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Oz (en ¢ok 70 kelime):

Ozellikle radyo kanallarmin dogasi ve smurl bant genisligh kullanm gibi bazi temel engeller
gelecek nesil gezgin ve telsiz iletigim sistemlerinin tasarii ve gelistirilmesinde kargimiza dnemhi
bir problem olarak ¢ikmaktadir. Bundan dofayt, tim iletisim ag kapasitesini arttwrmalk igin radyo
spekturumunu etkin olarak kullanan alicilarin gelistirilmesi giintimiizde 6nemli bir aragtirma
alanint olusturmaktadir. Bu alicilarim en kritik bolimiinii olusturan kanal kestirimi, frekans ve faz
es zamanlama, denklegtirme ve veri dizisi sezimi problemlerinin iglem karmagikligi en az olacak
bir sekilde ¢oziilmesi gerekmekiedir. Ozellikle vetersiz kalan gelencksel ¢oziimlerin yerine son

villarda ileri sinyal igleme algoritmalarinm uygulama voniinde biiyiik ¢abalar sarfedildigi ve bu

cabalar sonucunda ¢ok bagarili sonuglar elde edildigi aoriilmektedir. Ozellikle Beklenti/En
Biivirkieme (Expectation/Maximization) ve ilgili vontemlerdeki (SAGE, HMM, Baum-Welch,

Monte- e SMC)  son  gelismelerden,  gezgin ve  telsiziletisim sistemlerinin - abio

tasarimiarindaki kritik fonksiyonlarm hizli ve hesap karmasikligi az olarak gergeklestirilmesini

cazip hale getirdigi anlagilmaktadir. Bundan dolayr bu projede alict tasarimlarinda kargilagilan ve
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Onsoz

Gezgin ve telsiz iletigim sistemlerinin alic1 tasarimlarinda karsilagilan ve islem karmasikligi gok
yiiksek olan 8zellikle kanal kestirimi, es zamanlama, denklestirme gibi tekniklerin etkin bir sekilde
gergeklestirilmesi i¢in gesitli ileri sayisal sinyal isleme algoritmalar1 gelistirilmistir. Bu kapsamda son
dénemde onerilen verici gesitlemeli turbo kodlanmis OFDM ve Asagl/ Yukan link MC-CDMA

sistemleri igin cesitli alici tasarimlar yapilmistir.

Daha sonra yapilacak ¢aligmalarda faydali olmast dilegi ile emegi gegen herkese tesekkiirler.

Bu ¢alisma 104E166 numarals TUBITAK arastirma projesi tarafindan desteklenmistir.
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islem karmasiklig &;dk yiiksek olan dzellikle kanal kestirimi, es zamanlama, denklestirme gibi
tekniklerin etkin bir sekilde gerceklestirilmesi i¢in gesitli ileri sayisal sinyal isleme algoritmalar

gelistirilmistir.
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OZET

Ozellikle radyo kanallarinin dogasi ve smirlt bant genisligi kullanimi gibi bazi temel engeller gelecek
nesil gezgin ve telsiz iletigim sistemlerinin tasarimi ve gelistirilmesinde kargimiza onemli bir problem
olarak ¢ikmaktadir. Bundan dolayi, tim iletisim ag kapasitesini arttirmak icin radyo spekturumunu
etkin olarak kullanan alicilarin gelistiriimesi giiniimiizde 6nemli bir aragtirma alanini olusturmaktadir.
Bu alicilarin en kritik boliimiinii olusturan kanal kestirimi, frekans ve faz es zamanlama, denklestirme
ve veri dizisi sezimi problemlerinin islem karmagsikligi en az olacak bir sekilde ¢oziilmesi
gerekmektedir. Ozellikle yetersiz kalan geleneksel ¢oziimlerin yerine son yillarda ileri sinyal isleme
algoritmalarmin uygulama yoniinde biiyiik gabalar sarfedildigi ve bu gabalar sonucunda cok basarili
sonuclar elde edildigi goriilmektedir. Ozellikle Beklenti/En Biiyiikleme (Expectation/Maximization) ve
ilgili yontemlerdeki (SAGE, HMM, Baum-Welch, Monte-Carlo, SMC) son gelismelerden, gezgin ve
telsiz iletisim sistemlerinin alict tasarimlarindaki kritik fonksiyonlarin hizli ve hesap karmasikhg! az
olarak gergeklestirilmesini cazip hale getirdigi anlagiimaktadir. Bundan dolayr bu projede alict
tasarimlarinda karsilagilan ve islem karmasikhgl c¢ok yiiksek olan ozellikle kanal kestirimi, es$
zamanlama, denklestirme gibi tekniklerin etkin bir sekilde gergeklestirilmesi icin gesitli ileri say1sal

sinyal isleme algoritmalarinin gelistirilmesi onerilmistir.
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ABSTRACT

Traditional wireless technologies are not well suited to meet the extremely demanding
requirements of providing the very high data rates with the ubiquity, mobility and portability
characteristic of cellular systems. Some fundamental barriers, related to the nature of the
radio channel as well as the limited bandwidth availability at the frequencies of interest, stand
in the way. Unique sets of efficient signal processing algorithms and techniques is the one of
the primary enablers that will allow lifting these limits. Especially, the deveiopment of
computationally efficient expectation-maximization (EM) and related methodologies (such as
SAGE, MCEM, HMM, Baum-Welch, sequential Monte Carlo) together with the availability
of inexpensive and rapid computing power made them very attractive for solving difficult
signal processing problem for the design of receivers in wireless communications.
Applications of advanced signal processing algorithms mentioned above include, but are not
limited to, joint/blind/sequence detection, decoding, synchronization, equalization as well as
channel estimation techniques employed in advanced wireless communication systems such as
OFDM/OFDMA, Space-Time-Frequency Coding, MIMO, CDMA and with Multi User
Detection, Time- and Frequency-Selective MIMO Channels. Although over the past decade

such methods have been successfully applied in a variety of communication contexts, many
| technical challenges remain in emerging applications, whose solutions will provide the bridge

between the theoretical potential of such techniques and their practical utility.




1. GIRIS

Gezgin ve telsiz iletisim sistemlerinin sundugu servislere olan yogun talep her gegen giin hizla
artmaktadir. Ancak, geleneksel gezgin ve telsiz iletigim sistemleri, kapasite, evrensel boyutta
gezginlik, yiiksek hizda veri ve ¢ogul ortam hizmetleri sunma gereksinimlerini yeterince
karsilayamamaktadir. Dolayisiyla, biitiin bu eksikliklerin giderilerek  gelecegin iletisim
sistemlerinin evrensel boyutta gezgin haberlesmeyi destekleyecek sekilde tasarlanmasi
amaglanmaktadir. Bu amaca yonelik olarak gezgin ve telsiz iletisim standartlarinin daha iyi
servis kalitesi, daha biiyiik kapasite ve akilli servisler saglayacak bigimde yenilenmesi ve

gelistirilmesi i¢in ¢aligmalar son yillarda biiyiik yogunluk kazanmigtir.

Ozellikle radyo kanallarinin dogas1 ve siirli bant genisligi kullammu gibi bazi temel engeller
gelecek nesil gezgin ve telsiz iletisim sistemlerinin tasarimi ve gelistirilmesinde kargimiza
6nemli bir problem olarak ¢ikmaktadir. Bundan dolay, tiim iletisim ag kapasitesini arttirmak
icin radyo spekturumunu etkin olarak kullanan alicilann gelistirilmesi giiniimiizde 6nemli bir
arastirma alanini olusturmaktadir. Bu alicilarin en kritik bolimiinii olusturan kanal kestirimi,
frekans ve faz es zamanlama, denklestirme ve veri dizisi sezimi problemlerinin islem
karmagiklig1i enaz olacak bir sekilde ¢oziilmesi gerekmektedir. Ozellikle yetersiz kalan
geleneksel ¢oziimlerin yerine son yillarda ileri sinyal isleme algoritmalarinin uygulama
yoniinde bilyiik ¢abalar sarfedildigi ve bu g¢abalar sonucunda ¢ok basanli sonuglar elde
edildigi goriilmektedir. Son literatiir ¢alismalarindan, Beklenti /En Biiyiikleme ve ilgili
yontemlerdeki (SAGE, HMM, Baum-Welch, Monte-Carlo, SMC) gelismeler, gezgin ve telsiz
iletisim sistemlerinin alic1 tasarimlardaki kritik fonksiyonlarin hizli ve hesap karmasikl1@1 az
olacak bigimde gergeklestirilmesini cazip hale getirdigi anlasiimaktadir [1], [2], [3], [4], [51,
[6, [71, {81, [91, [10}, [11]

Beklenti en bityiikleme (BEB) algoritmasi gezgin ve telsiz iletigim sistemlerinin fiziksel katmaninda
kanal kestirimi, denklestirme ve es zamanlama gibi gesitli sinyal igleme problemleri igin uyarlanmugtir
[3], [41, [51, (6], [71, (8], [91, [10], [11]. BEB algoritmasi, olasi paralel isleme uygulamalarinda ayri

ayr1 hesaplama yapma olanagl sunmasi bakimmdan klasik kestirimcilere gdre, 6zyineli bir alternatif




olusturmaktadir. Béylece ¢ok boyutlu kestirim problemleri daha diisiik boyutlu kestirim problemlerine

{istiiriilerek ortaya gikacak islem yogunlugundan kurtulabilmek miimkiin olmaktadir. Ozellikle yeni

o
nesil gezgin ve telsiz iletigim sistemlerinin gelistirilmesinde birgok sinyal isleme teknigi bir alternatif
vaklasim olarak sunulmugtur [4], [5], [6], [7], [8], [9], [10], [11]. Arastirma grubumuz tarafindan da
ileri sinyal isleme algoritmalarinin yeni nesil iletigim sistemleri i¢in gesitli uygulamar arastinimaktadir.
Ortagonal frekans bolmeli gogullamali (OFDM) sistemlerinde frekans ve faz eszamanlamasi i¢in BEB
algoritmasina dayali hizli ve iteratif yapida en bilyiik olabilirlik yéntemi &nerilmis ve bu algoritmalarin
Gze]liklé frekans-segici kanallar i¢in de ¢ok iyi sonuglar verdigi gosterilmistir [9], [10]. OFDM, uzay-
zaman/ uzay-frekans blok kddlam.all OFDM sistemleri i¢in hesaplama karmagiklii agisindan verimli,
veri desteksiz BEB algoritmasina dayali MAP (maximum a posteriori) kanal kestirim algoritmalari
Snerilmis ve basarimi analitik olarak incelenmistir [12], [13], [16], [17]. Ayrica, sakli Markov
model parametrelerinin kestirimi igin kullanilan ve BEB algoritmasinin 6zel bir hali olan Baum-Welch
algoriﬁnam da uzay-zaman blok kodlamal sistemlerde g6zii kapali kanal kestirimcisi gelistirilmesi igin

uyarlanmistir [14].

