenface algoritma darbibas rezultats datu bazei ar 10 att€liem

Sie algoritmi pilda divas fundamentalas funkcijas: sejas detekté$anu attéla un nodetektétas sejas
atpaziSanu. Algoritmi tika realiz€ti un notestéti datora, ka arT implementéti datorneatkariga signalu

apstrades sist€éma.

Reala laika seju atpaziSanas sistémas maketa izveidoSanai tika izvélets specializéts TMS320C6000

serijas signalapstrades procesors.
Seju atpaziSanas sist€mas pamatelementi:

1. Plate ar signalprocesoru (TMS320C6416), kuras uzdevumi ir att€lu sensora datu savakSana
un att€lu apstrade (sejas detekt€Sana un atpaziSana).
2. Mikrokontrolieris (MSP430F169), kura uzdevums ir att€lu sensora parametru uzstadiSana

caur I°C interfeisu.

3. Attelu sensors (KAC-9618), kurs tiek paredzets digitala att€la iegiisanai.
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5.18. zZim. Seju atpaziSanas sistémas makets

Uz doto bridi ir veiksmigi izpildita nozimiga sejas atpaziSanas uzdevuma dala.

Tika izveidota uz signalprocesora balstita aparatiira sejas atpaziSanai, sastadita signalprocesora
programma datu iegiiSanai no att€lu sensora. Izpétiti sejas detekt€Sanas un atpaziSanas algoritmi
MATLAB vidg, ka arT implement&ti signalprocesora.
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1. Pielikums

MATLAB programma signala atjaunosanai no limenu-skérsojumu
nolasém, nemot véra mekléjamo nolasu vértibu ierobeZojumu

clear all

a=load("/home/rolands/Desktop/work/ShannTFD/sx335interp.mat®); a=a.Satj;

t=0:1/80000: length(a)*1/80000-1/80000;

[Sn2,tn2,xn,txn,u]=lvcrossing2(a,80000,5,0.6);tic
tnint=[0.125,0.21;0.26,0.34;0.36,0.5;0.6,0.8;0.84,0.88;0.9,1.1;1.13,1.19;1.28,1.4;1.46,1.6;1.7,1.88;
1.89,1.915;1.96,2.1;2.25,2.45;2.55,2.8;2.84,3.05;3.09,3.16;3.25,3.5];
96%96%%%%%6%%6%%%%%6%%6%%%%%6%6% %% %% %% %% %%6%%6% %% %6%6%%6% %% %%6%%% % %% %% %% %066 % %% %6%6%%6% % %% %% % %% %% % % %% %
Fs=8000;

tatj=tn2(1):1/Fs:tn2(end); %atjaunotais signals

Satj = zeros(size(tatj));
96%%6%%%%%%%%%%%%6%%%%%%%%6% %% %% % %% %%6%%6% % %6669 % %% 6%6%% % % %%6%6%% %% %0669 % %% 6%6%6%% % %6%6%% % % %% % % % %% %
for z = 1:length(tnint(:,1))

ind = tn2>=tnint(z,1)&tn2<=tnint(z,2); %signals

Sn = Sn2(ind);

tn = tn2(ind);
%6%%%%%%%%%%%%%%%%%6%%6%%6%%6%%6%%6%%6%%6% %% %% %% %% % %% %% %% %% %% 6% %6%%0%%0%%6%%6%%6%%6%%6% %% %% %% %% %% % %% %% %% %% %%
[fup, tup, tint]=FupFn(Sn,tn);%frekvences noteiksana

tup=Ctint(:,1)+tint(:,2))/2;

Fs=64000; dtt=1/Fs;
tt=tn(1) :dtt:tn(end);
Tt = zeros(size(tt));
for ma = 25:45

ft = ft+Aproksimacija(fup,tup”,ma,tt);
end;
ft = ft/21;
96%96%%%%%%%6%%%%%6%%6%%%%%6%% %% %% %% %% %%6%%6% %% %6%6%%6% %% %% % % %% %% %% %6066 % %% %6%6%6%6% %% %% %% % %% % % % %% %
f=0; faze=ff; %fazes noteikshana
for g=1:length(ft)-1

fr=Fff+ft(g)*1/Fs;

faze=[faze, ff];
end;
%6%%%%%%%%%%%%%%%6%%6%%6%%6%%6%%6%%6%%6%%6% %% %% %% %% % %% %% %% %% %% 6% %6%%0%%0%%6%%6%%6%%6%%6% %% %% %% %% % %% %% %% %% %% %%
tk=[]; f0=0; kk=1.45; %atrod laika momentus tk
for g=1:length(faze)-1

iT faze(g)<=f0&&Faze(g+1)>=F0

tk=[tk, (fO-faze(g))/(faze(g+l)-faze(g))*(tt(g+1)-tt(g))+tt(9)];
FfO=F0+0.5/kk;

end;
end;
96%96%%%%%%%%6%%%%%6%%6%%%%%6%% % %%%6%%% %% %%6%%6% %% %%6%%6% %% %%6%% %% %% % %% %066 % %% %%6%6%6% % %%6%6%% % % %% %% % % %% %
indz=tatj>=tn(1l)&tatj<=tn(end);
tatjz=tatj(indz);
faze=2*pi*faze*kk;
fazen=interpl(tt,faze,tn, " linear”,"extrap”);
fazez=interpl(tt,faze,tatjz, " linear”, “extrap®);
sig=sin(faze);
sign=sin(fazen);
sigz=sin(fazez);
96%%6%%%%%%%%%%%%%%%%%%%6%%% %% %% % %% %%6%%% %% %6%6%%% %% %6%6%%% % %% %% %% %%6%6%% %% %% % %% %6%6%% % % %% %% %% %% %
FF=zeros(length(tn), length(tk));
fii=0;
for k=1:length(tk)

FF(:,k)=sinc(fazen-fii)";

fii=Fii+pi;
end;

S11=FF"*Sn";
S22=FF"*FF;
C=S22\S11;
Xn=FF*C;

[tnk, ind]=sort([tn,tk]);

on=ind>length(tn);

on=Find(on);

ind=on-[1:length(on)];
96%%6%%%%%%%%%%%%%%%%%%6%6%% %% %%6%%% %% %%6%%% %% %6%%%% %% %% %% %% %% %% % %% 6% %% % %66 % % % %% % % % %% %
ds=Sn(2:end)-Sn(1:end-1);

ds(ds>0)=1;



ds(ds<0)=-1;

kk=0;
while ds(end-kk)==
if ds(end-kk-1)==1
ds(end-kk:end)=(-1) .-M"[2:kk+2] ;
break;
elseif ds(end-kk-1)==-1
ds(end-kk:end)=(-1) -~[1:kk+1];
break;
else
kk=kk+1;
end;
end;

while isempty(find(ds==0,1))<1
for k=1:length(ds)-1
if ds(k)==
if ds(k+1l)==1
ds(k)=-1;
elseif ds(k+l)==-1
ds(k)=1;
end;
end;
end;
end;

koef=zeros(size(C));

for k=1:length(C)
kk=Find(u==Sn(ind(k)));
uu=sort([u(kk) ,u(kk+ds(ind(k)))D:
koef(k)=(C(k)-uu(1))/(uu(2)-uu(l));

end;

koef(koef>1)=1;

koef(koef<0)=0;

for k=1:length(C)
kk=Find(u==Sn(ind(k)));
uu=sort(Ju(kk),u(kk+ds(ind(kK)))D:
C(k)=uu()+uu@)-uu())*koef(k);
end;

Fatj=zeros(length(tatjz), length(tk));
fii=0;
for k=1:length(tk)
Fatj (:,k)=sinc(fazez-fii)";
Fii=Fii+pi;
end;
%9%6%%6%%6%%6%%6%%6%%%% %% %% %% %% %6%%6%%6%%6%%6%%6%%6%%6% %% %% %% %% %6 %% %% %% %% %% 0% %6%%6%%6%%6%%6%%6% %% %% %% %% % %% %% %% %%
SSatj=Fatj*C;

[tnatj, ind2]=sort([tn,tatjz]);
on=ind2>length(tn);
on=Find(on);
ind2=on-[1:1ength(on)];

bord=zeros(length(tatjz),2);
for k=1:length(tatjz)
kk=Find(u==Sn(ind2(k)));
bord(k, :)=sort([u(kk) ,u(kk+ds(ind2(k)))1);

end;
du=bord(:,2)-bord(:,1);

step=0.05; dsl=0.05; step2=0.03;
p=0;
while p<length(tk)*10
cond=SSatj>bord(:,2)+dsl*du|SSatj<bord(:,1)-dsl*du;
g=Find(cond);
iT length(g)<2
break;
else
nn=ceil(length(g)-*rand(1,1));
k=g(nn);
[aa,bb]=sort(abs(tk-tatjz(k)));
inddt=bb(1);
kk=Find(u==Sn(ind(inddt)));
if SSatj(k)>bord(k,2)+dsl*du(k)
koef(inddt)=koef(inddt)*(1-step);



else
koef(inddt)=koef(inddt)*(1l-step)+step;
end;
uu=sort([u(kk) ,u(kk+ds(ind(inddt)))1);
C(inddt)=uu(1)+(uu(2)-uu(1))*koef(inddt);
inddt=bb(2);
kk=Find(u==Sn(ind(inddt)));
if SSatj(k)>bord(k,2)+dsl*du(k)
koef(inddt)=koef(inddt)*(1-step2);
else
koef(inddt)=koef(inddt)*(1-step2)+step2;
end;
uu=sort([u(kk),u(kk+ds(ind(inddt)))]);
C(inddt)=uu(1)+(uu(2)-uu(l))*koef(inddt);
SSatj=Fatj*C;
p=p+1;
end;
end;

cond=SSatj>bord(:,2)+dsl*du|SSatj<bord(:,1)-dsl*du;
Satj(indz)=SSatj;

inda=t>=tn(1)&t<=tn(end);
aha=a(inda);
an=interpl(t(inda),aha,tatjz,"linear”, “extrap”);

kluda = sqrt(1/length(an)*sum((an-SSatj")."2))

end; toc

figure;
plot(t,a,tn2,Sn2,"_",tatj,Satj,tk,C,"0");
hold on

plot(tatj,Satj, "+k");



No. 4.
2. Pielikums

#include "msp430x22x4.h"
#include "nRF_deff.h"

/Ivolatile unsigned int i;

unsigned char ADC[576];
int a=64, ready=0, i=0, RxMode=0, TxMode=0,ready TX=3,count=0, lim=576, c, b, skait=0, rob=0;

unsigned char CSN_Hi=0x02, CSN_L0=0x02;

/[Deffinitions for nRF config register write

unsigned char nRF_addrTX1[5] = {OXE7,0xE7,0xE7,0XE7,0XE7};
/

unsigned char Command = 0x00;

unsigned char Dati = 0x00;

1

/I unsigned char volatile *CSN;
/I CSN = &P20UT;
/I unsigned char Hi=0x02, Lo=0x00;

/I Function prototipes
void nRF_Config (void);

void nRF_Config_addr (unsigned char *);
void Flush_Tx_buff (void);

void Flush_Rx_buff (void);

void Clear_IRQTX (void);

void Clear_IRQRX (void);

void LoadAndSendData (void);

void ReadData (void);

void GetStartCommand (void);

void Set_TX_Mode (void);

void Set_ RX_Mode (void);

void StartSampling (void);

void UART_Send (void);

void Read_nRF24L01 (void);

1

void main(void)

{

WDTCTL = WDTPW + WDTHOLD; // Stop WDT
BCSCTL1 |= XTS + DIVA_1; /I LFXT1 = HF XTAL
BCSCTL3 |= LFXT1S_2; /I LFXT1S1 = 3-16Mhz
do

IFG1 &= ~OFIFG; /I Clear OSC fault flag

i = OxFF; /I'i = Delay

while (i--); // Additional delay to ensure start
while (OFIFG & IFG1); /I OSC fault flag set?

BCSCTL2 |= SELM_3 + DIVM_1 + SELS + DIVS_3; // MCLK = LFXT1 DIVM_1 master clock devider SMHz

P1DIR |= 0x01; /I Set P1.0 output direction
P1SEL |= 0x01; /I Set P1.0 option select
P2DIR = 0x26; /1 P2.0,2 output

P2REN |= 0x01; /l resistor enabled

1
/I for timer B
PASEL |= 0x07; /I P4.x - P4.2 option select
PADIR |= 0x07; /I P4.x = outputs
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P3SEL |= OXE; /1 P3.0,4,5 USCI_BO option select
UCBOCTLO |= UCCKPH + UCMSB + UCMST + UCSYNC,; // 3-pin, 8-bit SPI master UCCKPH +

UCBOCTL1 |= UCSSEL_1; /l1= ACLK 2=SMCLK

UCBOBRO |= 0x02;

UCBOBR1 =0;

UCAOMCTL =0;

UCBOCTL1 &= ~UCSWRST; /I **Initialize USCI state machine*

/I IE2 |= UCBORXIE;

I

/IUART configuracija
P3SEL |= 0x30; /1 P3.4,3.5 = USCI_AO0 TXD/RXD
UCAOCTL1 = UCSSEL_2; /I SMCLK for UART
UCAOBRO = 208; /I8MHz 9600==>65, 4MHz 9600==>161 2MHz 9600==> 208
UCAOBR1 =0; //8MHz 9600==>3, 4MHz 9600==>1 2MHz 9600==>
UCAOMCTL = UCBRSO; /I Modulation UCBRSx = 1
IE2 |= UCAORXIE; /I Enable USCI_AO RX interrupt
1
for (i = 100; i; i--);

Command=WRITE_REG|EN_AA;
Dati=0x00;

nRF_Config();
Command=WRITE_REG|EN_RXADDR;
Dati=0x01;

nRF_Config();
Command=WRITE_REG|SETUP_AW;
Dati=0x03;

nRF_Config();
Command=WRITE_REG|SETUP_RETR;
Dati=0x00;

nRF_Config();
Command=WRITE_REG|RF_CH;
Dati=0x50;

nRF_Config();
Command=WRITE_REG|RF_SETUP;
Dati=0x0F; /I 0xOF 2Mb/s 0x07 1Mb/s
nRF_Config();
Command=WRITE_REG|STATUS;
Dati=0x00;

nRF_Config();
Command=WRITE_REG|RX_ADDR_P0;
nRF_Config_addr(nRF_addrTX1);
Command=WRITE_REG|TX_ADDR;
nRF_Config_addr(nRF_addrTX1);
Command=WRITE_REG|RX_PW _PO;
Dati=0x01; /lbija 0x20 testam meginu ar 16bitu garu start paku...
nRF_Config();
Command=WRITE_REG|CONFIG;
Dati=0x4E;

nRF_Config();

TxMode=1,

for (i = 100; i; i--);

P20UT = 0x02; //for TX

1l
/l Timer_B settings

TBCCTLO = OUTMOD_2 + CCIE;

TBCCTL1 =0OUTMOD_2 + CCIE; /I TBCCR1 interrupt enabled
TBCTL = TBSSEL_1;// + TBIE; Il ACLK (8MHz)
TBCCR1 =12000; 1

TBCCRO = 65000;

1l

__bis_SR_register(GIE);

while(1)



{

I

f (ready==1)
{

ready=0;
TBCTL |=MC_1;
skait=0;
rob=32;
Read_nRF24L01();
skait=32;
rob=64;
Read_nRF24L01();
skait=64;
rob=96;
Read_nRF24L01();
skait=96;
rob=128;
Read_nRF24L01();
skait=128;
rob=160;
Read_nRF24L01();
skait=160;
rob=192;
Read_nRF24L01();
skait=192;
rob=224;
Read_nRF24L01();
skait=224;
rob=256;
Read_nRF24L01();
skait=256;
rob=288;
Read_nRF24L01();
skait=288;
rob=320;
Read_nRF24L01();
skait=320;
rob=352;
Read_nRF24L01();
skait=352;
rob=384;
Read_nRF24L01();
skait=384;
rob=416;
Read_nRF24L01();
skait=416;
rob=448;
Read_nRF24L01();
skait=448;
rob=480;
Read_nRF24L01();
skait=480;
rob=512;
Read_nRF24L01();
skait=512;
rob=544;
Read_nRF24L01();
skait=544;
rob=576;
Read_nRF24L01();
lim=576;
UART_Send();
Set_TX_Mode();
}

}
}

/I Start Timer_B, up mode

1

/I UART sanem komandu lai palaistu nRF24L01

#pragma vector=USCIABORX_VECTOR

__interrupt void USCIORX_ISR(void)

{
if (UCAORXBUF==57) //ja atsutits 9 (acsii 57),iet talak3

Set_TX_Mode();

LoadAndSendData();

Flush_Tx_buff();



Clear_IRQTX();
Set_RX_Mode();
ready=1,
}
}

void UART_Send (void)
while (count<lim) /Isutamo elementu skaits

{

/I ptr_1 = &ascii_el_1[ ADC[count]];
while (!(IFG2 & UCAOTXIFG));
UCAOTXBUF = ADC[count];

/I UCAOTXBUF = *ptr_1;

/I ptr = &ascii_el[ADCJ[count]];

/I while ({(IFG2 & UCAOTXIFG));

/I UCAOTXBUF = *ptr;
count=count+1;

if (count==lim)

{

/I while ({(IFG2 & UCAOTXIFG));

/I UCAOTXBUF = 10; //newline

/I while (/(IFG2 & UCAOTXIFG));

/I UCAOTXBUF = 13; //carriage return
count=0;

}
}

#pragma vector=TIMERBO_VECTOR
__interrupt void TBO_ISR(void)

{

/I P20UT |= 0x20;

/I TBCTL &= ~MC_1;

/I Set_TX_Mode();
/I P20UT &= ~0x20;
}

void Read_nRF24L01(void)
{
while ((0x01 & P2IN)); // Data received??
P20UT |= 0x20;
ReadData();
Flush_Rx_buff();
Clear_IRQRX();
P20UT &= ~0x20;

void nRF_Config_addr (unsigned char* addr)

P20UT &= ~CSN_Lo;
UCBOTXBUF = Command;
while (I(IFG2 & UCBOTXIFG));
UCBOTXBUF = addr[0];

while (I(IFG2 & UCBOTXIFG));
UCBOTXBUF = addr[1];

while ({(IFG2 & UCBOTXIFG));
UCBOTXBUF = addr[2];

while (I(IFG2 & UCBOTXIFG));
UCBOTXBUF = addr[3];

while (I(IFG2 & UCBOTXIFG));
UCBOTXBUF = addr[4];

while (}(IFG2 & UCBOTXIFG));
for (i=1;i;i--);

P20UT |= CSN_H;i;

void nRF_Config (void)

P20UT &=~CSN_Lo;

while ({(IFG2 & UCBOTXIFG));
UCBOTXBUF = Command;
while (I(IFG2 & UCBOTXIFG));



UCBOTXBUF = Dati;

while (}(IFG2 & UCBOTXIFG));
for (i=1;i;i--);

P20UT |= CSN_H;i;

void ReadData (void)

{

/I IFG2 &= ~UCBORXIFG;
P20UT &=~CSN_Lo;
while ({(IFG2 & UCBOTXIFG));
UCBOTXBUF=RD_RX_PLOAD;
while (!(IFG2 & UCBOTXIFG));
UCBOTXBUF=0x00;
for(i = skait; i < rob; i++){
UCBOTXBUF=0x00;
while (I(IFG2 & UCBORXIFG));
ADC[i] = UCBORXBUF;

}
P20UT |= CSN_Hi;

void LoadAndSendData (void)

{

/[***Start Data upload to nRF
P20UT &= ~CSN_Luo;
while (!(IFG2 & UCBOTXIFG));
UCBOTXBUF=WR_TX_PLOAD;
while ({(IFG2 & UCBOTXIFG));
UCBOTXBUF=0xAB;
while (!(IFG2 & UCBOTXIFG));

/[***End of Data upload to nRF

for (i=1;i;i--);

P20UT |= CSN_Hi;

P20UT |= 0x04;

for (i=1;i;i--); I/ ensures at least 10us CSN high

P20OUT = 0x02;

while ((0x01 & P2IN)); /I ACK received or overflow??
}

void GetStartCommand (void)

while ((0x01 & P2IN)); /] Data received??
/I ReadData();

P20UT &= ~0x20;

Flush_Rx_buff();

Clear_IRQRX();

P20UT |= 0x20;
}

void Set_TX_Mode (void)

Command=WRITE_REG|RX_PW_PO; 1/ set packet size to 32 bytes
Dati=0x01; I
nRF_Config();
Command=WRITE_REG|CONFIG;
Dati=0x4E;

nRF_Config();

P20OUT = 0x02;

RxMode=0;

void Set_ RX_Mode (void)

Command=WRITE_REG|RX_PW_PO; 1/ set packet size to 32 bytes
Dati=0x20; I
nRF_Config();
Command=WRITE_REG|CONFIG;
Dati=0x3F;

nRF_Config();




P20OUT = 0x06;
RxMode=1,;
}

void Flush_Tx_buff (void)

{
P20UT &=~CSN_Lo;
while ({(IFG2 & UCBOTXIFG));
UCBOTXBUF=FLUSH_TX;
while ({(IFG2 & UCBOTXIFG));
for (i=1;i;i--);
P20UT |= CSN_Hi;

}

void Flush_Rx_buff (void)

{
P20UT &= ~CSN_Lo;
while ({(IFG2 & UCBOTXIFG));
UCBOTXBUF=FLUSH_RX;
while (1(IFG2 & UCBOTXIFG));
for (i=1;i;i--);
P20UT |= CSN_Hi;

void Clear_IRQTX (void)
{
P20UT &= ~CSN_Lo;
while (I(IFG2 & UCBOTXIFG));

UCBOTXBUF=WRITE_REG]|0x07;

while (!(IFG2 & UCBOTXIFG));
UCBOTXBUF=0x30;
while (!(IFG2 & UCBOTXIFG));
for (i=1;i;i--);
P20UT |= CSN_Hi;

}

void Clear_IRQRX (void)
{
P20UT &=~CSN_Lo;
while (I(IFG2 & UCBOTXIFG));

UCBOTXBUF=WRITE_REG|0x07;

while (!(IFG2 & UCBOTXIFG));
UCBOTXBUF=0x40;

while (!(IFG2 & UCBOTXIFG));
for (i=1;i;i--);

P20UT |= CSN_Hi;



Nod. 4. 1. Pielikums

#include "msp430x22x4.h"
#include "nRF_deff.h"

/Ivolatile unsigned int i;

unsigned int ADC[96];

unsigned int a=64, ready=0, i=0, RxMode=0, TxMode=0, F0=100,
F1=6000,F2=12000,F3=18000,F4=24000,F5=30000,F6=36000,F7=42000,F8=48000,F9=54000,skait=0, rob=0;

unsigned char CSN_Hi=0x02, CSN_L0=0x02, RXbuf=0;

/[Deffinitions for nRF config register write
unsigned char nRF_addrP0[5] = {OXE7,0xE7,0XE7,0xE7,0XE7};
unsigned char nRF_addrTX1[5] = {OXE7,0xE7,0XxE7,0XE7,0XE7};
unsigned char nRF_addrTX2[5] = {0xC2,0xC2,0xC2,0xC2,0xC2};
unsigned char nRF_addrTX3[5] = {0xF1,0xC2,0xC2,0xC2,0xC2};
unsigned char nRF_addrTX4[5] = {0xCD,0xC2,0xC2,0xC2,0xC2};
unsigned char nRF_addrTX5[5] = {0xA3,0xC2,0xC2,0xC2,0xC2};
unsigned char nRF_addrTX6[5] = {0x05,0xC2,0xC2,0xC2,0xC2};
unsigned char Command = 0x00;

unsigned char Dati = 0x00;

1

/I unsigned char volatile *CSN;
/I CSN = &P20UT,;
/I unsigned char Hi=0x02, Lo=0x00;

/I Function prototipes
void nRF_Config (void);

void nRF_Config_addr (unsigned char *);
void Flush_Tx_buff (void);

void Flush_Rx_buff (void);

void Clear_IRQTX (void);

void Clear_IRQRX (void);

void LoadAndSendData (void);

void LoadAndSendDataN (void);

void GetStartCommand (void);

void ReadData (void);

void Set_TX_Mode (void);

void Set_ RX_Mode (void);

void StartSampling (void);

1

void main(void)