Diger taraftan gii¢lii bir istatistiksel ara¢ olarak bilinen Bayes Monte Carlo (BMC) y&ntemi son
yillarda 6zellikle iletisim alaninda ¢alisan aragtiricilarin ilgisini ¢ekmis ve bunun sonucunda pek ¢ok
kestirim/sezim problemine yeni alternatif ¢6ziim olugturmugtur [14], [15]. Bu yéntemin uygulamalari,
hesaplama yiikii agisindan olduk¢a yogun olmasima ragmen, hizli bilgisayarlarin yayginligi ve paralel
uygulamalar sonucunda oldukga zor sinyal isleme problemlerinin ¢oziimii igin ¢ekici hale gelmistir.
Ozellikle BMC yontemleri ¢ok zor ve dinamik telsiz ortamlarinda giivenilir ve hizli iletisim igin
algoritmalarin gelistirilmesine imkan saglamigtir [16], [17], [18], [19]. Bu yontem de yeni nesil
gezgin ve telsiz iletisim sistemleri i¢in, OFDM, uzay-zaman OFDM ve turbo kodlanmig OFDM

sistemlerinde alic1 tasarimi problemine ¢esitli senaryolar i¢in uyarlanmistir[16], [17], [19]

Giiniimiizde bilyiik 6nem kazanan yeni nesil gezgin—telsiz iletisim sistemlerinin en kritik b6limiinii
olusturan alicilarin tasarimlarinda simdiye kadar gelistirilmis geleneksel yontem ve teknikler yetersiz
kalmaktadir. Dolayisiyla BEB ve ilgili BMC yontemleri teori ve pratikteki telsiz haberlesmesi ve ileri
sinyal isleme arastirmalarmi etkilemekte ayrica haberlesme endiistrisine de biiyiik teknolojik ve ticari
etkiler ve iistiinliikler getirmektedir. Bu projenin temel amaci, alici tasarimlarinda kargilagilan ve islem
karmagikhig1 ¢ok yiiksek olan 6zellikle kanal kestirimi, es zamanlama, denklestirme gibi tekniklerin
etkin bir sekilde gerceklestirilmesi igin ¢esitli ileri sayisal sinyal isleme algoritmalarinin

gelistirilmesidir.




2 GENEL BIiLGILER

2.1 MOBIL HABERLESME KANALLARI VE KARAKTERISTIKLERI

Mobil haberlesme sistemlerinde genellikle alic1 ve verici antenler haberlesme kanalindaki mevcut
engellerden dolay1 birbirlerini direk olarak géremezler ve vericiden ¢ikan elektromanyetik dalga,
alictya birden fazla yol iizerinden gelmektedir. Coklu yol tizerinden aliciya gelen sinyaller, farkh
gecikmelere maruz kalarak fazinda ve genliginde rasgele degisimlere ugramaktadirlar. Aliciya gelen
bu sinyallerin toplami, elektromanyetik dalgalarin fazlarina bagli olarak yapici veya bozucu olabilir.

Bu sebeple gelen sinyallerin toplami, alinan sinyalin giiciinde dalgalanmalara sebep olmaktadir.

Diger taraftan sinyallerin kanalda cesitli gecikmelere maruz kalarak aliciya gelmesi, gecikme yaymimi
olarak adlandirilir. Sembol zamaniyla gecikme yayinimi arasindaki iligki, kanalin frekans cevabmi
etkilemektedir. Bu ifade agilacak olursa; goklu yol gecikmesi sembol siiresinden kiigiikse kanal
frekans-segici olmayan (diiz soniimlemeli), degilse frekans-segici olarak adlandirilir. Coklu yol
yaymminin yaninda ek olarak Doppler etkisi de mobil haberlesme kanalindan iletimi olumsuz
etkilemektedir. Aliciya gelen sinyalin gelis ag1ss, mobil birimlerin hareketine gore degismekte ve bu
degisim Doppler etkisi olarak isimlendirilmektedir. Alinan sinyalin frekansinda kaymaya sebep olan
bu etki kanallar1 zaman segici olan ve olmayan seklinde iki gruba ayirmaktadir. Sembol siiresinin
kanéldaki iligkili zaman arahgmdan oldukga diisiik oldugu durumda, kanal zamanda seg¢ici olmayan

yani diiz olarak, diger durumda ise zaman segici kanal olarak adlandiriir.

Frekans-segicilik ve zaman segicilik, séniimlemeli kanalin iki ayri 6zelligidir. Bu iki kavram, kanallar

icin ayri ayri ele alimirsa, mobil haberlesme kanallar1 dort ceside ayrilarak incelenebilir.
Diiz soniimlemeli kanallar: Zamanda ve frekansta degisime sahip olmayan kanallardir.
Frekans-secici kanallar: Kanalin frekansta secici, zamanda ise diiz oldugu kanallardir.

o

Zaman-secici soniimlemeli kanallar: Kanahn zamanla degistigi yani segici oldugu, frekansta ise diiz

s¢niimlemeli oldugu durumlardir.

Cift-segici soniimlemeli kanallar: Kanallarin zamanda ve frekansta segici oldugu durumlardir.




2.2 ILETiSiM KANAL MODELI VE KARHUNEN LOEVE (KL) SERi ACILIMININ
KULLANIMI

Cift segici soniimlemeli  kanallar  genellikle duragan sOniimlemeli kanallar  olarak
modellenmektedir[30]. Bu modele gore, kanalin bir sembol uzunlugu i¢in degismedigi ve art arda
gelen sembollerinin aralarinda iliskili veya bagimsiz olabilecegi varsayilmaktadir. Bu yaklasim zaman
b6lmeli ¢oklu erisim (TDMA), frekans atlamali genis spektrumlu (FHSS) ve OFDM gibi sistemlere
uygulanabilmektedir. Verici ve alici antenler arasindaki kanalin, duragan soniimlemeli bir kanal

oldugu, bir OFDM sembolii boyunca frekans-secici ve art arda gelen OFDM sembolii i¢in Doppler

e

frekansina gére zamanla degistigi varsayilmistir. Kanalin aynk zamanh temel bant egdeger birim
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basamak yamti “L " kanalin uzunlugunu gostermek iizere h, =[h,(n),--,h, (n)] olarak

tamimlanmaktadir. Bu durumda “ g .” verici anten ile alict anten arasindaki kanalin frekans yanit1 “n.”

ayrik zamani igin H ,(n) olarak gdsterelim.

Kablosuz iletisimde, kanaldaki degisimler temel islevlerine agilim yaklagimiyla modellenebilir{31].
Fourier ve Taylor seri agilimlari, polinom agilimi belirgin modellemede sik¢a kullanilan &nemli
agilimlardir. Bunlardan farkli olarak rastlantisal siireglerin temel agilimi igin bilinen diger etkili bir

yontem ise Karhunen-Loeve (KL) ag¢ilimidir. Ayrica KL agiliminin ¢ok yollu séniimlemeli kanallarin

benzetimlerinde de kullanilabilecegi gosterilmistir [32]. KL a¢ilim yontemiyle H  (n) ifadesini temel

birim dik islevlerin dogrusal kombinasyonlar olarak

H,(m=¥G,(n 2.1)

yazilabilir. Burada Y =[p. -y ] ler dik temel vektorlerini ve
G,(m=[G,,n), .G, (N,,m)] *ler agihm agirhik katsayilarini gostermektedir. Bu yontemle aym

istatistiksel Gzelliklere sahip sonsuz sayida H ,(n)’ler dretilebilir. Ayrica farkli temel islevleri

kullanarak tiirlii Gzelliklere sahip bagka kanallar da {iretilebilmektedir. Kanal iliski matrisinin

CH# = E[HﬂHL] dzdeger acilimi[44]
Cy, =YAY (2.2)

seklinde yazilabilir. Burada, A kanal iligki matrisinin 6zdegerlerinin olusturdugu kdsegen matrisi, ¥
ise 0z iglev vektorlerinin olusturdugu matrisi gostermektedir. Ayrica 6zdeger agiliminda elde edilen

s

6zdegerler de agirlik katsayilarinin varyanslarini “A = E {G ”GL} olugturmaktadir. Burada 6zdeger




matrisi A ‘nin kdsegen matris bigimde cikmast, karmagik Gauss rastlantisal degiskenler bigiminde

modellenen kanal katsayilarinin KL doniistimil sonucunda birbirinden bagimsiz hale doniistiiklerini

gostermektedir. Boylece kanal kestiriminde, KL doniigiimii sonucu elde edilen bagimsiz G, agihm

katsayilari kullamlabilir.

2.3 USSEL ALCALAN GUC-GECIKME PROFILINE SAHIP KANAL MODELI

Verici ve alici anten arasindaki OFDM kanalin frekans cevabt olan H (k) 'nmn iissel algalan giig-
gecikme profiline (power-delay profile)sahip oldugu 0(z,) = Cexp(-7,/7,,) ve kanalda meydana
gelen gecikmeleri ifade eden 7,’larm cevrimsel 6nek iizerinde tekdiize ve bagimsiz olarak dagildig

varsayllmigtir. € ise normalizasyon katsayisi olmak lizere OFDM kanal i¢in sirastyla farkls

altbantlara ait normalize edilmis ayrik kanal iliskileri (k,k") farkli altbantlari ifade etmek iizere[33]

1— e~L(l/rm,S+j27r(k'kl)/NC)

(e )1t +2m(k=k)IN,)

C, (kK" = (2.3)

seklinde tammlanmugtir. Burada “N_” kullamlan altbant sayisim, “L” kanalin derecesini,
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r_ 7 ise gii¢ gecikme profilinin ortalama azalmasim gostermektedir. Bir OFDM sembolil

boyunca sabit kanal parametreleri, gelecek diger OFDM sembolii igin Doppler frekansina gore

degisime ugrayacaktir. Farkli OFDM sembolleri igin ayrik iliski ifadesi Jake modeline gore

Jy@a(n-n)£,T) 2.4)
seklinde verilmistir. Burada J, sifinnci dereceden birinci cesit Bessel islevini, f, Doppler

frekansini, 7, ise bir OFDM semboliiniin gitmesi i¢in gerekli siireyi ifade etmektedir.