{
WDTCTL = WDTPW + WDTHOLD; /I Stop WDT
BCSCTL1 |= XTS + DIVA_1; /I LFXT1 = HF XTAL
BCSCTL3 |= LFXT1S_2; /I LFXT1S1 = 3-16Mhz
do
IFG1 &= ~OFIFG; /I Clear OSC fault flag
i = OXFF; /'i = Delay
while (i--); /I Additional delay to ensure start
while (OFIFG & IFG1); /I OSC fault flag set?
BCSCTL2 |=SELM_3 + DIVM_1 + SELS +DIVS_3; // MCLK =LFXT1 DIVM_1 master clock devider 8MHz
ADC10CTL1 = INCH_3 + SHS_1 + CONSEQ_2; /I TA1 trigger sample start
ADC10CTLO = SREF_1 + ADC10SHT_2 + REFON + REFOUT + REF2_5V + ADC100N + ADCI10IE;
TACCRO = 30; // Delay to allow Ref to settle
TACCTLO |= CCIE; /I Compare-mode interrupt
TACTL = TASSEL_2 + MC_1, /I TACLK = SMCLK, Up mode
__bis_SR_register(CPUOFF + GIE); /I LPMO, TAO_ISR will force exit
TACCTLO &= ~CCIE; /I Disable timer Interrupt
ADC10CTLO |= ENC; /I ADC10 Enable
/I ADC10AEQ |= 0x80; 1/ P2.0 ADC10 option select

1
/I opinu config

OAOCTLO = OAP_2 + OAPM_3;// + OAADCO; //P3.6 input signal
OAOCTL1 = OAFBR_0 + OAFC_7,;

OAI1CTLO = OAN_3 + OAP_2 + OAPM_2 + OAADC1;// + OAADCO; //P3.7 input signal



OAI1CTL1 = OAFBR_2 + OAFC_6;

/l gain 1,66

1l

P1DIR |= 0x01;
P1SEL |= 0x01;
P2DIR = 0x26;

P2REN |= 0x01;

/Il Set P1.0 output direction
/I Set P1.0 option select

/1 P2.0,2 output

/I resistor enabled

1l
/I for timer B

/I PASEL |= 0x07;
/I P4DIR |= 0x07;

/I P4.x - P4.2 option select
[/l P4.x = outputs

1l

P3SEL |= OXE;

UCBOCTLO |= UCCKPH + UCMSB + UCMST + UCSYNC;
UCBOCTLL |= UCSSEL_1,

UCBOBRO |= 0x02;
UCBOBR1 = 0;
UCAOMCTL =0;

UCBOCTL1 &= ~UCSWRST;

for (i = 100; i; i--);

Command=WRITE_|

Dati=0x00;
nRF_Config();

Command=WRITE_|

Dati=0x01;
nRF_Config();

Command=WRITE_|

Dati=0x03;
nRF_Config();

Command=WRITE_|

Dati=0x00;
nRF_Config();

Command=WRITE_|

Dati=0x50;
nRF_Config();

Command=WRITE_|

Dati=0xO0F;
nRF_Config();

Command=WRITE_|

Dati=0x00;
nRF_Config();

Command=WRITE_|

/I Dati=0x9A,;
/I nRF_Config();

/1 P3.0,4,5 USCI_AQ option select

/1= ACLK 2=SMCLK

REGIEN_AA;

REG|EN_RXADDR,;

REGISETUP_AW;

REGISETUP_RETR;

REG|RF_CH,;

REG|RF_SETUP;

/I 0xOF 2Mb/s 0x07 1Mb/s

REGI|STATUS;

REG|RX_ADDR_PO;
/I only for testing TX to FTDI RX
/I only for testing TX to FTDI RX

nRF_Config_addr(nRF_addrTX1);

Command=WRITE_

/I Dati=0x9A,
/I nRF_Config();

REG|TX_ADDR,;
/I only for testing TX to FTDI RX
I only for testing TX to FTDI RX

nRF_Config_addr(nRF_addrTX1);

Command=WRITE_|

Dati=0x01;
nRF_Config();

Command=WRITE_|

Dati=0x3F;
nRF_Config();
RxMode=1;

for (i = 100; i; i--);
P20UT = 0x06;

TACCRO = 8001-1;

TACCTL1 = OUTMOD_3;

TACCR1 = 8000;

TACTL = TASSEL _1,
ADC10DTC1 = 0x60;

REG|RX_PW_PO;
/lbija 0x20 testam meginu ar 16bitu garu start paku...

REG|CONFIG;

/I PWM Period
/I TACCR1 set/reset
/| TACCR1 PWM Duty Cycle
/Il ACLK(8MHz), up mode
/I 32 conversions

ADC10SA = (unsigned int JADC;

Il
/l Timer_B settings

/I 3-pin, 8-bit SPI master

/[ **Initialize USCI state machine*



TBCCTLO = OUTMOD_2 + CCIE;
TBCCTL1 = OUTMOD_2 + CCIE;
TBCTL = TBSSEL_2;// +TBIE;
TBCCR1 =F7; 1
TBCCRO = 65535;

/Il TBCCR1 interrupt enabled
/I SMCLK (2MHz)

1
/I __bis_SR_register(LPM3_bits + GIE);

while(1)
{

if (RxMode==1)

GetStartCommand();
/I if(RXbuf==0xAB){
StartSampling();
/I Clear_IRQRX();
RxMode=0;
Set_ TX_Mode();
1

}
if (ready==1)
{
/Il LoadAndSendData();

/I Flush_Tx_buff();
/Il Clear_IRQTX();

/I ready =0;

/I Set_ RX_Mode();
}

}

}

/I ADC10 interrupt service routine
#pragma vector=ADC10_VECTOR
__interrupt void ADC10_ISR(void)
{
TACTL &=~MC_1;
P20UT &= ~0x20;
ADC10SA = (unsigned int JADC;
ready=1;
P20UT |= 0x20;
RxMode=0;
TBCTL |= MC_1;
/I TBCCTLL1 |= CCIE;
/I TBCCTLO |= CCIE;
}

#pragma vector=TIMERAO_VECTOR
__interrupt void TAO_ISR(void)

{
TACTL=0;

__bic_SR_register_on_exit(CPUOFF);
}

[/l Enter LPM3 w/ interrupts

// Data buffer start

/I ACLK, up mode

/I Clear Timer_A control registers

/I Clear CPUOFF bhit from O(SR)

/I Common ISR for TBCCR1-2 and overflow

#pragma vector=TIMERB1_VECTOR
__interrupt void TBX_ISR(void)
switch (TBIV)
case 2: /I TBCCR1
/I TBCCR1 += 400;
P20UT &= ~0x20;
LoadAndSendData();
Flush_Tx_buff();
Clear_IRQTX();
skait=31;

/I Efficient switch-implementation

/I Offset until next interrupt



rob=63;
LoadAndSendDataN();
Flush_Tx_buff();
Clear_IRQTX();
skait=63;
rob=95;
LoadAndSendDataN();
Flush_Tx_buff();
Clear_IRQTX();
ready =0;
P20UT |= 0x20;
break;

case 4: /I TBCCR2

break;
case 14: I/l Overflow

break;
}
}

#pragma vector=TIMERBO_VECTOR
__interrupt void TBO_ISR(void)

TBCTL &=~MC_1,
/I TBCCTLO &= ~CCIE; /I Timer_B int ieslegshana
Set_ RX_Mode();

}
void nRF_Config_addr (unsigned char* addr)

P20UT &= ~CSN_Lo;
UCBOTXBUF = Command;
while (I(IFG2 & UCBOTXIFG));
UCBOTXBUF = addr[0];

while ({(IFG2 & UCBOTXIFG));
UCBOTXBUF = addr[1];

while (I(IFG2 & UCBOTXIFG));
UCBOTXBUF = addr[2];

while (I(IFG2 & UCBOTXIFG));
UCBOTXBUF = addr[3];

while ({(IFG2 & UCBOTXIFG));
UCBOTXBUF = addr[4];

while (I(IFG2 & UCBOTXIFG));
for (i=1;i;i--);

P20UT |= CSN_Hi;

void nRF_Config (void)

P20UT &= ~CSN_Lo;
while (I(IFG2 & UCBOTXIFG));
UCBOTXBUF = Command;
while (/(IFG2 & UCBOTXIFG));
UCBOTXBUF = Dati;
while (I(IFG2 & UCBOTXIFG));
for (i=1;1i;i--);
P20UT |= CSN_Hi;

}

void LoadAndSendDataN (void)

/[***Start Data upload to nRF
P20UT &= ~CSN_Lo;
while (!(IFG2 & UCBOTXIFG));
UCBOTXBUF=WR_TX_PLOAD;
while ({(IFG2 & UCBOTXIFG));
for(i = skait; i < rob; i++){
ADCJi]>>=2;
while ({(IFG2 & UCBOTXIFG));
UCBOTXBUF=ADCIi];

}
/[***End of Data upload to nRF

for (i=1;i;i--);
P20UT |= CSN_Hi;
Il for (i=2;i;i--); //delay to CSN



P20UT |= 0x04;
for (i=1;i;i--);
P20UT = 0x02;
Il for (i = 205 i; i--);
while ((0x01 & P2IN));
}

void LoadAndSendData (void)

I ensures at least 10us CSN high

/I bija 100 cikli
/I ACK received or overflow??

/I***Start Data upload to nRF
P20UT &= ~CSN_Luo;

while ((IFG2 & UCBOTXIFG));
UCBOTXBUF=WR_TX_PLOAD:;
while ((IFG2 & UCBOTXIFG));
UCBOTXBUF=0xF7;
for(i = 0: i < 31: i++){
ADC[i]>>=2;
while ((IFG2 & UCBOTXIFG));
UCBOTXBUF=ADCIil;

}

/[***End of Data upload to nRF

for (i=1;i;i--);
P20UT |= CSN_Hi;
Il for (i=2;1i;i--);
P20UT |= 0x04;
for (i=1;i;i--);
P20OUT = 0x02;

while ((0x01 & P2IN));
}

void GetStartCommand (void)

while ((0x01 & P2IN));
/I ReadData();
P20UT &= ~0x20;
Flush_Rx_buff();
Clear_IRQRX();
P20UT |= 0x20;
}

void ReadData (void)

{
P20UT &=~CSN_Lo;
while (1(IFG2 & UCBOTXIFG));
UCBOTXBUF=RD_RX_PLOAD;
while (I(IFG2 & UCBOTXIFG));
UCBOTXBUF=0x00;

/I while (I(IFG2 & UCBORXIFG));
RXbuf = UCBORXBUF;

P20UT |= CSN_Hi;

}
void Set_TX_Mode (void)

Command=WRITE_REG|RX_PW |

Dati=0x20;

nRF_Config();
Command=WRITE_REG|CONFIG
Dati=0x4E;

nRF_Config();

P20UT = 0x02;

RxMode=0;

void Set_RX_Mode (void)

Command=WRITE_REG|RX_PW_|

Dati=0x01;

nRF_Config();
Command=WRITE_REG|CONFIG
Dati=0x3F;

nRF_Config();

P20UT = 0x06;

//delay to CSN

[ ensures at least 10us CSN high

/I ACK received or overflow??

// Data received??

PO;

PO;



RxMode=1;
}

void StartSampling (void)
{

TACTL |= MC_1; /Il ACLK, up mode
P20UT &= ~0x20;
P20UT |= 0x20;

}

void Flush_Tx_buff (void)

{
P20UT &=~CSN_Lo;
while ({(IFG2 & UCBOTXIFG));
UCBOTXBUF=FLUSH_TX;
while ({(IFG2 & UCBOTXIFG));
for (i=1;i;i--);
P20UT |= CSN_Hi;

}

void Flush_Rx_buff (void)

{
P20UT &=~CSN_Lo;
while ({(IFG2 & UCBOTXIFG));
UCBOTXBUF=FLUSH_RX;
while ({(IFG2 & UCBOTXIFG));
for (i=1;i;i--);
P20UT |= CSN_Hi;

void Clear_IRQTX (void)

{
P20UT &=~CSN_Lo;
while (/(IFG2 & UCBOTXIFG));
UCBOTXBUF=WRITE_REG|0x07;
while (1(IFG2 & UCBOTXIFG));
UCBOTXBUF=0x30;
while (I(IFG2 & UCBOTXIFG));
for (i=1;i;i--);
P20UT |= CSN_Hi;

}

void Clear_IRQRX (void)

{
P20UT &= ~CSN_Lo;
while ({(IFG2 & UCBOTXIFG));
UCBOTXBUF=WRITE_REG|0x07;
while ({(IFG2 & UCBOTXIFG));
UCBOTXBUF=0x40;
while (I(IFG2 & UCBOTXIFG));
for (i=1;i;i--);
P20UT |= CSN_Hi;
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11. FIFO atminas saslegums.

12. Laiks-cipars parveidotaja makets



4.2. Laiks-cipars parveidotaja programma ,,TDC software”

4.2.1. Lietotaja rokasgramata

Programma laiks-cipars parveidotajam tika izstradata Delphi 6.0 vidé. Ta ka Windows
XP nelauyj tiesi piekltt LPT portam, tika izmantots specials draiveris LPT portam
inpout32.dll, kas ir pieejams Interneta. Palaizot programmu TDC software, paradas
programmas galvenais logs (12. zZim.).

fﬁ"TDCsoftware | B

Read from Grey counter Cloar Delay line Cloar

& Grey code counter Decimal Binary form Decimal

Binary form Grey form

form form

 Delay line

Enable write |

Sinhro pulse |

Read from memory
Pulse periad(ms) Fulse count
i 4 B4

Read

Calculate |

Sawve results A A
Td (ns) Calculated time intervals

Grey binary form Decimal form Intervals

Transformation calculator 268

" Grey to Dec

" Dec to Grey

" Dline to Grey

" Greybinform to Bin

Transform |

13. Laiks-cipars parveidotaja programmas logs.

1. Laika intervalu mériSanas sakuma izvelas, no kurienes tiks lasiti dati (Read from) — vai
no Greja koda skaititaja (Grey code counter), vai no aiztures Iiijas (Delay line).

2. Nakamais posms — ir janospiez pogu Enable write, kas atlauj ierakstu atmina (uz FIFO
atminas WEN izvadu tiek padota logiska 0 ).

3. P&c 2. posma atmina laiks-cipars parveidotajs ir gatavs darbam. Ta ka parveidotaja
test€Sanas laika par takts impulsu un registr§jamu impulsu avotu kalpoja signalu
generators, nospiezot pogu Sinhro pulse, uz signala generatora sinhronizacijas ieeju
tiek padots impulss, kas atblok€ generatora izejas. Gadijuma, ja tiek izmantots cits
neatkarigs impulsu avots, §T poga nav vajadziga.

4. Kad registréjami impulsi tika pieregistréti atmina, tos ir janolasa programma. Teksta
loga Pulse period, var ierakstit nolases impulsu periodu milisekund€s, minimala
vertiba ir 1ms. Teksta loga Pulse count tiek noradits nolases impulsu skaits. Nospiezot
pogu Read vertibas no atminas tiks nolasttas programmas atmina. Atkariba, no
kurienes tika lasti dati (Greja koda skaititajs vai aiztures linijas), nolasitie dati tiks
atspoguloti attiecigaja sekcija (Grey couner vai Delay line).



5. Kad ir nolastti visi dati no Greja koda skaititaja un aiztures Iinijas, var aprékinat laika
intervalus, nospiezot pogu Calculate. Rezultati tiks atspoguloti sekcija Calculates time
intervals. Teksta loga Td (ns) alternativas aiztures linijas izmantoSanas gadijuma var
izmainit laiks-cipars parveidotaja izskirtsp&ju.

6. Programma ir papildus funkcija - iesp&ja konvertet dazas vertibas:

e Grey to Dec —no Greja koda decimalaja

e Dec to Grey —no decimala koda Greja koda.

e Dline to Grey — aiztures linijas vertibu parveidoSana Greja koda

e Greybinform to Bin — Greja koda binaras formas parveidoSana binara koda.
Teksta loga IN tiek ievaditi dati, un p&c pogas Transform nospiesanas parveidoSanas
rezultats tiks att€lots teksta loga OUT.

7. Programma ir iesp&ja saglabat rezultatus teksta faila. To var izdarit, nospiezot pogu
Save.

4.2.1. Programmas kods

var
Forml: TForml;
RCLKent : Integer;
Grey, Dline : Array of Integer;
intervals : Array of Single;
Greybin, Dlinebin : Array of String;

implementation
{$R *.dfm}

/-
Parveidosanas funkcijas//
function BinTolnt(Value: string) : Integer; ParveidoSana no binaras formas decimala.

var
i, iValueSize: Integer;
begin
Result := 0;

iValueSize := Length(Value);
for i := iValueSize downto 1 do
if Value[i] ='l1' then Result := Result + (1 shl (iValueSize - 1));
end;

function IntToBin (int : Integer; dig : Integer) : String; Parveidosana no decimalas binara.
var
i: Integer;
begin
Result :=";
for i :=dig-1 downto 0 do
if int and (1 shl i) <> 0 then
Result := Result + 'l
else Result := Result +'0';
end;

function GreyToDec (value : integer; dig : Integer) : Integer; Parveidosana no Greja koda decimala.
var

i, t, ] : Integer;

binary, binaryT : Array of Integer;

binstring : string;
begin

SetLength (binary, dig);

SetLength (binaryT, dig);

binstring := IntToBin(value,dig); //Decimal Grey - Binary Grei



//-----Binary string - banary array
t :=dig-1;
Fori:=0 to dig -1 do begin
binaryT [t] := StrTolnt (binstring[i+1]);
dec (t);
end;
//----Binary Grei - Binary decimal
fori:= 0 to dig-1 do begin
binary[i] := binaryT[i];
for j :=1i+1 to dig-1 do
binary[i] := binary[i] XOR binaryT[j];
end;
//----Binary decimal - decimal value
binstring :=";
for i := dig-1 downto 0 do //
binstring := binstring + inttostr (binary[i]);
Result := BinTolnt(binstring);
end;

function DecToGrey (value : Integer; dig : Integer) : Integer; Parveidosana no decimala koda Greja koda
var
binstring : String;
t, 1, j : Integer;
binary, binaryT : Array of Integer;
begin
SetLength (binary, dig);
SetLength (binaryT, dig);
binstring := IntToBin(value,dig); /Decimal - Binary
//-----Binary string - banary array
t:=dig-1;
Fori:=0 to dig -1 do begin
binaryT [t] := StrTolnt (binstring[i+1]);
dec (t);
end;
//----Binary - Binary Grey
fori:=0 to dig-2 do begin
binary[i] := binaryT[i] xor binaryT[i+1];
end;
binary[dig-1] := binaryT[dig-1];
//----Binary decimal - decimal value
binstring :=";
for i := dig-1 downto 0 do //
binstring := binstring + inttostr (binary[i]);
Result := BinTolnt(binstring);
end;

function GreybinToBin (value : string; dig : integer) : string; Parveidosana no Greja koda binaras formas
binaraja koda
var
t, 1, ] : integer;
binary, binaryT : Array of Integer;
begin
SetLength (binary, dig);
SetLength (binaryT, dig);
t :=dig-1;
Fori:=0 to dig -1 do begin
binaryT [t] := StrTolnt (value[i+1]);
dec (t);
end;
fori:= 0 to dig-1 do begin
binary[i] := binaryT[i];
for j :=i+1 to dig-1 do
binary[i] := binary[i] XOR binaryT[j];



end;
result :=";
for i := dig-1 downto 0 do
result := result + inttostr (binary[i]);
end;

function BinTogreyBin (value : string; dig : integer) : string; Binara koda parveidosana Greja koda binara
forma.
var
t, 1, j : integer;
binary, binaryT : Array of Integer;
begin
SetLength (binary, dig);
SetLength (binaryT, dig);
t :=dig-1;
Fori:=0 to dig -1 do begin
binaryT [t] := StrTolnt (value[i+1]);
dec (t);
end;
fori:= 0 to dig-2 do begin
binary[i] := binaryT[i] xor binaryT[i+1];
end;
binary[dig-1] := binaryT[dig-1];

result :=";
for i := dig-1 downto 0 do
result := result + inttostr (binary[i]);
end;

function DlineToGrey (value : string; dig : Integer): string; Aiztures linijas vertibu parveidosana Greja koda.
var
binstring : String;
t, 1, j : Integer;
binary, binaryT : Array of Integer;
begin
SetLength (binary, dig);
SetLength (binaryT, dig);
//-----Binary string - banary array
t:=dig-1;
Fori:=0 to dig -1 do begin
binaryT [t] := StrTolnt (value[i+1]);
dec (t);
end;
//Dline result -> Grey code
binary[2] := binaryT[3];
binary[1] := binaryT[1] xor binaryT[5];
binary[0] := binaryT[0] xor binaryT[2] xor binaryT[4] xor binaryT[6];

binstring :=";
fori:=2 downto 0 do //
binstring := binstring + inttostr (binary[i]);
Result := binstring;
end;
/-

------------- //

procedure TForm1.FormCreate(Sender: TObject);
var
cnt : Integer;
temp : string;
begin
Out32 (890, 231); Programmas darbibas sakuma uz atminas WEN un REN ieejam tiek padots logiskais 1, tada
veida blokejot



end; ierakstu/nolasi

procedure TForm1.btReadClick(Sender: TObject); Vertibu nolase no atminas
var
temp, i, inter : integer;
binstring, binstring? : string;
begin
inter := StrTolnt (edInterval. Text);
RCLKecnt := StrTolnt (edRCLKcount.Text);
SetLength (Grey, RCLKcnt);
SetLength (Dline, RCLKcnt);
SetLength (Greybin, RCLKCnt);
SetLength (Dlinebin, RCLKCnt);
out32 (890, 239); //Enable REN
sleep (1);
fori:= 0 to 1 do begin
out32 (890, 239);
sleep (1);
out32 (890, 237);
sleep (1);
end;
out32 (890, 239);

for i:= 0 to RCLKcnt -1 do begin
out32 (890, 239);
sleep (inter);
out32 (890, 237);
sleep (inter);
temp := inp32 (888);

If tbGrey.Checked = true then begin
Grey[i] := temp;
mmgrey.Lines.add (IntToStr (i+1) +"'. ' + IntToStr (grey[i]));
binstring := IntToBin(grey[i], 8);
Greybin[i] := binstring;
mmgreybin.Lines.Add(IntToStr (i+1) +'. ' + binstring);
end
else if tbDline.Checked = true then begin
DLine[i] := temp;
mmdline.Lines.add (IntToStr (i+1) +'.' + IntToStr (DLine[i]));
binstring := IntToBin(Dline[i], 7);
mmdlinebin.Lines.Add(IntToStr (i+1) +'. ' + binstring);
binstring2 := DlineToGrey (binstring, 7);
Dlinebin [i] := binstring2;
mmdlinegrey.Lines.Add(IntToStr (i+1) +'.' + binstring2)
end;
end;
out32 (890, 239);//RCLK - low
out32 (890, 231);//REN - high
end;

procedure TForm1.bttranslateClick(Sender: TObject); Laika intervalu aprékinasana.
var
i, td : Integer;
temp : Single;
resultgrey : Array of string;
resultdec : Array of Integer;
binstring : String;
begin
mmresultgrey.Clear;
mmresultdec.Clear;
mmintervals.Clear;
SetLength (resultgrey, RCLKcnt);



SetLength (resultdec, RCLKcnt);

SetLength (intervals, RCLKcnt);

td := StrTolnt (edtd.Text);

fori:=0 to RCLKcnt-1 do begin
resultgrey [i]:= Greybin [i] + dlinebin][i];
mmresultgrey.Lines.Add (IntToStr (i+1) +"'. ' + resultgrey[i]);

binstring := GreybinToBin(resultgrey [i], 11);
resultdec[i] := BinTolnt (binstring);

mmresultdec.lines. Add(IntToStr (i+1) + . ' + IntToStr(resultdec [i]));
intervals [i] := resultdec [i] * td / 1000;
end;
for i := 0 to RCLKent-2 do begin
temp := intervals [i+1] - intervals [i];
mmintervals.Lines.Add (IntToStr (i+2) +'-' + InttoStr (i+1) +' ="
+ floattoStrf (temp, fffixed, 8, 2));
end;
end;

procedure TForm1.btsaveClick(Sender: TObject); Datu saglabasana teksta faila.
var
fname : string;
afile : TextFile;
i:integer;
temp : string;
begin
saveDialogl .Filter := 'Text file|*.txt|Word file|*.doc';
saveDialogl.Title := 'Result saving in text file';
saveDialog]l.InitialDir := 'C:\Documents and Settings\maros\Desktop';
saveDialogl.DefaultExt := "txt';
saveDialog]l .FilterIndex := 1;
if saveDialogl.Execute then begin
AssignFile (afile, SaveDialogl .Filename);
Rewrite (afile);
write (afile, 'Intervals');
writeln (afile);
writeln (afile);
Fori:=0to RCLkent -1 do begin
temp := mmintervals.Lines[i];
writeln (afile, temp );
end;
CloseFile(afile);
end;
end;

procedure TForm1.btenablewriteClick(Sender: TObject); leraksta atlauja atmind
begin

Out32 (890, 227);

btenablewrite.Visible := False;

btdisablewrite.Visible := True;
end;

procedure TForm1.btdisablewriteClick(Sender: TObject); leraksta blokesana atmina
begin

Out32 (890, 231);

btenablewrite. Visible := True;

btdisablewrite.Visible := False;
end;

procedure TForm1.btokClick(Sender: TObject); Datu parveidosSana sekcija Transformation calculator
var
intext, temp1, dig : integer;



dstring : string;
begin
intext := StrTolnt (edin.Text);
dstring := edin.Text;
If rb1.Checked = true then
edout.Text := IntToStr (GreyToDec(intext, 10));
If rb2.Checked = true then
edout.Text := IntToStr (DecToGrey(intext, 10));
IF rb3.Checked = true then begin
dstring := DlineToGrey(IntToBin(intext,10),10);
templ := BinTolnt(dstring);
edout.Text := IntToStr (temp1);
end;
If rb4.Checked = true then begin
dig := Length (dstring);
edout.Text :=GreybinToBin(dstring, dig);
end;
end;

procedure TForm1.btcleargreyClick(Sender: TObject); Greja koda skaititaja sekcijas notirisana
begin

mmgrey.Clear;

mmgreybin.Clear;
end;

procedure TForm1.Button2Click(Sender: TObject); Aiztures linijas sekcijas notirisana
begin
mmdline.Clear;
mmdlinebin.Clear;
mmdlinegrey.Clear;
end;
end.