2.3.1 Zayiflayan Gii¢ Gecikme Karakterine Sahip Kanal Modeli Bilgisayar Benzetimleri

Verici antenden sinyallerin diigiiy katsayilari (6=0.2) olan yiikseltilmis kosiniis bicimindeki
verici stizgegleri ile bicimlendirilerek, 2.28 MHZlik bant genigliginden BPSK modiilasyon
teknigi ile iletildikleri varsayilmaktadir. Toplam iletim bandi 512 altbanta boliinerek iletim

stiresi 7., 1.052 usn'lik bolimi cevirimli onek olmak iizere toplam 136 psn'dir. Kanalin

ortalama gecikme siiresi ise 7, ~=0.263usn’dir. OFDM  kanaln frekans izgesinde




karakteristigini daha iyi anlamak igin asagida 6rnek bir OFDM kanalinin frekans ve zaman

izgesinin genlik yanitlan incelenmistir.
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Sekil 2.1: Zayiflayan gii¢ gecikme karakterine sahip bir OFDM kanalinin frekans izgesinin genlik
cevab1 (A) : Dogrusal (B): Logaritmik
Sekil 2.1°de goriilecegi tizere kanal frekans-segici bir 6zellik tagimaktadir. Sekil 2.2°de kanala
ait sekmelerin degisimi zamana gore incelenmis ve kanalin yaklagik 8 sekmeden olustugu
gOrilmiigtir. Maksimum Doppler frekansimun f;,, =10Hz olmasindan dolayi, bu benzetimde
kanal sekmelerinin (taps) zamanla degisiminin olduk¢a yavas oldugu gézlemlenmistir.
Kanalin frekans cevabinin zamanla degisimi ise, dogrusal ve logaritmik olarak sirasiyla Sekil
2.3 ve Sekil 2.4’te gosterilmistir. Kanalin zamanla degisimi, bir sonraki OFDM sembolii i¢in
(2.4) denkleminde ifade edildigi tizere Doppler frekansina ve iletilen OFDM semboliiniin
siiresine bagl1 olarak degistigi bilinmektedir. Artan maksimum Doppler frekans degerlerine
gore kanalin degisiminin gozlenmesi i¢in benzer bilgisayar benzetimleri 100Hz i¢in Sekil 2.5,

Sekil 2.6 ve Sekil 2.7°de verilmistir.
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$ekil 2.4: Ornek bir OFDM kanalinin frekans cevabinin zamanla degisen logaritmik genlik cevabi
Jom =10Hz
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Sekil 2.5: Zayiflayan gii¢ gecikme karakterine sahip bir OFDM kanalinin zaman sekmelerinin genlik

Sekil 2.3: Ornek bir OFDM kanalinin frekans cevabinin zamanla degisen genlik cevabi Som =10Hz
. cevabi f,,, =100Hz
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§ekil 2.4: Ornek bir OFDM kanalinin frekans cevabinin zamanla degisen logaritmik genlik cevabi
Jom =10Hz

flayan giig gecikme karakterine sahip bir OFDM kanalinin zaman sekmelerinin genlik

Sekil 2.2: Zayy
Sfom =10Hz

cevabi
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Sekil 2.5: Zayiflayan giig gecikme karakterine sahip bir OFDM kanalinin zaman sekmelerinin genlik

Sekil 2.3: Ornek bir OFDM kanalinin frekans cevabinin zamanla degisen genlik cevabi Som =10Hz S
, cevabi f,, =100Hz
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Sekil 2.3: Ornek bir OFDM kanalinin frekans cevabinmn zamanla degisen genlik cevabi Som =10Hz
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Sekil 2.4: Ornek bir OFDM kanalinin frekans cevabinin zamanla degisen logaritmik genlik cevabi
Jom =10Hz
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Sekil 2.5: Zayiflayan gii¢ gecikme karakterine sahip bir OFDM kanalimin zaman sekmelerinin genlik
cevabr f,,, =100Hz
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Sekil 2.6: Ornek bir OFDM kanalinmn frekans izgesinin zamanla degisen genlik cevab Sfom =100Hz
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Sekil 2.7: Ornek bir OFDM kanalimin frekans cevabinin zamanla degisen logaritmik genlik cevabi

£, =100Hz
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Sekil 2.6: Ornek bir OFDM kanalinin frekans izgesinin zamanla degisen genlik cevabt f;,, =100Hz
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Sekil 2.7: Omek bir OFDM kanalinin frekans cevabinin zamanla deisen logaritmik genlik cevabi
fom =100Hz




2.4 COST-207 KANAL MODELI

Bilimsel arastirma ve kalkinma konularinda iilkelerin ulusal diizeyde gergeklestirdikleri projeler
arasinda koordinasyonun saglanmasi amaciyla Ekim 1971'de olusturulan COST (Bilimsel ve Teknik
Aragtirma Alaminda Avrupa Isbirligi) birimi gesitli projelere imza atmistir. Bu projelerin en
6nemlilerinden biri elektromanyetik dalga yaymmimi hakkinda yapilmis, sayisal yerel mobil radyo
haberlesmesi isimli COST-207 projesidir[34]. COST-207 projesi dahilinde ¢oklu yola sahip mobil
haberlesme kanallari, uygulamadaki kanal modellerinin genis anlamda duragan (WSSUS) olduklan
varsayimina dayanarak modellenmigtir. COST-207 kapsaminda elektromanyetik dalgalarin yayinmimini

etkileyen ortamlar tipik olarak

i} Kursal bolgeler (RA),

il) Orta 6lgekli sehirler (TU),

ii1) Kotii yayinim kosullarma sahip bolgeler (BU),
iv) Daglik alanlar (HT)

olmak iizere 4 farkli gruba ayrilmistir. Onerilen mobil iletisim kanal gruplan i¢in Doppler ve gecikme
gii¢ spektrumlan Tablo.2.1 ve Tablo2.2’de veriimistir.

Tablo 2.1: COST-207 kanal modeline gore cesitli kanallara ait gii¢ gecikmesinin spektrum
yogunluklan S, (7) |

Yayilim Ortam1 | S, (1) Gecikme Yayihmi, T,

e 0707
RA Crs® ’ : s 0.7usn
0 , diger durumlar

cpye ™, 0<t<Tusn

TU 7 psn
0 , diger durumlar
cype M, 0<T<Susn

BU cyy€ T, S5<T<10usn 104sm
0 , diger durumlar
cHTe'3‘5”” , 027t<L2usn

HT 0.1c,,€° 7" | 15<7<20usn 20usn

0 , diger durumlar




Tablo 2.1°de verilen C,,,Cr, Cyy Cpyp Katsayilari | S, (7)d7 =1 olacak sekilde hesaplanip bu proje
ra»Cru CBU CHT ¥ h p

dahilinde

9.2
Cra = = o5 (2.5)

1
¢y =1 : (2.6)
Copr = 2 Q2.7
M 31-e) '

1
(2.8)

Crrp = g
W A=) /3.5+(1-¢e7)/10

olarak verilmistir. GSM sistemleri i¢in sembol siiresinin 3.7 zsn oldugu diisiiniiliirse Tablo 2.1°e gore

kirsal bolge (RA) kanal modeli, sinyal iizerine diiz séniimlemeli kanal olarak etki ederken, diger kanal
modelleri ise frekans-segici kanal olarak etki ctmektedir. COST-207 cahigmasinda  Doppler gii¢

spektrum yogunluklari Tablo 2.2°de verilmistir.

Tablo 2.2: COST-207 Kanal modeline gére Doppler gii¢ spektrum yogunluklar1 S, (1)

Cesiti S, (4) Yayilim Doppler
Gecikmesi Y aymimi
Jakes 1 0<r<05um | 7 /2
‘ 1=/ from) max
fmax
Gauss-1 +0.87 ) (f-04 2 05<r<2usm | 0.45f, ..
2(0.051 ) 2(0.11, )
Gauss-1I ~07Ff ) B T 228N 0.25f .
/1Z exp(_ (f?;(o lffma;z) )+10 15
Azexp(_(f+o.4jfm)2)
) 20.15f.)
Rice 2 | T=0usn 0.39
04 1/1—(f/j:m)+0.9125(f-«0.7]‘:m) S
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Tablo 2.2°de verilen A4 , A, katsayilar1 | S,(A)dA =1 olacak sekilde hesaplanip COST 207 projesi
2 h p

dahilinde

50 10'°

A= 4=
RN TS 2r(N10+0.15)f,

(2.9)

olarak verilmistir.

2.4.1 COST-207 Kanal Modeli i¢cin yapilan Bilgisayar Benzetimleri

Verici antenden iletilen sinyal, diisiis katsayisi (rolloff factor) 3=0.2 olan yikseltilmis
kosiniis bigimindeki verici siizgegi ile bigimlendirilmistir. Toplam iletigim band, 512 altbanda
boliinerek, iletim siiresi Ts, 40 wsn'lik kismui ¢evirimli 6nek (cyclic prefix) olmak iizere,
toplam 328 usn'dir. Bilgisayar benzetimlerde kullanilan TU ve BU kanallann
karakteristikleri Béliim 2.4’de verilmistir. |

Sekil 2.8 ve Sekil 2.9°da, sirasiyla kanalin frekans cevabinin ve zamandaki sekmelerinin
degisimleri TU kanallar icin incelenmigtir. Yapilan bu benzetimlerde, kanalin Beek kanal
modeline gore frekans-segiciliginin daha fazla oldugu gézlenmistir. Sekil 2.9°da kanala ait
sekmelerin ¢iziminde TU kanallarin zamanda yaklasik 10-15 katsayiya sahip oldufu
goriilmiigtiir. Ayrica, Sekil 2.10 ve Sekil 2.11°de yavas soniimlemeli olarak modellenen

kanalin frekans cevab, sirasiyla dogrusal ve logaritmik olarak incelenmisgtir.

. ; i i i
[5) 50 100 150 200 250 300 350 400 450 500

o] 50 100 150 200 250 300 350 400 450 500
Aitbandlar

Sekil 2.8:COST-207-TU kanalmin frekans izgesinin genlik cevabi
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(A) : Dogrusal (B): Logaritmik

Kanal Sekmeleri

Sekil 2.9: COST-207 - TU kanal modelinin zamana gore kanal sekmelerinin genlik degisimi
(fdmax=10 Hz, altband say1s1=512)

Zaman . Altbaniar

Sekil 2.10: COST-207 - TU kanal modelinin zamana gore frekans cevabmin dogrusal olarak genlik
degisimi (fdmax=10 Hz, altband say1s1=512)
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500

Zaman 0 o
Altbantar

Sekil 2.11: COST-207 — TU Kanal modelinin zamana gore frekans cevabinn logaritmik olarak genlik
degisimi (fdmax=10 Hz, altband say1s1=512)

TU kanal modeli i¢in artan maksimum Doppler frekans degerlerine gore, kanalin frekans
cevabinin ve zamandaki sekmelerin degisimlerinin artmasi beklenmektedir. Sekil 2.12°de TU
kanal modelinin zamandaki sekmelerinin degisimi incelenmis ve Sekil 2.9’a goére degisimin
oldukca hizh oldugu gozlemlenmistir. Ayrica, artan maksimum Doppler frekans etkisinin,
kanalin frekans cevabina olan etkisi, sirasiyla dogrusal ve logaritmik olarak Sekil 2.13 ve

Sekil 2.14’te incelenmistir.