SIGNAL-DEPENDENT TECHNIQUES FOR NON-STATIONARY SIGNAL SAMPLING
AND RECONSTRUCTION

M. Greitans and R. Shavelis

Institute of Electronics and Computer Science
14 Dzerbenes Str., Riga LV-1006, Latvia
phone: + (371) 67558110, fax: + (371) 67555337, email: greitans@edi.lv, shavelis@edi.lv
web: www.edi.lv

ABSTRACT

The paper describes the processing of non-stationary sig-
nals, which takes the advantages offered by the use of signal-
dependent techniques in sampling and analysis procedures.
The level-crossing approach is exploited for signal sampling,
whereby the local sampling density provides information
about the local maximum spectral frequency of the signal.
The frequency is used to build signal-dependent reconstruc-
tion functions required for signal recovery by solving a least
squares problem. The results of simulation are presented
using speech as an example. The approach developed can
be implemented using asynchronous design techniques and
could be aimed at application in speech transmission over
wireless networks.

1. INTRODUCTION

The spectral contents of signals of practical interest often
change with time. Generally, a signal with time-varying
spectral bandwidth can be approximated with fewer samples
per interval using appropriate non-equidistantly spaced sam-
ples than using uniform sampling procedure, where the sam-
pling rate is chosen taking into account the highest signal
frequency. Intuitively speaking, the non-stationarity of the
signal should be reflected in the process of analog-to digital
conversion — the low frequency regions should be sampled at
a lower rate than the high frequency regions.

A special class of non-uniform sampling is derived if
the sampling process is driven by the signal itself — it is so
called signal dependent sampling. Popular types are based on
zero-crossing, reference signal crossing, level crossing and
send-on-delta concepts. Particular attention should be paid to
cases, where the local sampling density derives from the lo-
cal properties of the signal. One of the sampling approaches
with such a quality is level-crossing sampling, which will be
used further in the paper as a tool for digital data capture
from a continuous time signal.

2. LEVEL-CROSSING SAMPLING

The idea of level-crossing sampling (LCS) is based on the
principle that samples are captured when the input signal
crosses predefined levels. Such a sampling strategy has quite
long history and is exploited for various applications [1, 2].
The quantization levels can be located arbitrarily, however, if
there is no special reason, the typical solution is to dispose
them uniformly along the amplitude range of the signal.

It has been shown that level-crossing sampling has sev-
eral interesting properties and is more efficient than tradi-
tional sampling in many respects [3]. In particular, it can be

related to the processing of non-stationary signals, because
the local density of samples reflects the local characteristics
of the signal [4, 5]. If a waveform is changing rapidly, the
samples are spaced more closely, and conversely — if a signal
is varying slowly, the samples are spaced sparsely. This prop-
erty allows tracking of the local maximum frequency in the
signal spectrum in order to use it for data analysis. Since the
level-crossing sampling scheme provides non-equidistantly
spaced samples, appropriate processing methods must be de-
veloped.

3. RECONSTRUCTION OF SIGNAL WITH
TIME-VARYING BANDWIDTH

Several methods for reconstruction of non-uniformly sam-
pled band-limited signals are used. For correct recovery,
they typically require that the maximal length of the gaps
between the sampling instants does not exceed the Nyquist
[6]. If a signal is non-stationary with time-varying spectral
bandwidth, the global satisfying of this requirement is not an
appropriate decision, because that provides redundant data.
The use of level-crossing sampling scheme can reduce the
amount of samples, because the intervals between samples
are determined by signal local properties and by the number
of quantization levels. The quality of processing can be im-
proved if the recovery procedure takes into account the local
bandwidth of the signal [7]. In the following subsections will
be discussed proposed idea and methods for reconstruction
using filters with time-varying bandwidth and for estimation
of local maximum frequency of signal from its level-crossing
samples.

3.1 Signal-dependent reconstruction functions

The sampling theorem states that every bandlimited signal
s(t) can be reconstructed from its equidistantly spaced sam-
ples if the sampling rate equals or exceeds the Nyquist rate
2Fax, Where F,,, is the maximum frequency in the signal
spectrum. The reconstruction in time domain can be ex-
pressed as

8() =Y s(ta)h(t — 1), ()

where $(¢) denotes reconstructed signal, N is the number
of the original signal samples s(z,) and A(z) is an appropri-
ate impulse response of the reconstruction filter, classically,
sinc-function

hy(t) = sinc(2mFpaxt) )



As the sampling instants #, = 57—, then the impulse re-
sponse )

h(t —t,) = hyi(t,t,) = sinc(2wFy a0t — nTT), 3)

where hy(t —t,) = h(t,t,) is written as the function of two
arguments. The reconstructed signal becomes

N—1
$) =Y s(ta)hi(t,1) )
n=0

If the signal with time-varying frequency bandwidth f,x(7)
is considered, then the sampling rate of the signal ac-
cording to Nyquist must be at least 2F,,,,, where F,,x =
max(finq(t)). In this case any information about the local
spectral bandwidth is ignored during the sampling process.
To take it into account, it is proposed instead of h(z,7,) to
use more general function

ha(t,t,) = sinc(P(t) — P(t,)) = sinc(P(¢) —nw),  (5)

where ®(t) = 27 [{ fiuax(t)dt is the phase of the sinusoid,
whose frequency changes in time as fiuq(¢), 7 > 0 and sam-
pling instants ¢, are chosen such that ®(,) = n7. If the signal
is stationary and band-limited fy,.x(¢) = const = Fp,y, equa-
tions (3) and (5) become equivalent. In case of non-constant
Smax(t) waveform of the reconstruction function h,(z,1,) and
the desired sampling instants #, are determined by fiax(?).
Samples are spaced non-equidistantly and the mean sampling
frequency can be less than it is required by Nyquist criterion,
which, in this case, should be satisfied rather in local than in
global sense.

3.2 Reconstruction algorithm

To apply the formula (4) for reconstructing the signal from
its level-crossing samples s(t,,), the recovery procedure in-
volves signal resampling from sampling set {#,,} to {t,}. The
new sampling values §(z,) are found by the method of least
squares to ensure the minimal error

M—1
Z (s(tm) _§(tm))2 = min, (6)
m=0
where
N—1
$(tm) =Y, $(tn)h(tm1) (7
n=0

Considering (6) and (7) the solution in matrix notation is ob-
tained .
S=SHH'H), (8)

where § = [§(0),3(t1),...,8(ty_1)], H is M x N matrix
whose element in row m and column 7 is A(ty,t,) and S =
[S(l()),s(ll), oo ,S(lel)].

In the level-crossing sampling case the values of $(#,)
are limited by two corresponding adjacent quantization lev-
els a, < §(t,) < b,, where a, € Q, b, € Q and Q is the set
of all quantization levels. This restriction can be written by
substituting

§(tn) =an+ (brz - an)km 9

where the coefficient 0 < k, < 1. The equation (9) for all
samples §(#,) can be written as

S=A+(B—A)oK, (10)

where A = [ao,m,...,aN,]], B = [bo,b],...,b]\/,]], K =
[ko,k1,-..,kny—1] and (o) denotes Hadamard product of two
matrices. From (8) and (10) it follows

SHH'H)"' -A

K=
B—A

1)

The solution (11) may provide coefficient values that lie out-
side the allowed interval limits of [0,1]. To prevent this
the minimization task (6) considering (7) and (9) should be
solved for k, values 0 <k, < 1. As it can be very time-
consuming, the coefficients obtained by (11) are roughly lim-
ited by (12)

0, if k,<O
kn=1(k,, if 0<k,<1 12)
1, if k,>1
Further the coefficients are made more precise considering
that the reconstructed signal between two successive level-
crossings is also limited by two corresponding quantization
levels. If we choose the uniform sampling set {7, } with high
enough density and indices u = 0,1,2,...,U — 1, then the
reconstructed signal according to (4) and (9) is

N-1

$(tu) =Y. (an+ (bn— an)kn) h(tu,1n) (13)
n=0

Every recovered sample $(#,) must lie between two corre-
sponding quantization levels ¢, < §(t,) < d,, where ¢, € O
and d,, € Q. For all samples this condition can be written as

C<(A+(B-A)oK)G! <D, (14)

where D = [d(),dl,...,dyfl], C= [Co,cl,...,CUfl] and G
is U x N matrix whose element in row u and column 7 is
h(ty,t,). The inequality in (14) is applied element-wise. Af-
ter the estimation of K according to (11) and (12) the veri-
fication of condition (14) follows, providing indices u’ that
do not satisfy the requirement. By randomly choosing one
of the indices u’ the index n is found for which the distance
|f,y —tn| is minimal. Then the coefficient k, is changed as
follows
k(1 — ), if
n = {k,,(l —a)ta, if §ty)<c (15)

where 0 < o < 1 determines how fast the coefficient is de-
creased towards zero or increased towards one (we choose
o = 0.05). Thereafter steps (13), (14) and (15) are repeated
until condition (14) is satisfied for all u or fixed number of
iterations is reached. The fixed number should be set (we
choose 10N) because such technique can not guarantee the
fulfilment of (14). However, the number of indices u’ can be
reduced significantly by random selection of «’ and change
of corresponding coefficient k,, at each iteration. Random se-
lection is preferred since the new coefficient influences all
(1) values. The number of indices #’ can also be reduced if
instead of one coefficient two coefficients k, and k,, -1 corre-
sponding to $(t,) and §(t,+) with #, and #,| located most
closely to #, are changed and the condition (14) is made
softer by replacing the values ¢, and d, in matrices C and



D with ¢, — (d, —¢,)B and d, + (d, — c,)B, where B >0
(we choose f = 0.05).

For calculation of H and G either impulse response (3)
or (5) can be used. In level-crossing sampling case better
reconstruction result is achieved by h(¢,2,) as it depends
on instantaneous maximum frequency of the signal. The re-
sampling instants #, are determined by fi..(¢), that in gen-
eral case is not known in advance. To solve this problem,
an algorithm is developed, which estimates the time-varying
instantaneous maximum frequency using information about
locations of level-crossings. Please note that instantaneous
maximum frequency stands for local bandwidth of the sig-
nal and is not the same as instantaneous frequency defined
through Hilbert transform.

3.3 Estimation of instantaneous maximum frequency

The local bandwidth of the signal can be estimated by find-
ing its time-frequency representation (TFR) using, for ex-
ample, short-time Fourier transform, wavelet transform or
Wigner-Ville distribution. These methods are developed for
uniformly sampled signals, however, there are some modi-
fications in order to find the TFR of non-uniformly sampled
signals [8]. The use of such approach is time consuming, thus
a simpler method should be considered. In [9] it is shown
how to obtain instantaneous frequency of the phase signal
sampled by level-crossings. However, signals of practical in-
terest are not so simple, thus the method based on empirical
evaluations is proposed.

To estimate the function fi.(¢) from samples s(z),
starting with the initial index value m = 0 two pairs of suc-
cessive level-crossing samples s(tm;,) = s(tm} +1)and S(tm',.’) =
s(tm./,/ +1) are found such that m > m’; and the difference
m'i —m
considering that m’jJrl =m'j. Foreach j =1,2,... the value

f(zj) is calculated as

is minimal. Thereafter the next two pairs are found

-1
f(tj) = (tm./,./ +tm./,~/+1 7tm;. 7tm;.+1) ) (16)
where |
tj= Z (tm;-’ Jrtm}’+1 *tm.’,. *tm;.+1) am

If a single sinusoid is sampled, then f(z;) = f(¢j41) for all
Jj and it equals the frequency of the sinusoid. If the signal
consists of more harmonics, then f(z;) for different j vary
around the average value of f = }25:1 f(t;), where J is the
total number of detected pairs within the observation time of
the signal. Experiments show that £ is close to the frequency
of the highest component. Thus, the estimate of function of

instantaneous maximum frequency fuqx(f) can be obtained
by {f(z;)} approximation with piecewise polynomials p}(r)
of order r. By choosing the number L > 1 the observation
interval of signal is divided into subintervals

AT, t € [ty15t2], (18)
where v =10, 1,... is the number of subinterval and

ti=yL +1j=yL+1
L= 5
Lim(v+ 1)L T j=(+1)L+1
2

19)

tv,Z =

£

.
.

/
f(t)

AT,

Figure 1: Piecewise polynomial p?(¢) approximation (the
number of samples per subinterval is L = 7).

For each subinterval AT, the coefficients
€yri€yr—1,...,€y1,6,0 Of polynomial pl(t) = e, " +
ev,r,ltr’l +---4e, 1t + e, are found to ensure

pho 1 () = ph(t) ), pL(1:2) O = ph (1:2)©)
Py (tv,l)(l) = pC(tv.,l)(l) ) P\r;(tV,Z)(l) = Pys (tV,Z)(l)

(r)

PLI(IV,I) = erz(twl)(r) ) erz(tvz)(r) = Pmrz+1(tw2)(r)

and the value of expression

v—1 (v+1)L )
Y [f(t;) = pi(z;)]” = min (20)
v=0 j=vL+1

is minimal. The denotation (...)(") means the derivative of
order r and V is the total number of subintervals. After solv-
ing the minimization task using the method of least squares,
the coefficients of polynomials p’,(r) are obtained and the es-
timate of instantaneous maximum frequency

];nax(t> = P;(t% iftv,l <t< L2 201

depends on the number L of samples f(¢;) per subinterval.
To reduce the dependency the final frequency estimate is ob-
tained by averaging fi,q.(¢) calculated for different L values.
The example of piecewise polynomial of order r = 2 approx-
imation when L = 7 is shown in Fig. 1.

4. APPLICATION TO SPEECH PROCESSING

Speech transmission is one of the most important and com-
mon services in telecommunication networks. One of the ba-
sic prerequisites for successful speech transmission over data
channels is the use of an effective speech encoding technique.
It should compress the speech signal at the sender’s end and
decompress the digital codes to reconstruct the speech with
satisfactory quality at the receiver’s end. The main concern
for system designers is to preserve the best speech quality
and at the same time reduce the necessary bit rate of data
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Figure 2: Different structures of speech transmission sys-
tems: (a) traditional clock-based; (b) proposed event-driven.

transmission. To achieve such efficiency more and more
sophisticated speech-coding algorithms are used that need
more memory and computational load.

On the other hand, it is attractive if electronic devices,
which perform speech transmission, can be miniaturized
with low power consumption, especially in wireless equip-
ment. A simplified block diagram of the “classical” speech
transmission approach is illustrated in Fig. 2a. Speech digi-
tizing is based on clock-driven analog-to-digital (A/D) con-
verter, which is followed by a digital signal processing (DSP)
block. As a result, the speech data can be compressed ap-
proximately ten times, which considerably diminishes the
power consumption of the sender (important for wireless sys-
tem) as well as the load on the data transmission channel (im-
portant for VoIP system).

The algorithm described above can be implemented in
an alternative structure of speech processing and transmis-
sion system, which is based on event-driven A/D conversion
and is proposed in [7]. The block diagram of the system is
shown in Fig. 2b. It can be seen that this structure provides
substantial simplification of the sender part of the system.
Application of the method developed to speech processing is
motivated by the properties of speech signals. Within the nat-
urally spoken language, pauses and disfluencies occur quite
often, which do not provide useful information from the point
of view of speech coding. In classical case they are extracted
after the A/D conversion during the speech encoding pro-
cedure, while level-crossing sampling based A/D converter
simply does not capture samples during pauses. In such a
way, it is possible to considerably decrease the data flow on
the ADC output without additional data encoding. A dif-
ferent application of the idea of signal encoding using level
crossings is discussed in [10], where signal is initially pre-
filtered using a filterbank and then each output is sampled by
level-crossings. Also in this case, the speech signal is taken
as an example for illustration of the method.

5. SIMULATION RESULTS

The performance of the signal-dependent algorithm was
tested on a speech signal taken from the TIMIT database
(/timit/train/dr1/mtpfO /sx335.wav; sampling frequency 16
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Figure 3: Fragment of the test speech sentence (samples as
black points) (a), and its STFT (black line shows the esti-
mated time-varying maximum frequency) (b).

kHz). The signal had been low-pass filtered with a cut-off
frequency of 4 kHz, and interpolated by sinc functions to
obtain level-crossing samples. Using 10 quantization levels
3301 samples were obtained during 3.8 seconds of the test
phrase (mean sampling rate is about 870 samples per sec-
ond). Uniform sampling at rate of 8 kHz provides 30400
samples. The waveform and the samples captured by LCS
are illustrated in Fig. 3a. The time-frequency representation
of the signal obtained by STFT is shown in Fig. 3b. The black
bold line represents the instantaneous maximum frequency

fAmax(t) of the signal estimated according to (21). From the
figure follows that the bandwidth of reconstruction filter will
vary in the spectral range up to 4 kHz.

After the estimation of fy:(¢) the calculation of k, ac-
cording to (11) follows. Only 20% of the coefficients ob-
tained lie inside the allowed interval limits of [0, 1], while the
rest 80% are limited by (12). To verify the condition (14) the
uniform sampling set {#,} of 64 kHz is chosen. In total, 30%
of reconstructed samples §(7,) calculated by (13) do not sat-

isfy (14) and reconstruction error \/ 5 YU (s(te) — $(tu))?
is 22 mV. However, after 10N repetitions of steps (13), (14)
and (15) the number is reduced to 8% and the error becomes
15 mV. The fragment of reconstructed speech is shown in
Fig. 4a as a solid line, while the dashed line represents the
original signal. The error signals |s(z,) — §(¢,)| before and
after iterative adjustment of coefficients are shown in Fig. 4b
as gray and black solid lines. It can be noticed that the am-
plitude of the error signal is decreased and does not exceed
the value of 40 mV, which is the distance between two quan-
tization levels. The average simulation time used by an or-
dinary personal computer (CPU frequency 2.66 GHz) for re-
constructing the signal is 10 times larger than the length of
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Figure 4: Reconstructed speech signal as black solid line (a),
and reconstruction error signals before (gray solid line) and
after (black solid line) iterative update of coefficients.

the signal and most of the time (up to 80%) is taken up by
iterative adjustment of coefficients.

The reconstruction result improves as the number of
quantization levels increases providing more level-crossing
samples. If there are 20 quantization levels, then during 3.8
seconds of the test phrase 8509 level-crossing samples are
obtained. When fi,4,(¢) is estimated the calculation of &, fol-
lows. Now 70% of the coefficients obtained by (11) are lim-
ited according to (12). In total, 31% of reconstructed samples
$(t,) do not satisfy the condition (14) and the reconstruction
error is 10 mV. After 10N repetitions of steps (13), (14) and
(15) the number is reduced to 9% and the error becomes 6.9
mV.

6. CONCLUSIONS

The proposed approach for non-stationary signal processing
uses signal dependent techniques: level crossing sampling
for data acquisition and applying of time-varying bandwidth
filter for signal reconstruction. The information carried by
level-crossing samples is employed in two ways — time in-
stants of samples are used to estimate the instantaneous max-
imum frequency of the signal, while the amplitude values
of samples are used in reconstruction algorithm. The recon-
struction procedure is based on solving a least squares prob-
lem to find the new samples of the signal at time instants,
which are determined by evaluated instantaneous maximum
frequency. The adjustment of new sampling values follows
by verifying if the reconstructed signal lies between corre-
sponding quantization levels.

Speech signal processing is demonstrated as one of the
application areas. Simulation results show advantages of pro-
posed method, which are related to the exclusion of pauses

and disfluencies from processing before A/D conversion as
well as to the possibility of decrease in sampling density. In
case of 10 quantization levels audio perception remains good,
while the number of samples is reduced 9 times in compari-
son with standard uniform processing.
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Abstract: an additional resampling procedure is needed before the

The paper describes the sampling method of nonstationYS€ of time-varying reconstruction filter, which will be de-

ary signals with time-varying spectral bandwidth. The re- chrlbeﬁ |n.nel;<t shectlon. he local lina densi f
construction procedure exploiting the low-pass filter with ote that in both cases the local sampling density reflects

time-varying cut-off frequency is derived. The filter ap- the Io%al bandvx_/]:dth IOf th% S|g(:]jnal, thgre;‘ore_ ?]amples are
plication in signal reconstruction from its level-crogsin spaced non-uniformly and advanced algorithms are re-

samples is shown. The results of computer simulationsduired for digital signal processing.
are presented.

2. Reconstruction of signal with time-
1. Introduction varying bandwidth

The spectral characteristics of signals of practical inter There are several methods used for reconstruction of non-

est often change with time. Generally, a signal with uniformly samp[ed band-limited signals. For correct re-
time-varying spectral bandwidth can be approximated covery, they typically require that the maximal length of
with fewer samples per interval using appropriate non- the gaps between the sampling instants does not exceed
equidistantly spaced samples than using uniform samplinghe Nyquist rate [5]. If the signal is non-stationary with
procedure, where the sampling rate is chosen taking intoime-varying spectral bandwidth, satisfying globallysthi
account the highest signal frequency. For example, let ug€guirement is not an appropriate decision, because this
inspect a signal with wide bandwidth regions and narrow Provides redundant data. The use of level-crossing sam-
spectral bandwidth in the rest of signal observation. It is Pling scheme can reduce the amount of samples, because
more efficient to sample the narrow bandwidth regions atthe intervals between samples are determined by signal lo-
a lower rate than the regions, where spectral bandwidth isc@ Properties and by the number of quantization levels.
wide. Solving this problem correctly requires the knowl- The quality of processing can be improved if the recovery
edge of the function of the instantaneous maximum fre- Procedure takes into account the local bandwidth of the
quency of signal. The paper will show two typical situa- Signal [6]. In the following subsections the proposed idea
tions. First, information about the time-varying bandwidt - @nd methods for reconstruction using filters with time-
is known a priori. In this case the deliberately non-uniform Varying bandwidth and for the estimation of local maxi-
sampling instants can be calculated in advance, and recor’Um frequency of signal from its level-crossing samples
struction is based on application of filter with appropri- Wil be discussed.

ate time-varying impulse response function. Second, the

signal-dependent sampling scheme - level crossing sam2.1 Idea of signal-dependent reconstruction
pling (LCS) is used for analog-to-digital (A/D) conver- functions

sion. The idea of level-crossing sampling is based on the_l_h ling th h bandlimited si
principle that samples are captured when the input signal' '€ Samp'ing theorem states that every bandlimited sig-

crosses predefined levels. Such a sampling strategy ha@als(t) can be recon_structed from its equidistantly space_d
quite long history and is exploited for various applicaion samples if the sampling rate equals or exceeds the Nyquist