BU kanallarda, iletisimin TU kanallara gore daha zor oldugunu, yani kanalin daha frekans-
segici oldugunu gostermek igin Sekil 2.15 ve $ekil 2.16°da, sirasiyla kanalin frekans yanitinin
ve zamandaki sekmelerinin degisimleri incelenmistir. Frekans-segiciligi fazla olan bu
kanallarin zamandaki sekme sayisiun yaklagik 20-25 oldugu goriilmiigtiir. Benzer sekilde, BU
kanallanin zamana gore kanal frekans cevabinin degisimi dogrusal ve logaritmik olarak Sekil

2.17 ve Sekil 2.18’de verilmistir.
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0.7

0.6

Kanal Sekmeleri Zaman

Sekil 2.12: COST-207 - TU kanal modelinin zamana gore kanal sekmelerinin genlik degisimi
(fdmax=100 Hz, altband say1s1=512)

500

Zaman : Altbanlar

Sekil 2.13: COST-207 — TU kanal modelinin zamana gore frekans cevabinin dogrusal olarak genlik
degisimi (fdmax=100 Hz, altband say1s1=512)
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0 0
Zaman Altbantar

Sekil 2.14: COST-207 — TU kanal modelinin zamana gore frekans cevabinin logaritmik olarak genlik
‘degisimi (fdmax=100 Hz, altband say1s=512)

. ®)

0 50 100 150 200 250 300 350 400 450 500
Altbandlar

Sekil 2.15:COST-207 BU kanalinin frekans izgesinin genlik cevabi1 (A) : Dogrusal (B): Logaritmik
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Kanal Sekmeleri . Zaman

Sekil 2.16: COST-207 — BU kanal modelinin zamana gore kanal sekmelerinin genlik degisimi
(fdmax=100 Hz, altband say1s1=512)

500

Zamen Altbanlar

Sekil 2.17: COST-207 — BU kanal modelinin zamana gore frekans cevabinin dogrusal olarak genlik
degisimi (fdmax=100 Hz, altband sayi1s1=512)
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Zaman Altbantar

Sekil 2.18: COST-207 — BU kanal modelinin zamana gére frekans cevabmin logaritmik olarak genlik
degisimi (fdmax=100 Hz, altband say1s1=512)
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3. GEREC VE YONTEM

Ozellikle son yillarda, geleneksel tekniklerin diginda cok hizly, islem karmagikligs az, Beklenti
En Biiyiikleme (BEB) ve Bayes Monte Carlo (BMC) tekniklerine dayali bagarimi yitksek
alict yapilan iizerinde galigmalar yapilmistadir. Bu galigmalar, arastirma grubumuzun daha
onceki yaptigi ¢aligmalar dogrultusunda, verici-gesitlemeli ve kanal kodlamali OFDM
sistemlerinde kanal kestirimi ve veri sezimi {izerinde yogunlagilmigtir. Proje amaglar
dogrultusunda, 6zellikle, kanal kestirimi/eszamanlama/denklestirme islemlerini daha etkin bir
bigimde gergeklestirmek igin, iteratif (turbo) yapidaki alicilarin, kod ¢oziicii tarafindan
kendilerine saglanan, yumusak (soft) bilgiyi en uygun bir sekilde nasi] kullanmalar1 gerektigi
arastinlmigtir. Bu dogrultuda verici ¢esitlemeli kanal kodlamali OFDM sistemleri i¢gin MAP
kanal kestirimi, EM algoritmasi yardimiyla gergeklestirilmis  ve sistemin bagarimini
belirlemek amaciyla yogun bilgisayar benzetimleri yapilmustir. Ayrica galismada, Onerilen
yapinin i$lemsely karmasikhig1 *geleneksel yontemlerle karsilastirilnug ve kanal Kkestirimi
sonucunda elde edilebilecek enaz karesel hata simrm veren “Degistirilmis Cramer-Rao Alt
Simr” (MCRLB) analitik olarak gikarilmugtir. Yapilan bilgisayar benzetimlerinde, onerilen
kanal kestirimcinin basarminin kuramsal alt simira yaklastg1 ve daha once onerilen kanal
kestirimcilerden daha iyi oldupu goézlemlenmistir. Aragtirma grubumuz bu ¢aligmadan
bagimsiz olarak siztemde olusan faz giriiltiistiniin kestirimi igin de bu donemde iterative
Monte-Carlo (SMC) teknigine dayali cesitli caligmalar gergeklestirmigtir. Yapilan bu
calismalarinin ayrintilan ve elde edilen sonuglar Bolim 3.1°de sunulmugtur. Ayrica proje
dnerisinde belirtildigi  tizere, tek kullanmicili alicilar igin proje kapsamlhda Onerilen alict
yapilar1 ¢ok kullameili alicilar icin de gozoniine alinmis, bu durumda her kullaniciya iliskin
parametrelerin birlesik kestirimi Goint estimation) i¢in yeni algoritmalar gelistirilmistir. Bu
cergevede ¢ok tasiyicili (Multi carrier) sistemlerin, Kod Boélmeli Coklu Erisim (CDMA)
sistemleriyle birlestirilmesi ile olusturulan MC-CDMA sistemleri {izerinde ¢aligmalar
yapilmigtir. Frekans-segici kanallarda yiiksek hizda ¢ok kullaniciy: destekleyen bu sistemler,
baz istasyonundan mobil aliciya iletisimi 6ngéren asaf link ve mobil kullanicidan baz
istasyonuna iletigimi éngéren yukari link olarak iki ayr1 durﬁm icin incelenmistir. Yapﬂan bu

¢aligmalarimn ayrintilarn ve elde edilen sonuglar Boliim 3.2°de sunulmustur.
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1.1 STBC/SFBC- OFDM SISTEMLERI ICIN KANAL KESTIRIM TABANLI TURBO
ALICI TASARIMLARI

Yeni nesil genis bandl kablosuz mobil iletigim sistemleri iizerinde ¢alisan aragtirmacilarin hedefi
kablolu iletisim sistemleriyle rekabet edecek yiiksek hizda ve kalitede iletisim saglayabilen teknolojiler
geligtirmektir. Miimkiin olabilecek en iyi sistem verimliligini saglayacak teknikler iizerindeki
cahgmalar yogun olarak siiriidiiriilmektedir. Kablosuz iletisimde giivenilir bir iletisimin yapilmasini
engelleyen ve kablolu sistemlerle rekabetini zorlagtiran en 6nemli neden, ¢oklu yol yayinimlarindan
kaynaklanan  s6niimlemelerdir. Bu kanallarda hata oranin azaltilmasi bir bagka deyisle iletisim

kalitesinin artirilmasi oldukga zordur. Ornegin, toplamsal Gauss giiriiltiili bir kanalda efektif bit hata

oranini (BER) uygun modiilasyon ve kodlama teknikleri ile 107 den 10™ diizeyine indirebilmek i¢in
Sinyal Giriiltii Oraminda (SGO) 1-2 dB’lik bir arttinm yeterliyken bu baganmin soniimlemeli bir
kanalda saglanabilmesi i¢gin SGO’nin 10 dB’le kadar yiikseltilmesi gerekmektedir [20]. SGO oranmn
yiikseltilmesi mobil cihazin kullanim siiresinin artmasina sebeb olacak ve maliyeti yiiksek olan
giiglendiriciler kullanilmasini gerektirecektir. fletim giiciinii artirarak yeterli bir bagarim saglanabilse
de bu yeni nesil haberlesme sistemleri i¢in uygun bir ¢6ziim degildir.

Coklu yol etkisini azaltmak i¢in kullanilan geleneksel yontem verici gii¢ kontroliidiir. Vericinin
aliciyla iletigim kurarak kanal durumunu belirlemesi halinde, gonderecegi sinyalin gliciinii ayarlayarak
yapilan iletisimin kanaldan en az bigimde etkilenmesi saglanabilir. Ancak bu yaklagimda iki temel
tasarim problemi ile karsilagiimaktadir. Birinci problefn, vericinin kanaldan degisik diizeylerde sinyal
giicii gondermesi nedeniyle, vericinin gii¢ dinamik aralignin bilyiik dlgekte artmasidir. Diger bir
problem ise vericinin kanal bilgisine sahip olmas: i¢in ¢ift yonlii bir iletisimin kurulmas: gerektigidir.
Verici ve alic1 arasinda ¢ift yonlii  (kapalt)  iletigim kurulabilse de, bu sistemin karmagikligini ve

maliyetini artirmast nedeniyle uygulamada pek tercih edilen bir durum degildir.

Son donemde onerilen diger etkili bir ¢oziim ise zaman, frekans ya da uzayda gegsitlilik saglayan
teknik ve yontemlerdir. Kablosuz iletisimde hata bagarimini iyilestirmek igin birgok allci ve vericl
anten kullanimina dayanan bu kodlama teknikleri, farkl antenlerden iletilen sinyallere zaman ve
uzaya iliskin gegici ilintiler eklenmesiyle gergeklestirilmektedir. Boylece alicida cesitlilik saglanarak
bant genigliginden diin vermeksizin sistemin kodlama kazanci artirilmis olur. Uygulama agisindan
gerceklenmesi kolay ve etkili bu uzay ve zamanda cesitleme teknikleri basit bir alict yapisiyla

kablosuz iletisim sisteminin kapasitesini biiyiik dl¢tide artiracaktir.
Coklu anten kullanimi, alicida ve vericide kullamldig durumlara gore ise alici cegitlemesi ve verici

cesitlemesi olarak adlandmnilirlar. Alica gesitlemesi, alic1 anten gikiglarindan elde edilen sinyallerin

kanaldaki soniimlemeyi yok edecek sekilde uygun bir bigimde birlestirilmesine dayanmaktadir. Bu
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yontem, GSM ve IS-136 sistemlerinde mobil cihazdan baz istasyonu yoniindeki iletisim ( uplink)
i¢in kullanilmaktadir. Ancak alici ¢esitleme yontemi, mobil cihazdaki gili¢ ve fiziksel boyutlarda
kisitlamalardan dolaytr baz istasyonundan mobil cihaz yo6niindeki iletisimler( downlink) igin
kullanilmasi pek uygun degildir. Baz istasyonunda ise bu tiirden kisitlamalarin olmamasi nedeniyle
genel olarak ‘downlink’ iletisimde verici anten gesitlemesi kavrami ortaya ¢ikmig ve gelistirilmistir.
Diger taraftan verici anten ¢esitlemesinin kullanilmasi durumunda ortaya iki temel problem
¢ikmaktadir. Bu problemler, alicinin soniimlemeli kanahin anlik bilgisine sahip olmamasi ve iletilen
sinyallerin alictya gelmeden kanalda karigmasidir. Bu problemler, alic1 gesitlemesi yontemine kiyasla
bir takim ek islemlerin yapilmasi gerektigini gostermektedir. Verici gesitleme teknikleri agik ve kapali

¢evirim olarak siniflandirilmaktadir (Bkz. Sekil 3.1).

Kapali Sistemler Agik Sistemler

(Cift yonld iletigim) (Tek yonlt iletigim)

Sekil 3.1: Agik ve Kapali Sistemler

Kapal: sistemler; verici ile alict arasinda bir geri doniigiimiin oldugu ve bu geri déniisiim yardimiyla
vericinin kanal bilgisine sahip oldugu sistemlerdir. Bir ¢ok kablosuz sistem (gii¢ kontrol amagli) geri
doniisiim yoluna sahip kapali sistemler olmasina karsin, mobil cihazlarin hareketliliginin kanaldaki
degisim hizim artirdify ve mobil cihazin baz istasyonundan uzak mesafede olabilecegi de g6z oniine
alindiginda agik gevirim sistemlerin yeni nesil kablosuz iletisim sistemler igin daha uygun oldugu

goriilmektedir.

Son zamanlarda diiz séniimlemeli kanallar igin yiiksek basarimli uzay-zaman/frekans kodlayicilar ve
ML (En biiyiik olabilirlikli) kod ¢oziiciileri igeren verici g¢esitleme yontemleri iizerinde yogun
¢aligmalar yapilmigtir [20],[21],[22]. Ancak gergek uygulamalarda, diiz séniimlemeli kanallar igin
tasarlanan bu kodlayicilarin 6zelikle frekans-secici kanallarda ¢alismasi durumunda, kanal
parametrelerinin kestirilmesi ve denklestirme/kod ¢ézme islemlerinin alicilarda islemsel olarak
oldukga bilyiik yik getirdigi goriilmektedir. Genis bandli kanallarda ise uzun siireli gecikme

yayimmindan dolay1 kestirilmesi gerekli kanal parametreleri ve kod ¢6ziimiinde kullanilacak durum
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sayist biiyiik oranda artmaktadir. Bu durumda karmagik sinyal isleme algoritmalarina gereksinim

duyulmaktadir.