[1, 2]. It has been shown that LCS has several interestingrf_iteQFmM’ Wherel',q is the max_'ml,*m,ffeq“e”CY'“ the
properties and is more efficient than traditional sampling signal spectrum. The reconstruction in time domain can be
in many respects [3]. In particular, it can be related to the expressed as

processing of non-stationary signals, because if a wave- N1

form is changing rapldly,_the _samp_les are spaced more i(t) = Z s(ta)h(t — tn), 1)
closely, and conversely — if a signal is varying slowly, the e

samples are spaced sparsely [4]. This property allows to

calculate the estimate of the function of the instantaneousvheres(t) denotes reconstructed signal,is the number
maximum frequency of signal from the positions of sam- of the original signal samplegt,,) andh(¢) is an appro-
ples. In this case to reconstruct the waveform of signal, priate impulse response of the reconstruction filter, ¢lass



cally, sinc-function
hi(t) = sino(27rFmaxt)

As the sampling instants, =
response

hy (t — tn) = hl(t, tn) = SinC(27TFmazt (3)

whereh, (t — t,) = h(t, t,) is written as the function of
two arguments. The reconstructed signal becomes

N-1

> s(ta)ha(t t)
n=0

If the signal with time-varying frequency bandwidth
fmaz(t) is considered, then the sampling rate of the sig-
nal according to Nyquist must be at le&dt,,, .., where
Frax = max(fmae(t)). In this case any information
about the local spectral bandwidth is ignored during the

)

s=+—, then the impulse

- TLT('),

8(t) = (4)

sampling process. To take it into account, it is proposed

instead of4 (¢, t,,) to use more general function
ha(t,t,) = sinQ®(t) — ®(t,)) = sing®(t) — nr), (5)

where ®(t) = 2w f(f fmaz(t)dt is the phase of the si-
nusoid, whose frequency changes in time fas,.(t),

t > 0 and sampling instants, are chosen such that
®(t,) = nw. If the signal is stationary and band-limited
fmaz(t) = const = F,..., Eq. (3) and (5) become
equivalent. In case of non-constafi..(t) waveform
of the reconstruction functiohs(t,t,,) and the desired
sampling instants,, are determined bY,,..(t). Samples

are spaced non-equidistantly and the mean sampling fre-

guency can be less than it is required by Nyquist criterion, .

which, in this case, should be satisfied rather in local than

in global sense.

2.2 Reconstruction algorithm

To reconstruct the non-uniformly sampled signal accord-
ing to equation (1), the reconstruction procedure involves
signal resampling to the equidistantly spaced samplmg se
{t..} with sampling periodAt = ¢,, — t,,_1
The estimation o&(¢,,) is possible according to the sim-
ple iterative algorithm [5] the idea of which is to inter-
polate the sampled band-limited signgt) by the sum
S5ty (t) = >, 8(tm )¢y, and filter it in order to remove
high frequencies. Piecewise linear interpolation, whech i
well suited to level-crossing samples, uggs consisting
of the triangular functions

t:fﬁ for ty,_1 <t <tn,
Um(t) = pge for ty, <t <tmyr,  (6)
0 elsewhere.

It is proved [5] that if the maximum length of the gaps
between the sampling instants,,, < ﬁ then ev-
ery s(t) can be reconstructed from the valugs,,) of an
arbitrary ,,,..-dense sampling set,, } iteratively. The
recovery algorithm can be written as:

=§O(t ):gs(tm)( )
So(t) = [ o(tn)];

tn) = 8i—1(tn) + 3(s—si_1)(tm) (tn); ()
t

0

>

K2

(
(
8i(t) = [ i(tn)]

(Y

Figure 1: Piecewise polynomia} (¢) approximation.

wherei indicates the number of iteration. The linear op-
eratorC denotes filtering as the convolution of samples
s(t,) with impulse responsk; (¢, t,,) of the filter accord-
ing to Eq. (4)

N-1

Cls(tn)] = Y s(tn)ha(t, tn)

n=0

(8)

The sampling of non-stationary signal using level-
crossing scheme does not ensure the satisfaction of the
requirementr,,,, < % Direct application of the
above described algorlthm leads to a considerable recon-
struction error, therefore two substantial enhancemeats a
introduced to the algorithm - performing resampling to the
non-equidistantly spaced values and the use of filter with
impulse responsés(t, t,) instead of classicab (¢, t,,).

The resampling instants, are determined b$(¢), which
depends ONfmaz(t), that in general case is not known

n advance. To solve this problem, an algorithm is de-
veloped, which estimates the time-varying instantaneous
maximum frequency using information about locations of
level-crossings.

2.3 Estimation of instantaneous maximum fre-
guency

tI'he obvious ways to estimate the local bandwidth of
the signal is by finding its time-frequency representation
(TFR) using, for example, short-time Fourier transform,
wavelet transform or Wigner-Ville distribution. These
methods are developed for uniformly sampled signals,
however, there are some modifications in order to find
the TFR of non-uniformly sampled signals [7]. The use
of such approach is time consuming, therefore a simpler
method is considered that is based on empirical evalua-
tions. R

To estimate the functiotf,,..(t) from sampless(t,,),
starting with the initial index valuen = 0 two pairs of
successive level-crossing sampslezsn;) = S(tm;.+1) and
S(tmy) = s(tm;_/H) are found such that/ > m/ and the
differencem// — m/; is minimal. Thereafter the next two
pairs are found considering that’, , = m}. For each
71=12,..

J*
. the valuef (t;) is calculated as

-1
ft) = (tmy Ftmypr =ty — tm3+1) 9
where

(ﬁ "+ tm;’-ﬁ-l — ﬁm; — ﬁm;--t—l) (10)

»-lklt—‘
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Figure 2: (a) Test signal sampled #yt,,) = nm and (b) frequency traces of its components.
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Figure 3: (a) Test signal sampled by level-crossings andgtinated instantaneous maximum frequeﬁgym (t) as solid
line, true instantaneous maximum frequency as dashedrith¢ @;) as black points.

If a single sinusoid is sampled, th¢it,;) = f(¢;41) for ensure
all j and it equals the frequency of the sinusoid. If the . NG
signal consists of more harmonics, thg(;) for different Ph-1(te1)™ = p
j vary around the average value pf= %Z}]ﬂ 1), P (b)) =p
where J is the total number of detected pairs within the
observation time of the signal. Experiments show thist :
close to the frequency of the highest component. Thus, thepl, . (t.1)) = pi(tx.1)" , ph(te2) ™ = Pyt ()™
estimate of function of instantaneous maximum frequency

(k)@ ph(te2)© = phyy (te2)©
(i) P (te2)® = pl o (te2) ™M)

fmax(t) can be obtained byf(t;)} approximation with
piecewise polynomialgj,(t) of orderr. By choosing the

numberL > 1 the observation interval of signal is divided

into subintervals

ATy ot € [tr1;tr2], (11)

wherek = 0,1, ... is the number of subinterval and

timkr + tj=kL+1
thlz'____jz____ﬂ
L=+ 1)L F Lj=(k+1) 141
2

(12)

tpo =

For each subinterval AT, the coefficients
Akyry Q=15 - - -, Gk.1, 0k, 0 Of polynomial pi(t) =
agt" + agr—1t""t + - + agat + apo are found to

and the value of expression

K—-1 (k+1)L

ST () - Bt = min

k=0 j=kL+1

(13)

is minimal. The denotation. . .)(") means the derivative
of orderr and K is the total number of subintervals. After
solving the minimization task using the method of least
squares, the coefficients of polynomigjgt) are obtained
and the estimate of instantaneous maximum frequency

fmam(t) = pZ(t)a if tk,l S t S tk,2 (14)
depends on the numbgrof samplesf(¢;) per subinterval.
To reduce the dependency the final frequency estimate is
obtained by averagin@mam(t) calculated for differenf
values. The example of piecewise polynomial of order
r = 1 approximation whet. = 7 is shown in Fig. 1

3. Simulation results

The methods described in previous section are applied to
reconstruct nonstationary signal from its nonuniform sam-
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Figure 4: (a) The difference between original and recoveigaial from its 349 level-crossing samples after 10 iteregi
and (b) reconstruction error (solid lines - reconstrucfiom level-crossings usinkk (¢, t,,), dashed lines - reconstruction
from level-crossings usinty, (¢, ¢,,), dotted line - reconstruction from samples obtainedlfy;,) = nr).

pless(t,) obtained in two different ways. The first one is pling for data acquisition and filtering with time-varying
when f,,..(t) is given and sampling instants satisfy bandwidth for signal reconstruction. The information car-
®(t,,) = nw (Fig. 2). The second way is by level-crossing ried by level-crossing samples is employed in two ways —
sampling andf,,,..;(t) is not known in advance (Fig. 3). time instants of samples are used to estimate the instan-
In the first case 239 nonequidistantly spaced samples weréganeous maximum frequency of the signal, while the am-
obtained during 200 seconds of the test signal, which con-plitude values of samples are used in reconstruction al-
sists of three sinusoids with constant amplitudes and time-gorithm. The reconstruction procedure is based on the
varying frequencies as shown in Fig. 2b. As the recon- use of iterative filtering with time-varying bandwidth fil-
structed signal according to Eq. (4) usihgt, ¢,,) differs ter. The enhancement of classical signal reconstruction
insignificantly from the original one, it is not illustrated approach is made by introducing signal-dependent, "non-
here. In order to obtain similar result in uniform sam- stationary” impulse response and resampling to the corre-
pling case, at least 360 samples would be required sincesponding, nonuniform sampling set.

the maximum frequency of the signal#$,,, = 0.9 Hz. Speech signal processing can be quoted as one of the po-
In the level-crossing sampling case 349 samples were captential application areas of the proposed algorithm. The
tured using 6 quantization levels (Fig. 3a). To recover thelevel-crossing sampling technique reduces the number of
signal the first task was to find the valugg;) according ~ samples and leads to effective signal coding approaches.
to Eqg. (9) in order to estimate the instantaneous maximum

frequency (14). In Fig. 3§(¢,) are shown as black points, References:

true fma.(t) as dashed line and calculatg?dm(t) as

solid line. The similarity between frequency traces is ob- [1] P. Ellis. Extension of phase plane analysis to quan-
vious. The second step was to recover the original signal  tized systems.IRE Transactions on Automatic Con-
according to Eq. (7) using level-crossing samples and esti-  trol, 4(2):43-54, 1959.

matedfmaz(t). The difference signad; () = s(t) — s;(t) [2] M. Miskowicz. Send-on-delta concept: An event-
after 10 iterationg = 10 is illustrated in Fig. 4a. The re- based data reporting strate@gnsors, 6:49—-63, 2006.

construction errox /% foT ei(t)2dt reduces as the number [3] E. Allierand G. Sicard. A new class of asynchronous
of iterationsi increases. It is shown in Fig. 4b as agrey ~ @/d converters based on time quantization. Ptoc.
solid line. The grey dashed line corresponds to recon-  Of International Symposiumon Asynchronous Circuits
struction error, when instead of time-varying bandwidth ~ and Systems ASYNC' 03, pages 196-205, 2003.

filter hy(t, t,,) the filter with constant cut-off frequency of  [4] M. Greitans. Processing of non-stationary signal us-
Frnae = 0.9 Hz and impulse responsg (¢, t,,) is used. In ing level-crossing sampling. IRroc. of the Interna-
this case the achieved result is not so good as the recon- tional Conference on Signal Processing and Multime-
struction quality remains only in intervals, where the sam-  dia Applications SGMAP’ 06, pages 170-177, 2006.
pling density is sufficient. The reconstruction error can be [5] H. G. Feichtinger and K. Grochening. Theory and
reduced by decreasing the distance between quantization practice of irregular sampling. 1994.

levels giving 437 level-crossing samples. It is shown in [6] M. Greitans and R. Shavelis. Speech sampling by
Fig. 4b as black solid and dashed lines. The dotted line  level-crossing and its reconstruction using spline-

corresponds to the first case whén...(¢t) is given and based filtering. InProceedings of the 14th Inter-

sampling instants,, satisfy®(t,,) = nm. national Conference IWSSIP 2007, pages 305-308,
2007.
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Introduction

Wireless sensor networks (WSN) are effective tool
for data acquisition and processing. Adaptive sampling is
widely used in WSN [1] to provide energy-efficient data
acquisition. Usually adaptive sensor sampling scheme
supports some adaptive sampling algorithms. The
algorithms modify sampling rate either controlling
sampling frequency or letting sensors to skip sampling.

Further energy savings in a WSN sensor node may be
achieved by adding some digital signal processing (DSP)
capabilities to the sensor node. That may decrease the
amount of transmitted data and may save energy because
the primary source of energy consumption in the sensor
node is the operation of the radio transceiver. The
implementation of adaptive level-crossing (LC) sampling
based DSP system is a solution for the energy-efficient
data acquisition, and for the decrease of collected data. LC
sampling method is chosen due to its built-in capability to
adapt to the speed of signal changes instead of controlling
sampling rate.

Recently several applications of non-conventional
processing DSP systems [2] that are using non-uniform
analog-to-digital converters (ADC) based on LC sampling
are proposed. Unlike the uniform sampling method, LC
sampling compares the signal with a set of reference levels
and samples the time interval during the moments when
the signal crosses predetermined reference levels. In
certain applications that results in decreased number of
data to compare with uniform sampling and allows use of
DSP system resources only when it is necessary [4].

Adaptive LC sampling based DSP system is different
from non-conventional processing DSP systems mentioned
above. It is using reference levels that are adaptively
spaced to an input signal in order to decrease the number
of used reference levels. Adaptive spacing leads to non-
equidistantly spaced reference levels. Such a DSP system
may be used for acquisition and pre-processing of non-
stationary [3,4] and non-linear signals, which are localized
in time.

Adaptive level-crossing sampling

Usually LC sampling methods [5,6] are used in non-
adaptive way. They assume that a difference between two
subsequent reference level values is fixed and reference
levels are spaced equidistantly. Equidistantly spaced
reference levels are not adapted to the input signal. Non-
adaptive approach requires the high linearity source for
reference levels, but simplifies calculations of sampled
data. Different approach is adaptive LC sampling that is
using non-uniformly spaced reference levels as is shown in
Fig. 1. Reference levels rl,+rl, are adapted to the input
signal by taking into account the signal probability
distribution function and the signal power spectral density.
Time intervals are sampled during the moments when the
input signal X(t) crosses the predetermined reference level
values rl;+rl, . They are marked as level-crossing events.

The subsequent quantization of the time interval between
two consecutive level-crossing events is performed with a
clock.

|’|4

Samples

I’|3

I’|2

rly

*
Level ;
crossing
events

T
== T

Fig. 1. Adaptive level-crossing sampling

Existing implementations of non-adaptive LC



sampling [5,6] are using different numbers of reference
levels. Limited number of reference levels requires their
optimal usage. It is shown in [7] that non-equidistantly
spaced reference levels are more preferable. We are
expecting that the adaptation of reference levels to the
input signal will result in the decreased number of levels
compare with the number of equidistantly spaced reference
levels. Our assumption is that at least two level-crossing
events on the signal slope are necessary to obtain fairly
accurate reconstructed signal. Number and spacing of
reference levels can vary depending from type of the input
signal. That requires the implementation of dedicated
control of LC sampling and resources that are able to
provide such control.

Implementation

Recent hardware implementations of LC sampling
ADC are presented in [6]. In [7,8] we offered to use a
microprocessor as an ADC controller for LC sampling
ADC. An example of such implementation is shown in
Fig.2. ADC controller with the microprocessor included is
programmable. It is easy to implement adaptive LC
sampling by spacing reference level values accordingly to
the input signal probability distribution function and by
changing timer clock frequency to adjust to the required
ADC resolution. ADC controller is testing the outputs of
comparators CMP1, CMP2 and reloading digital-to-analog
converters DAC1, DAC2. Unlike [6] DAC1 and DAC2
outputs may be non-linear. Depending from the type of
signal ADC controller allows use of several subsets of
reference levels that are adapted to the specific signal.

+ : CMP2
+ : CMP1

] Writel

DAC1 | o

}J DATA
L DAC2 Write2

Fig. 2. Adaptive LC sampling scheme implementation

Input
XV Signal

Timer

ADC controller

The performance of this architecture is limited by the
value of the maximum loop delay &,y . It determines how

fast the loop delivers output changes of CMP1 and CMP2
to the inputs of CMP1 and CMP2. J,,,, is total of delays

of ADC controller, DAC and CMP. For correct operation
of non-adaptive sampling 0,,,, should satisfy condition:

1)

max

<1/(2f . N), (1)

max

where N is the number of sampling levels and f,,, is the

maximum input signal X(t) frequency. At given

Omax Increase of N leads to the decrease of the bandwidth

of the input signal X(t) that can be sampled. To satisfy (1)
a compromise between N and f,, should be find. In

case of adaptive sampling &, should satisfy condition:

o

max max

<1/ M), )

where M is the calculated number of sampling levels for
the smallest used quantization step. Because of
M > N frequency limitations for adaptive LC sampling are
stronger.

As shown in [6] the ADC resolution based on no-
adaptive LC sampling scheme is determined with effective
number of bits (ENOB) that includes the hardware
resolution L :

L=1log, N . 3)

and the timer clock resolution.

The finite resolution of the timer clock introduces
quantization noise in time. According to [5] the
quantization noise depends on the input signal amplitude
and the resolution ratio R :

R= ftimer / fsignal > 4)

where fie is a timer clock frequency and fgg, is a

signal frequency. For a sinusoidal signal the signal-to-
noise ratio (SNR) is independent of the signal amplitude
and proportional only to the resolution ratio:

SNR =20logR—11.2dB . (5)

This means that doubling of the timer clock frequency
fimer Tresults in an increase in SNR by one effective bit

[5]. ADC resolution for adaptive LC sampling is defined
similarly to ADC resolution for non-adaptive LC sampling.
The reconstruction of the sampled signal is using
interpolation procedure and that can limit the maximal
achievable resolution. In order to evaluate the impact of
the interpolation procedure to the reconstruction of the
sampled signal several LC sampling schemes are simulated
with different number of reference levels N using
uniformly and non-uniformly spaced reference levels.

Simulation

Simulation of the non-adaptive and adaptive LC
sampling that is shown in Fig. 3 and in Fig. 4 is performed

T T
---input signal _
—reconstructed signal

O sampled data

Amplitude

6
Time (ms)

Fig. 3. Non-adaptive LC sampling and reconstruction of signal
Testl



to evaluate the quality of the sampled signal after
reconstruction and to estimate feasible values of reference
levels N .

Two signals Testl and Test2 were sampled using
both methods of LC sampling. Afterwards LC sampling
signals Testl and Test2 were reconstructed using sampled
data and MatLab cubic spline data interpolation function.
The reconstructed signals were analyzed using the
empirical mode decomposition (EMD) to evaluate the
quality of the signal LC sampling for both sampling
methods.

QO sampled data
—reconstructed signal
—---input signal

Amplitude

6
Time (ms)

Fig. 4. Adaptive LC sampling and reconstruction of signal Test2

The EMD is proposed by Huang et al. as a new signal
decomposition method for nonlinear and non-stationary
signals [9]. It is used as an alternative to traditional time-
frequency analysis methods. The EMD decomposes a
signal into a collection of oscillatory modes, called
intrinsic mode functions (IMF), which represent fast to
slow oscillations in the signal. We are using the EMD
based routine rParabEmd that performs the EMD
accordingly to the paper [10]. Fig. 5 presents the EMD of
the reconstructed signal Test2 that shows two decaying
oscillations and some residue value.

Amplitude
n A N o kN w s oo
T Ty T
A

I I I . . . . . I
1 2 3 4 5 6 7 8 9 10
Time (ms)

o

Fig. 5. Empirical mode decomposition of reconstructed signal
Test2 for N =9

The correlation between the input signals and the
reconstructed signals as well as the correlation between the
EMD of input signals and the EMD of reconstructed signal
is used to compare non-adaptive and adaptive LC sampling
methods. The calculations of the signal correlation were
performed using the expression (6) that represents a
MatLab function:

R = corrcoef (x,y), 6)

where R are correlation coefficients, X is an input and y

is a reconstructed signal.

Table 1 and Table 2 show that the correlation
between input signals and reconstructed signals is
depending from the number of sampling levels N and the
method of LC sampling. With increase of N the
differences of correlation between both LC sampling
methods is decreasing. In Table 3 and Table 4 correlation
between EMD of input signals and EMD of reconstructed
signals show poor correlation for the non-adaptive LC
sampling of the signal Test2. The signal Test2 presents an
exponentially decaying signal. Table 1 shows that in the
case of non-uniformly spaced reference levels good
correlation between an input signal and a reconstructed
signal is achievable at 9 reference levels. Comparison of
Table 1 with Table 2 shows that quality of the EMD of
reconstructed signals essentially depends from the number
of levels and their spacing. Reconstructed signals that were
sampled using the adaptive spacing of reference levels
have better correlation at the small number of reference
levels compare to signals that were sampled using
uniformly spaced reference levels. It is necessary to notice
that use of non-uniformly spaced reference levels requires
the knowledge of the input signal properties.

Table 1. Correlation between input signals and reconstructed
signals for different N with non-adaptive spacing

N Test 1 Test 2
5 0.8392 0.9376
7 0.9716 0.9907
9 0.9975 0.9910
13 0.9997 0.9927
16 0.9998 0.9989

Table 2. Correlation between input signals and reconstructed
signals for different N with adaptive spacing

N Test 1 Test 2
5 0.9735 0.9974
7 0.9937 0.9988
9 0.9991 0.9992
13 0.9999 1.0000
16 1.0000 1.0000

Table 3. Correlation between EMD of input signals and EMD of
reconstructed signals for different N with non-adaptive spacing

N Test 1 Test 2

5 0.7543 0.4161*
7 0.8056 0.8567*
9 0.9957 0.8617*
13 0.9994 0.8478*
16 0.9995 0.9152

*correlation is for a part of the reconstructed signal

Table 4. Correlation between EMD of input signals and EMD of
reconstructed signals for different N with adaptive spacing

N Test 1 Test 2
5 0.9409 0.8351
7 0.9640 0.9026
9 0.9981 0.9996*
13 0.9999 0.9998
16 1.0000 0.9998
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Baums A., Greitans M., Grunde U. Adaptive Level-Crossing Sampling Based DSP Systems // Electronics and Electrical
Engineering. - Kaunas: Technologija, 2009. - No. x(xx). - P. x-xx.

Adaptive level-crossing sampling based DSP systems are able to provide energy-efficient data acquisition and transmission. The
proposed sampling mechanism is a generalization of the sampling with equidistantly spaced reference levels. Two different sampling
implementations are offered. Simulation of the adaptive level-crossing sampling is performed to estimate the number of reference levels
and evaluate the quality of signal reconstruction. The approach is targeting non-stationary and nonlinear signals using non-conventional
digital signal processing methods. High correlation between input and reconstructed signal is supporting use of small number 9-16
sampling levels. Ill. 5, tab. 4, bibl. 10 (in English; summaries in Lithuanian, English, Russian).

Baymc A., I'peiitanc M., I'pynae Y. AnantuBabie DSP cucremMbl Ha OCHOBe JHMCKpEeTH3aLMHM IepecedyeHUM mopora //
JJIeKTPOHHUKA U dj1eKTpoTexHuKa.- Kaynac: Texnonorus, 2009.-Ne x(xx). — C.x-xx.

Apnantussbele DSP cucTeMbl Ha OCHOBE JUCKPETH3AIMY ITEPECeYeHUEM ITOPOTa IO3BOJIIOT YHEPrO-9KOHOMUYHBII cOOp NaHHBIX U
COKpaIlaroT 00beM HepeqaBacMbIX HaHHBIX. [Ipemnaraemslii MeToq IUCKpEeTH3AMU SIBIsIETCS 0000IIEHNEM METO/a AUCKPETU3ALUH C
PaBHOMEPHO PACIOJIOKEHHBIMU TNoporamu. IIpoBoaunocs MoAennpoBaHHE aJaNTHBHON TUCKPETH3allMU IMepecedeHHeM Iopora Juis
OINPE/IeNICHNs] YHClIa MOPOTOB M U OIEHKH KadecTBa BOCCTAHOBIEHHOro curHama. [logxom mpemHasHadeH Iuist 0OpabOTKH
HECTAIIOHAPHBIX W HENMHEHHBIX CUTHAJIOB C HCIONB30BaHMEM IH(POBBIX METOHOB 00pabOTKM CHTHANOB. BpICOKas cTemeHb
KOpPEILSIIUH NOATBEPIKAAET JOCTATOYHOCTH HCIONIB30BaHus 9-16 moporos npu puckperuzanuu. M. 5, tab. 4, 6ubn. 10 (na anrimiickom
S3bIKe; pedepaThl Ha JINTOBCKOM, aHIJIUHCKOM, PyCCKOM).
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