Birbirine dik birgok alttagiyici iizerinden sinyalleri paralel olarak gondererek uzun kanal birim
basamak yanitinin etkisinden kurtulmayi saglayan Dikgen-Frekans-Boliisiimlii-Cogullama (OFDM)
sistemleri {izerinde son yillarda yogun aragtirma ve gelistirme galigmalari yapilmaktadir. Ozellikle,
OFDM’in verici ¢esitleme yo&ntemleriyle birlestirilmesi durumunda, verici ¢esitleme islemlerinin
frekans-segici kanallarda daha diisiik karmagikla gergeklestirilebilmesine olanak sagladigi ortaya
konulmustur [23]. Ancak iletigim sistemlerinde kullanilan servislerin artmasiyla birlikte, bilgi iletim
hizinda ve kalitesindeki artig talebi, kablosuz iletigsimde sistemleri verimli bir gekilde kullanan kanal
kodlama yo6ntemlerinin kullanilmasini kesinlikle gerekli hale getirmistir. Genel olarak kodlama
kazanc saglamayan verici ¢esitleme yontemleri igin dig-kanal kodlayicilarinin eklenmesiyle gerekli
hata bagarimina erigmek miimkiin olmaktadir. Son donemde kanal kodlama alaninda yo&nelim,
sagladiklar1 yitksek basarimdan dolayi, vericide paralel ve/veya seri bagh kodlayicilarin, alicida ise
yumugak-kararli, tekrarli-kod ¢oziiciilerin kullanildigi, turbo kodlamali sistemlerdir. Bu sistemlerin
Shannon-limitine yakin basartmlarda c¢aligirlarken  bile, kabul edilebilir bir  karmagiklikla
~gergeklestirilebilecekleri  anlagiimaktadir.  Verici gesitleme tekniklerinin - turbo yapisi ile
birlestirilmeleri durumunda, paralel ve/veya seri bagl kodlayicilar vericilere dig kodlayici olarak

eklenmektedir.

Turbo kodlar genel olarak serpistirici (interleaver) tarafindan ayrilmig paralel veya seri bagl kodlarin
birlestirilmesiyle olusturulmugtur ve genellikle yiiksek hizda iletisim igin gerekli olan bandgenisligini
arttiran diigiik iletim hizli kodlardir. Turbo kodlama kullanimiyla diisen iletim hizimi arttirmak igin
iletim hiz1 birden bilyiik olan verici gesitleme yontemleri kullanilabilir. Ancak literatiirden bilindigi
gibi Alamouti verici anten ¢esitleme tasarim [20] karmagik degerli bilgi igin diklik ve tam hizi
saglayan tek yontemdir. Diklik 6zelligi ise, ileriki boliimlerde agiklanacag gibi, kanal kestiriminde
¢ok onemli bir yeri vardir. Ayrica Alamouti kodlamasinin diklik yapisi iletim kanallarinin ayrimini
saglayarak denklesfiricinin karmasikligin1 azaltmaktadir. Bunun sonucu olarak, Alamouti teknigi
WCDMA, CDMA2000 gibi kablosuz haberlesme standartlarma girmis bulunmaktadir. Bu nedenle,
turbo kodlanmis verici gesitlemeli sistemlerin OFDM sistemleriyle biitiinlestirmesi ile olusacak yeni
yapilarin gelecek kusak iletisim' sistemleri isin milkkemmel bir ¢éziim olacag: anlagilmaktadir. Iletilen
sembolleri uzay-zaman’da dik hale getiren Alamouti yontemi tam uzamsal ¢esitlemeyi saglamaktadir.
Uzamsal yapiya ek olarak, frekans-segici kanallar iizerinden gok yollu ¢esitleme yapmak igin Alamouti
blok kodlama yéntemi frekans domeninde de gergeklestirilebilir. Bu sebeble verici ¢esitleme

sistemleriyle OFDM sistemlerinin kullanilmas1 durumda uzay-frekans kodlamal: sistem yapllarl ortaya

atilmistir.




OFDM sistemlerinde verici gesitliliginin kullanilmasi uzay-zaman blok kodlama (STBC) yaninda
uzay-frekans blok kodlama tekniginin de (SFBC) kullanilmasina imkan vermektedir. Kanal bilgisinin
alicida bilindigi veya kestirildigi varsayimi altinda, yavas soniimlemeli kanallar igin SFBC-OFDM
sistemlerinin STBC-OFDM sistemleriyle ayni bagarimi sagladigi, hizh séniimlemeli kanallarda ise
daha iyi bir bagarima sahip olduklari gosterilmigtir[24], [42]. Ayrica SFBC-OFDM teknigi islem
siirecini bir blok iizerinde tamamladig igin STBC-OFDM sistemlerine kiyasla gerekli bellegin yarisini
kullanmaktadir. Benzer sekilde, kod ¢dzme isleminde gecikme siiresi STBC-OFDM’de olusan
gecikmenin yaris1 kadardr. SFBC-OFDM tekniginde tiim alt kanallar altbandlardan olusan gruplara
ayrihr. Altband gruplama islemi uygun sistem parametreleri yardimiyla kod yapist ve ¢dzimiinil

basitlestirerek ¢esitleme kazanci saglamaktadir.

Verici ¢esitlemeli OFDM sistemleri igin kanal kestirimi Li’nin [25],[26] saligmalariyla yogunluk
kazanmustir. Ancak verici ¢esitlemeli OFDM yapilarina yonelik ilk ¢ahsmalar kanal kodlamasinin
kullaniimadigi sistemlerdir. Ozellikle OFDM tekniginin mutlaka bir kanal kodlayicisi ile birlikte
kullanilmast gerekliligi, son zamanlarda yapilan caligmalarin kodlu sistemler {izerinde yogunlagmasina
neden olmugtur. Bunun dogal bir sonucu olarak da, bir takim etkili ve hizh 1stat15t1ksel sinyal islem
algoritmalarinin ozellikle karmagik yapida iletigim sistemlerinin kanal, tasiyic1 frekans ve faz kayma
parametrelerinin kestirimlerinde genis bir uygulama alani buldugu gozlenmektedir. Ornegin, Beklenti
Enbityiikleme (EM) algoritmasi, uzay zaman blok kodlar1 igin 6nerilmis [5],[27] daha sonra OFDM
sistemleri ile biitiinlestirilmis dig kodlayicilarin kullamldigi ve kullanilmadigr sistemler i¢in
genellestirilmigtir [8],[281,[29].  Bu kapsamda, [8] de, dis kodlayict olarak turbo kodlamanin
kullanildigi, uzay-zaman blok kodlamali OFDM sistemleri igin EM tabanh bir enbiiyiik sonsal (MAP)
kestirimci onerilmistir. Yapilan bu galismada, iletilen sembollerin kanal kestiriminde direkt olarak
(pilot sembollerin) kullanildigs ve kanalin birkag OFDM sembolii boyunca degismedigi varsayilmustir.
Ayrica karistirilmis sinyallerin genel kestirimi igin teklif edilen EM algoritmasinin degisik bir
versiyonu konvoliisyonel kodlayicilarm kullanildig1 iletim gesitlemeli OFDM sistemlerine uygulanmis
ve elde edilen sonuglar, EM algoritmasinin hizlandirilmis bir versiyonu olan, SAGE algoritmasi ile
karsilastirnlmistir [28]. Bu cahsmada kanal en biiyiik olabilirlikli olarak zaman izgesinde kestirilmistir.

Ayrica, [28] deki galigmalar STBC-OFDM ve SFBC-OFDM sistemleri igin genisletilmistir [29].

Bu boliimde, litaratiirde 6nerilen EM algoritlarindan farklh olarak [5], [27], [8]. [28], [29] dis
kodlayicih STBC/SFBC-OFDM sistemleri i¢gin MAP-EM kanal kestirim tabanh bir turbo alici yapisi
onerilmistir. Daha once teklif edilen, iletilen veri dizisinin alicida bilindigini varsayan egitim dizili

. yaklasimlardan farkl olarak, bu ¢aligmada bilgi-desteksiz (non-data-aided) ¢alisan EM tabanli yeni bir
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kanal kestirim algoritmas: Onerilmigtir. Ayrica Karhuenen Loeve (KL) agilimi yardimiyla &nerilen

kanal kestirimcinin karmagikhiginin azaltilabilecegi gosterilmistir.

3.1.1 Kanal Kodlayicith SFBC-OFDM ve SFBC-OFDM Sistemleri I¢in Birlestirilmis
Sinyal Modeli

Sekil 3.2°de gosterildigi gibi ikili bilgi bitlerinden olusan b vektorii dig-kanal kodlayici tarafindan
kodlanmaktadir. Kodlanmis bilgi dizisi serpistirici tarafindan rasgele serpistirilmekte ve modiile
edilerek X(n) dizisine doniistiiriilmektedir. Sekil 3.2"deki serpistiricinin temel fonksiyonu, patlamali
(burst) hatélann olasihginin azaltilmasi ve kodlanmg bitler arasindaki iliskinin ortadan kaldirilmasidir.
Bu durum kullanilacak kanal kestirim algoritmasinm galimasi igin biiyiik dnem tasimaktadir. Son
olarak, modiile edilmis sinyal STBC/SFBC kodlayici tarafindan 2 anten ile OFDM altbandlarindan

aliciya iletilmektedir.

Tx1
O
F
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D
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Sekil3.2: Verici Cesitlemeli-Turbo Kodlanmis-OFDM Sistemleri igin Verici yapisi

k2l

N,_x1 boyutlu, kanal kodlanmis, serpistirilmis ve modiile edilmis “»n.” zaman aralifinda iletilen

sinyal X(n) = [X(nN,), X(nN, +1),--, X(nN, + N,)] ile, “k.” veri semboli
X, (m)=X(nN,+k) k=1..,N, (2.10)




Ile gosterilirse, bir OFDM blogunu olusturan veri sembol dizisi de
T
X(n)= |:X1 (n), X, (n),--, X, (n):l bigiminde ifade edilebilir. Verici ¢esitlemeyi saglayacak

kodlayicy, alt kanal gruplandirma islemiyle X(n) dizisini tek ve gift elemanlart X (n) ve X, (n)

olmak iizere Sekil 3.2°deki gibi iki gruba ayirir.

X, (1) =[ 2,000, () Xy a(0).X, ()]

. @.11)
X, (n) =[ X,(0). X, (n).+, Xy (0, X (m) | .

Tasarlanacak verici ¢esitlemesinin SFBC olmasi durumunda; kodlayic1 1. antenin ¢ift numarali

altbandlarindan X_ () dizisini, tek numarali altbandlarindan -X' (n) dizisini gondermektedir. Benzer
sekilde, X (n) dizisi 2. antenin ¢ift numarali altbandlarindan, X (n) dizisi ise tek numaral
altbandlarindan gonderilmektedir. Buna gdre 1. ve 2. antenden iletilen bilgi dizileri sirasiyla X, (n),

X, (n) olmak iizere,

X, (1) =[ Xa(m—X; ()., X ().~ X5, () |
: . (2.12)
X, (n) =[ X, (0, X5 ()., Xy, (), X, () |

T
seklinde gosterilebilir. N, adet alt tasiyicr igin alinan sinyal R, =|:R2 (m), R,(n)+ Ry (n)] ve

,
R, = I:R1 (n), Ry(n),-++, Ry (n)] olmak iizere tek ve ¢ift kisimlarina boliiniirse alicidaki isaret

R, (n)=X,(mH,, + X (mH,, +W,(n)
. \ ’ , (2.13)

R, (n)=-X,(mH, , + X, (mH,  +W (n)

seklinde ifade edilir. Burada X,(n) ve X, (n) kosegen elemanlan sirastyla X, (1) ve X, (n)

vektoriiniin elemanlar olmak iizere (N, /2) x(N,/2) boyutunda késegen matrislerdir. g . verici

anten ile alici anten arasindaki kanalin N sayida altbandi igin frekans yaniti N_x1boyutlu bir

.
Hy(n)=[Hﬂﬁl(n),H‘usz(i’l),"',H‘u,NC(n):| vektorii ile gosterilirse, H,(n), (2.14)'deki gibi

N_/2x1 boyutlu tek ve ¢ift elemanlarindan olusan iki vektorle ifade edilebilir.
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H,  (n)= [Hu,z (n),H, ,(n),-. HMNC (n):lT

L.€

_ . (2.14)
H, (m=|H, (00.H,().H,, (0]

M0

W, (n) ve W (n)vektorleri ise, OFDM alt bantlar igin (N_/2)x1 boyutunda ortalamasi sifir ve

varyansi o’ olan bagimsiz Gauss dagilimh giiriiltii vektorleridir. (2.13) denklemi bilgi sembolleri
X,(n) ve X, (n)'larin farkh kanallarin bitisik alt bant gruplarindan iletildigini gostermektedir. Kanal

parametrelerinin kestirimi ve bilgi dizisinin ¢6ziimii igin bitisik altbandlar i¢in karmasik kanal

kazanglarinin yaklagik olarak esit oldugu kabul edilirse H, ,(n)~H, ,(n) H,,(n)~H, (1), (2.13)

denklemi

[Re(n)}:[&‘(n) Xi(n)}{Hl,e(n)}{we(n)} s,
R,(n)| |=X,(n) X, (m)| H,,(m)]| | W, (n)

seklinde yazilabilir. Benzer sekilde STBC-OFDM sistemleri igin kodlayici X,(n) ve X (n) bilgi

vektorlerini “n ™ ve “n+1” olmak iizere iki ayri zaman aralifinda génderilmesi durumunda STBC-

OFDM sistemi igin alinan sinyal denklemleri

R(n) = X, (mH, (n) + X, (mH, (n) + W(n)

R(n+1) =X (mH,(n+1)+ X, (mH,(n+1)+ W(n+1) (2.16)

seklinde ifade edilebilir. Buna gore “n” anmmnda X, (n) 1. antenden X, (n) ise 2.antenden

iletilmektedir. Benzer sekilde “»n+1”aninda ise —X;(n) 1. antenden, X;(n) ise ikinci antenden

iletilmektedir. SFBC’de yapilan varsayimdan farkl olarak kanalin n. ve n+1 aninda degismedigini

kabul ederek
R(n) | | X.(n) X,(n)| H (n) N W (n) @217
R(n+1)| |-X.(n) X.()|[H,m)| |W (n+1) '

seklinde yazabiliriz. Burada iletilen dizlerin boyutu (N,/2) x(N_/2) oldugu igin kullanilan

kanallarin alt band sayismm (N_/2) boyutunda oldugu unutulmamahdir. Sirasiyla SFBC-OFDM ve

STBC-OFDM igin alinan sinyal modelini ifade eden (2.15) ve (2.17) denklemi genel olarak




, R=XH+W (2.18)
bi¢iminde ifade edilebilir.

3.1.2 iletisim Kanal Modeli ve Karhunen Loeve (KL) Seri Aciliminin Kullanim

Cift-segici soniimlemeli kanallar genellikle blok soniimlemeli kanallar olarak modellenmektedir[30].
Bu modele géré kanalin belli bir blok uzunlugu igin degismedigi ve ard arda gelen bloklar arasinda
iliskili veya bagimsiz olabilecegi varsayilmaktadir. Bu yaklagim zaman-bolmeli-goklu-erigim
(TDMA), frekans-atlamali-genis-spektrum (FHSS) ve OFDM gibi sistemlere uygulanabilmektedir.
Verici ve alict anten arasmdaki kanalin blok soniimlemeli bir kanal oldugu, bir OFDM sembolii

boyunca frekans-segici ve ard arda gelen OFDM sembolii i¢in Doppler frekansina gore zamanla

[

degistigi varsayilmistir. Kanalin ayrik zamanh temel band esdeger birim basamak yaniti

h”z[hﬂﬁo(n),-“,h%,d(n)]r olarak tanimlanmaktadirr. Burada “L” kanalin uzunlufunu

Sstermektedir. Buna gére < 4. verici anten ile alici anten arasindaki kanalin frekans yanit1 “n.’
Y

ayrik zamani igin H ,(n) olarak gosterilmektedir.

Kablosuz iletisimde kanaldaki degisimler temel taban islevlerine agilim yaklagimiyla modellenebilir
[31]. Fourier ve Taylor seri agilhimlari, polinom agilim1 belirgin modellemede kullanilan bilinen dnemli
agihmlardir. Bundan farkli olarak rastlantisal siireglerin temel agilimi i¢in bilinen diger bir etkili

yontem ise Karhunen-Loeve (KL) agilimidir. Ayrica KL agtliminin gok yollu séniimlemeli kanallarin

benzetimlerindede  kullanilabilecegi gosterilmistir [32]. KL agilim yontemiyle H, (n)’i temel

birimdik islevlerin dogrusal kombinasyonlari olarak

H,(n=YG,(n) (2.19)

bigiminde  yazilabilir. Burada W =[y,,p,, ¥ n-1)’ler  dik temel  vektorlerini  ve
G,(n)= [Gﬂ’l(n),---,Gﬂ’NK,A(n')]T ‘ler agihm agirlik katsayilarim gostermektedir. Bu yontemle ayni

istatiksel ozelliklere sahip sonsuz sayida H ﬂ(n)’ler iiretilebilir. Ayrica farkli temel islevleri

kullanarak tiirli ozelliklere sahip baska kanallar da iiretilebilmektedir. Kanal iligki matrisinin

CH# = E[H”HL] oz deger agilimi




Cy, =YAY' (2.20)

seklinde yazilabilir. Burada A, kanal iliski matrisinin 6zdegerlerin olusturdugu kosegen matrisi, ‘¥

ise 6z islev vektorlerinin olusturdufu matrisi gdstermektedir. Ayrica zdeger agihmmda elde edilen

szdegerlerde agirlik katsayilarinin varyanslarini “A=E {G yGL} » olusturmaktadir.

Burada Ozdeger matrisi A’nin kdsegen matris bicimde ¢ikmasi, karmagik Gauss rastlantisal
- degiskenler bigiminde modellenen kanal katsayilarinin KL doniisiimii sonucunda birbirinden bagimsiz

hale doniistiiklerini gdstermektedir. Boylece kanal kestiriminde, KL déniisiimii sonucu elde edilen

bagimsiz G” ag1lim katsayilar1 kullanilabilir.

3.1.3 Kanal Kestirimi/Denklestirme

Turbo kodlamanin gelisimiyle, literatiirde yeni sinyal sezimi, yinelemeli kanal kestirimi ve kod
¢Oziimii teknikleri nerilmis ve yapilan arastirmalar, yinelemesiz yontemlerin yinelerﬁeli yontemlere
gore bit hata basanmlarinin daha iyi olduklarmi gostermigtir. Bu nedenle, bu projede  verici
~ cesitlenmis-turbo kodlamali-OFDM sistemleri igin Beklenti en biiyiikleme (EM) tabanli MAP kanal
kestirim yontemi onerilmektedir. Ayrik frekans doniistimi (DFT) tabanli zaman izgesinde yapilan
kanal kestirimeilerin drneklenmeyen uzayli kanallar igin izge sizintisina sebeb oldugu ve hata diizlemi
olusturdugu i¢in Snerilen algoritma frekans izgesinde caligmaktadir [38]{39]. iletilen sembollerin
kanal karistiric1 yardimiyla iliskisiz hale dontistiirilmesi  algoritmanim uygulamada kullanilmasini

miimkiin kilmaktadir.

Sezim ve’ kestirim isglemlerini birlestirmenin en genel yolu, gonderilen bilgi dizisi ve kanal
katsayll@hln birlesik olasihigini en biiyiikleme iglemidir. Bilinmeyen belirgin kanal modeli genel
olarak, iletim ortammin modellenmesinde kullanilmaktadir. Bu calismada ise, kanala ait istatiksel
bilginin (Kanalin altbandlari arasmdaki iliski) alicida bilindigi, Bayesian temelli bir yaklagim
beﬁimsenmistir. Yapilacak kestirim islemiﬁde H’in onciil (a priori) PDF’i verilmis raslantisal bir
degisken oldugu varsayllmakta ve boylece kanala ait var olan dnciil bilgi, kestirimcinin Bayesian

yaklaslmlyla‘ daha dogru islem yapmasmni bsaglamaktadlr. Bulunacak MAP Kestirimei ifadesi

gozlemlenen R vektdriine gore
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H, , =arg max [p(HlR)] (2.21)

seklinde yazilabilir. KL seri agtlim yardimiyla kanala ait raslantisal degiskenin iliskisiz taban islevleri
bulunabilir. Bu sebeble, KL agihmi iliskili olan ¢ok yollu kanal parametreleri kestirimi problemini,
iliskisiz katsayilarin kestirimi problemine doniistirmektedir. Buna gore MAP kanal kestirimei ifadesi

sonsal (posterior) PDF’i en bityiikleyecek sekilde

G yyyp = ArgMaX [ P(G]R)] (2.22)

yazilabilir. (2.22) denkleminden MAP kestirimini hesaplamak islem karmagikhig agisindan ¢ok yiiksek
bir eniyileme probleminin ¢ozimiini gerektirmektedir ve genelde analitik bir ¢oziimil yoktur. Sayisal
yontemlerle elde edilecek ¢oziimlerin ise karmagikligimn oldukga fazla olmasi nedeniyle uygulamada
pek gergekei degildir. Ancak problem itaratif EM algoritmastyla diisiik karmagikh bir sekilde
¢oziilebilir. Bu algoritma’ sonsal olasilik dagilim fonksiyonunun tekdiize artisint garanti altina alarak

timevarimsal bir yontemle G degerlerini yinelemeli olarak bulmaktadir. G ’nin ¢. iterasyon

adiminda kestirimini G ile gostererek, yardime islev olan

O(GIG”) =Y p(R,X,G)log p(R,X,G") (223)
X

ifadesinin enbiiyiiklenmesiyle elde edilir. fletilen kodlanmis sembollerin kanal serpistirici sayesinde
iliskisiz hale getirildigi ve es dagihmli olarak G’ den bagumsiz olduklar1 g6z Oniine alinirsa

PR, X,G),
log p(R, X,G) = 1og(X|G)+log p(R]X,G)+1og p(G) (2.24)

seklinde yazilabilir. Bu denklemdeki ilk terim, bilgi sembolleri esit olasilikli ve G ’den bagimsiz
oldugu igin sabittir ve sonugta kanal Kestirim ifadesini etkilememektedir. Ayrica giiriiltii bilesenlerinin
bunlardan bagimsiz oldugu gdz Oniine alinirsa, R sinyali igin logaritmasi alinmis kosullu olastlik

fonksiyonu,

log p(R|X,G) U [—(R—X\i'(;)T Z“I(R—X‘?G)] (2.25)
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seklinde yazilabilir. Burada "X", giiriiltiiniin varyanslarini gosteren ve elemanlari E[k,k] =0¢” olan

kosegen matrisi gostermektedir. (2.23), (2.24) ve (2.25) denklemlerini géz oniine alarak uzay zaman

blok kodlanmis sistemler i¢in “#” anindaki kanallarin biitiin altbandlarin1 ifade eden H vektérii
G= [G{Gg ]T = diag(W¥¥) olmak iizere ifade edilirken, Uzay frekans blok kodlanmis sistemler
icin  ise  kanallarin i;ift altbandlarinin  frekans vamtii  ifade eden H  vektorii
G:[G{eGg)g]T,‘i':diag(‘Pe ¥ ) seklinde ifade edilmisti. (2.23) denkleminin ¢oziimiini

kanallara ait onciil olasilik yogunluk islevini SFBC-OFDM ve STBC-OFDM sitemleri igin

tanimlayarak gergeklestirilebilir.

SFBC-OFDM durumu:

T o~
Soniimlemeli kanalin 6nciil olasilik yogunluk islevi G =[G1T,6G2T’QJ A =diag(A, A,) gostermek

lizere
(G0 exp(-GA™'G) (2.26)

olarak ifade edilebilir. Ayrica W :diag(‘i’e‘i’e) ve L =diag( LX) ifadeleri SFBC i¢in yazilirsa,

alinan sinyal modeli (2.13), kosullu olasilik dagilim islevini (2.25) ve &nciil olasihgi gosteren (2.26)

denklemleri g6z 6niine alinarak

PRIY,G)~ [ R, (m)~X,(0H,, ~X,(0H,, | Z[R,(m~X,(mH,, ~X,(WH,, | 227

R, 00+ X008, - X] (M, | £[R () + X! (M, , X (), ],

p(G)~-G| AG,, -G} AG,, (2.28)

1
iliskileri yazilabilir. (2.23) denklemini (2.27), (2.28) denklemleri ve X, ()| =|X, (n) =1

esitligini kullandiktan sonra G, , ve G, , "ye gore tiirev alinip sifira esitlenirse
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20 3y G [ (R X 0OR () - AG |
1e X
’ (2.29)

%9 > PR, X?G(‘”)[E"“I’e (XI (MR (m)+ X, (MR, ()~ H,, )- A;‘Gle} =0

2.e X

denklemleri elde edilir. Burada p(R,X,G(q)) ifadesi p(RtX,G(q)) ifadesi ile yer degistirilerek

X *ler iizerinden ortalamast alinirsa (2.29) denklemi

£, (1R () - £, (R, (1) -H,, )= A6,
) ) (2.30)
T, (X; (MR, (n)+ X (MR, (n) ——Hz,g) =A'G,,

seklinde yazilabilir. Burada X ,(m) ve X _(n) gonderilen sembollere ait sonsal olasiliklari gostermek
{izere g. iterasyonda MAP kod ¢oziicii tarafindan hesaplanacaktir. (2.30) denkleminden G, ve G,
ifadeleri cekilerek ve KL taban acilimi yardimiyla verici antenler ve ahci anten arasindaki kanallarin

’12 ’1"4 . )“NE }

b o 3
R I R N e

kestirimini ifade eden H(Z ve HY, (I+ZA)"! :diag(

olmak tizere

HD =¥, (1+ZA)) ] [)‘(jw’Re(n) ~X54>Ra(n)] 231)

B 0 EA) W [RIR )+ XOR, 00 (232

seklinde bulunabilir.

STBC-OFDM durumu:

T o~
Seniimlemeli kanalin dnciil olastlik yogunluk islevi G= [G{Gg] ,A =diag(A A) olmak iizere

2(G) 0 exp(-GA™'G) (2.33)
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olarak ifade edilebilir. Ayrica ‘i’:diag(‘i"i’) ve L=diag( LX) ifadeleri STBC i¢in yazilirsa,

alinan sinyal modeli (2.17), kosullu olasilik dagilim islevini (2.25) ve énciil olasilig1 gosteren (2.33)

denklemlerini g6z 6niine alarak

PRIX,G) =~ R(m)~ X, (H, ()~ X, ()H, ()] E[R(m)—X, (), ()~ X, ()H, ()]
RO+ ) +X1 (0B, ()~ X (H, () | [ RO1+1)-4.X ()H, ()~ X! ()L () |

P(G)=-GIAG, -GIAG, ' (2.35)

(2.34)

1
iliskileri yazilabilir. (2.23) denklemini, (2.34), (2.35) denklemleri ve ]I)(e(n)“2 =”X0(n)“2 :51

esithgi kullanmlarak yazildiktan sonra Gl’e ve G, , 'ye gore tiirev alinip sifira esitlenirse

% =R Y. G 2 W(X] (OR)— X, ()R() ~H ) ~A”G, | =0
O _
oG,

(2.36)
zpm,X,G“”)[Z"“P(Aj (MRn+1)+X, (n)R(n+1)—H2)—A"G2] =0

ifadeleri elde edilir. Burada p(R,X,G'") ifadesi p(R}X,G(Q)) ifadesi ile yer degistirilip X ’ler

tizerinden ortalamasi alinirsa (2.36) denklemi

z*'w()?j (mR(n)— X (n)R(n)- H, ) =A"'G,
R . (2.37)
z-‘w(x;(n)R(n +1)+ X, (MR(n+1)—H, ) =A"G,

seklinde yazilabilir Burada /\A’D(n) ve /\;e(n) gonderilen sembollere ait sonsal olasiliklar gostermek
lizere g. yineleme adiminda MAP kod ¢dziicii tarafindan hesaplanacaktir. (2.37) denkleminden G,

ve G, ifadeleri gekilerek ve KL taban agilimi yardimiyla verici antenler ve alici anten arasindaki

kanallarin kestirimini ifade eden Hﬁ:]) ve ‘ Hg":‘) ler,

A
(1+EA,™)" = diag| — & n

- o yrey olmak lizere
o+ A4 o+ 4, o'+,
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(D = w1+ ZA) P [ RIOR () - XORG+ 1) (238)

Ifl(zm) =W+ TATY! ! [Xg(q)R(n) + )?gq)R(n + 1)] (2.39)

seklinde bulunabilir.

ilklendirme:

Algoritmanin galismasida gerekli olan baslangig degerlerinin belirlenmesi i¢in vericide her OFDM

sembolii igine N, sayida pilot sembol yerlestirilir. Vericiden iletilen pilot semboller yardimiyla alt-

. . . . . PO " (03« .. v . N e .
orneklenmis bir sinyal modeli elde edilir ve Hf ’*ler icin dogrusal-enaz-karesel hata kestirimi

(LMMSE) yapilir[35]. Kanaldaki biitiin altbandlara ait cevabin elde edilmesi igin interpolasyon
yapilir. (Lagrange interpolasyon teknigi). Sonug olarak elde edilen kanal baslangi¢c degerleri EM
algoritmasinin yakinsamast igin kullanilir. Alinan R sinyaline gére EM algoritmasi kanal kestirimi ve

data kestirimini sirasiyla yinelemeli olarak gergeklestirmektedir. Buna gore kanal kestiriminin
baslangig degeri G” seklinde pilot sembollerinden elde edilmektedir. Iteratif enbiiyiikleme iglemi,

(g +1) iterasyon adiminda G seklinde ifade edilmektedir ve G?*" = arg max Q(G }G(q)) olarak
G

hesaplanmaktadir.

3.1.4 Yinelemeli Kanal Denklestirme ve Kod Coziimii Islemi:

EM algoritmasindan elde edilen kanal katsayilar yardimiyla, alinan R sinyalinden iletilen veri dizisi
basit bir matris ¢arpimlariyla bulunabilir. Bu béliimde 6nceden verilen kanal kodlanmig STBC-OFDM
ve SEBC-OFDM sistemlerine iliskin sinyal modellerini kanal denklestirme iglemleri igin tekrardan

asagidaki gibi yazilsin.

SFBC OFDM Durumu:
H, (n)=diag(H,,(n)), H,, (n) = diag(H, ,(n)) olmak iizere N_x N boyutlu kanal matrisi

.Hl,e(”) Hz,e(”)

H"{Hiom) ~H{a(n>} 240
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ve R= I:RET (n), RZ(n)]T , X= I:Xf(n), X! (n)]r JW = I:WET (n), WJ(n)JT seklinde tanimlanirsa

(2.13) denklemi kanal denklestirme igin
R=HX+W (2.41)

seklinde tekrar diizenlenebilir.

STBC OFDM Durumu:

H,(n)=diag(H,(n)), H,(n) = diag(H,(n)) olmak iizere N, x N_ boyutlu kanal matrisi

H:{ Hym)  Hy(n) J 242

HI(n+1) —Hl(n+1)

olarsk ve R=[R’(m.R'(n+D)] . X=[XI(m). X! ()] . W=[ W (m),W/(n)] seklinde

tanimlanirsa (2.16) denklemi SFBC modeline benzer sekilde kanal denklestirme i¢in
R=HX+W (2.43)

seklinde yazilabilir. Kanal frekans yamtinin bilinmesi durumunda (2.38), (2.39) ve (2.43)

denklemlerinden X ifadesini elde etmek i¢in bir ¢ok dogrusal denklestirici dnerilebilir. Bu ¢alismada

En-kiigiik-ortalamali-karesel hataya sahip (MMSE) kestirimciden yola ¢ikilarak, basitlestirmeler

yardimiyla Sifir-Zorlamali denklestirici (ZF) elde edilecektir. Burada X vektoriiniin ortalamasini X ,
ortak degisinti matrisini C; ve giiriiltiiniin ortak degisinti matrisini C;, gostermek iizere X ifadesi

igin MMSE kestirimciyi ifade eden 1) vektorii
- X topt 1R X
D=X+C;H'(H'C;H+Cy) (R-HX) (2.44)

seklinde hesaplanabilir. Kanal matrisi H ’nin Slgeklenmis birim matris oldugunu, SFBC kodlama

durumunda altbandlara ait kanal katsayilar1 i¢in le’e’k+H§,e,k ~1 yaklagimi, STBC kodlama

durumunda ise Hﬁ ' +H22,k ~1 yaklasgmmi yapilirsa, MMSE kestirimci ifadesi basitlestirmek igin

“ HYH ” ifadesi




H'H=~I, (2.45)

= 1 .
olarak yazlabilir. Ayrica Tiicker’in [36] ¢alismasindaki X =0,C; =—1 varsayimlar benimsenirse

(2.44) denklemi
D=(1+2021) H'R (2.46)

sekline doniistiiriilebilir. Burada giiriiltiiye ait ortak degisinti matriside C, =0 olarak alirsak dogrusal

denklestiricimiz sifir zorlamali denklestirici haline gelirki n(n) = H'W olmak iizere

D=H'R=H'HX+ny (2.47)

. olacaktir.

3.1.5 Al Yapist

Verici ¢esitlemeli kanal kodlanmis OFDM sistemleri igin 6nerilen alici yapisi Sekil 3.3°te verilmistir.

Aliciya gelen sinyal OFDM demodiilatériinden ¢iktiktan sonra pilot semboller yardimiyla kanal
kestirimi ve denklestirme islemi yapilir. Denklestirilmis sinyal {D} ters serpistiriciden gegirilir ve
{Z} sinyali elde edilir. MAP kod ¢éziiciiye giren {Z} sinyali i¢in  kanaldan iletilen kodlanmig

sembollere ve bilgi bitlerine ait Logaritma-Olasihk-Oran1 (Log Likelihood Ratio, “LLR” ) degerleri

hesaplanir. Bilgi bitlerine ait LLR degerlerinden {B,} bilgi bitleri kestirilir. Kodlanmis sembollere ait
LLR degerleri {Yj} ise serpistiriciden gegirilerek linear olmayan bir isleve uygulanir. Linear olmayan
islev blogu {Y]} dizisine ait yumusak degerleri hesaplayarak. {X} dizisini bulur. fletilen sinyale

iligkin kestirimi gosteren {X} dizisi 6nceden yapilan kestirim islemini iyilestirmek igin Xe(q) ve

f(o(") olarak kanal kestirimi isleminde kullanilir. lyilestirilen kanal kestirim degerleri ile tekrar

denklestirme islemi yapilir. Onerilen yineleme islemi belirlenen dongii sayisi kadar devam etmektedir. '
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Sekil 3.3 : Verici ¢esitlemeli-Turbo Kodlanmis-OFDM Sistemleri i¢in Onerilen Ahci Yapisi

3.1.6 Lineer Olmayan Islev

Turbo alict yapisinda MAP kod ¢6ziiciiniin hesapladigi kodlanmis sembollere ait LLR degerlerinin

yumusak degerleri linear olmayan islev yardimiyla hesaplanmaktadir. Buna gore kodlanmis sembollere
ait LLR hesaplamasindan a :1/\/5 icin P(X, =a) ve P(X, =-a) degerlerini bulalim. Kodlanmis

sembollere ait LLR

P(X, =- P(X, =-
L(X,)=log, (X, ——fﬂ =log, (X, =—a) (2.48)

P(X, =+a) | 1-P(X, = +a)
seklinde yazilirsa, (2.48) denkleminden P(X, =—a) ifadesi

v o)

P(Xk :—'CI): 1+em (249)

olarak elde edilir. Benzer gekilde, P(X, =—a) ifadeside
e 1
PX,=a)=1-P(X, =—a)=1- (2.50)

14" - 1+e"M

seklinde ifade edilebilir. BPSK modiileli sinyaller ig¢in X, ifadesinin beklenen degeri (istatiksel-

ortalamasi)
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X, = > x.PX,=x)=a(P(X, =+a)- P(X, =-a)) (2.51)

x,e{+a.~a}

seklinde hesaplanabiimektedir. Bu denklemde P(X,=+a) ve P(X,=-a) degerleri (2.51)de

yerlerine koyulursa, X, ifadesinin ortalamas

B eL(Xk) 1 eL(XA') __1
X, = a| ~gory ~ g |= Ty ~ @ enh(H(X,)/2) (2.52)

olarak bulunur.

3.1.7 Kanal Kestirimcinin Karmagikhgmin incelenmesi:

Frekans domeninde kanal kestirimi i¢in klasik Jinear-en-kiiciik-ortalama-karesel kestirimei ifadesi
SFBC sistemleri igin P, :Xz(q}RB(n)——X:)Ro(n), P, :Xy”RL,(n)Jr/\’:mRo(n) olmak iizere

asagidaki bicimde verilmistir[19].

H, =C, (£+Cy )P, (2.53)

Onden hesaplama

Benzer  ifade  STBC  sistemleri igin P = X" (MR- X" (n+ DR, (n+1),

P, = X" (n+DHR(n)— X" (MR(n+1) olmak iizere

H,=C, (Z+Cy )P, (2.54)
\__,__,.___.._V_.__—__.-_—J

Onden hesaplama

seklinde  yazilabilir ~ (2.53) ve  (2.54) denklemlerindeki Cy (2+Cy Yl ve
CHN (X, + C"N ) ifadeleri iletilen bilgi sembollerinden bag;rh51itoldugu i¢in snceden matris tersinin

alinmasiyla her bir kestirim ifadesi i¢in kullanilabilir. OFDM Kanalia ait altbandlara ait iligki islevi

ve kanaldaki giiriiltiiniin giiciiniin bilindigi varsayihrsa, SFBC ve STBC sistemleri i¢in dnceden

hesaplanacak kissm N_/2x N, /2 boyutlu bir matris tersi alma islemi gerektirmektedir. Bu matrisin

N_/2x1°lik P, vektorii ile carpumi islemi Nf /4 adet karmasik garpma iglemi gerektirmektedir.
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Ancak 6nden hesaplama islemi biiyiik boyutlu matris ters alma islemi gerektirdiginden iglem
karmasikh oldukga fazladir. Ayrica OFDM Kanalina ait altbandlara ait iligki islevi ve kanaldaki’
giiriiltiiniin giicliniin hakkindaki bilgide yapilan ufak hatalar matris ters alma isleminde katlamah
olarak artmaktadir[37]. Diger taraftan, tersi alinan matrisin boyutunun artmastyla yapilan hatada
artmaktadir. Bu yiizden gerekli matris tersi alma isleminden kurtulmak igin KL tabanh bir yaklagim
6nerilmistir. KL agiliminun kullaniimasiyla H ’a ait yinelemeli kanal kestirim ifadesi STBC sistemleri

i¢in
L - 1yt
H,=YI+IA")"¥'P, (2.55)

seklinde yazilabilir. Olusan islem karmagikhgini daha ¢ok azaltmak igin A késegen matrisinin en
biiyilk » elemanma karsilik gelen ‘¥ matrisinin sadece 7 siitiinunu olarak diisik rank yaklaguni

gergeklestirilebilir. ¥ matrisinin (N,/2)—r siitinunu iptal ederek (N,/12)xr boyutlu ¥,

matrisini ve 7 xr boyutlu I, matrisi kullamlarak kestirimcinin ifadesi

A _ - — T ) : !
H, =¥, 1+ZA )Y 'P, (2.56)

—
Onden hesaplama

A A
seklinde yazilabilir. Burada (I +‘Z.,A,’1)'1 = P yeres ol
A, +c A +0

2} olarak ifade edilmektedir.

Onden hesaplama iglemi yapilmasi durumunda diisiik rankh kestirimei ilk olarak nden hesaplanmis
rx(N,/2) matrisi ile (N,/2)x1 boyutlu P, vektorimii garpar. Daha sonra ise (N, /2)xr boyutlu
¥, matrisi ile ilk islemde hesaplanan 7 x1 matrisini ¢arpmaktadir. Sonucta yapilan toplam karmasik

¢arpma islemi N_r dir. Ton basina diisen karmagikhik olarak ifade edilirse dnceden belirttigimiz ters
alma isleminde meydana gelen olumsuzlardan kurtulmanin yaninda ton bagina diigen karmagsik carpma

islemi sayis1 N, /4’ten r’ye indirilmigtir. Benzer sekilde SFBC sistemleri iginde KL doniigimi
yapilip rank diigiirme islemi uygulandiginda ¥, matrisinin sadece “r> siitiinunu alarak elde edilen

¥, , matrisi yardimiyla

H,-%, d+24,,7)'Y,,"P, (2.57)

e
Onden hesaplama
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yazilabilir. Burada A A, kogegen matrisinin en biiyikk 7 elemani igeren rxr’lik kdsegen

er °*

matristir.

3.1.8 Degistirilmis Cramer-Rao Siniri

Bir parametre kestirim algoritmasinin erigibilecegi en iyi basarim, Cramer-Rao alt simrt (CRLB)
belirlenir. CRLB’nin hesaplamasi Fisher bilgi matrisinin (FIM) tersinin alinmastyla gerceklestirilebilir.

Elde edilen kestirim ifadesinde 6nciil (a priori) olasihginin kullanilmast durumda degistirilmis FIM

ifadesi, J,(G) onciil bilgiyi gdstermek iizere,

2.58
8G * oG’ 8G * oG’ (2:38)

J(G) Jp(G)

3,(G)0 ~E[a [np(RlG)}_E[azlnp(G)ﬁ}

seklinde ifade edilebilir[15]. Kanal taban islevlerinin katsayilarim ifade eden “G ™ ve iletim aninda
sisteme eklenen gﬁrﬁltﬁyﬁ ifade eden “W ’nin birbirinden bagimsiz oldugunu, giiriiltiiniin sifir
ortalamali ve iletilen sembollerin kanal serpistirici tarafindan birbirinden iligkisiz hale doniistiiriildiigii

g6z 6niine alinirsa, R ’nin alinmasi durumunda G ’ye ait kogullu olasihik iglevi

P(R|G) = E, { p(R|X,G)} [ —12—EX {(R-X¥G)' (R~ X¥G)} (2.59)
(@2

seklinde yazilabilir. Uzay-zaman blok kodlanmis sistemler Gz[G(Gg:IT, ¥ = diag(¥ ¥)

biciminde ifade edilirken, Uzay-frekans blok kodlanmig sistemler igin ise = G  vektori,
. T ~

G:[G{ EGL] LW =diag(¥,¥,) seklinde ifade edilmektedir. Genel ifadeden ayrilmaksizin

© (2.58) denklemindeki J(G)’ye ait tiirevleme islemleri (2.59) denklemine gore yapilirsa

olnpR|G) 1

el ?(R—X‘?G)*X‘i’ (2.60)

FInpRIG) 1 wr s

—B—Z;%GG—LJ:——%‘P*X*);‘I’ (2.61)
) (@2
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denklemleri bulunabilir. Ayrica verici gesitleme yontemleri olarak kullandigimiz STBC ve SFBC
kodlarmin (X'X =1) ve kanalin taban islevlerinin (‘i’*‘i’=l) diklik ozelligi sayesinde J(G)

ifadesini basitlestirilmis olarak

J(G) = ——1;1 (2.62)
(22

olarak yazabiliriz. (2.58) denklemindeki ikinci terim olan J,(G) ifadesinin tiirevleri ise G ’ye ait

onciil olasilik iglevi p(G)U exp(-G'AG) yardimiyla

oln p(R\G ~

np(Tt ):_GTA—J’ (263)
oG

&FInpR|G)
np( lT) A (2.64)
oG * oG

olarak bulunabilir. Degistirilmis FIM’e ait hesaplamay ifade eden (2.58) iliskisine gére bulunan (2.62)
ve (2.64) denklemlerinin negatif beklenti ifadeleri alinarak toplanirsa, degistirilmis FIM

1 ~
J,(G)=—T+A" (2.65)
O- -
seklinde bulunur, J,,(G) matrisinin tersi G ’ye ait MCRB ifadesini vermektedir
MCRB(G) = J;)(G). (2.66)

Buna gore elde edilen MCRB(G) ifadesi elemanlan J,,(G) matrisinin elemanlarinn tersine esit olan

kdsegen matris olarak bulunur.

3.2 MC-CDMA SiSTEMLERI

OFDM ve CDMA sistemlerinin kombinasyonunu ongéren MC-CDMA sistemleri her iki sistemin

avatajlarm kullanabilmek igin 1993 yilinda Onerilmistir [46],[47]. 1k dénemde bu sistemlerin
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basarimi kanal parametrelerinin alicida tamamen bilinmesi durumunda incelenmigtir. Yapiian
calismalarda, MC-CDMA sistemlerinde bilgi sezimi igin en kiigiik karesel kestirimei ve PIC (Paralel
Karigim  Engelleyici) sistemlerinin birlestirilmesini  ongdren (Timlesik MMSE-PIC) iteratif

yontemlerin iteratif olmayan yontemlerden istiinliigii gdsterilmistir[48].

Kanal bilgisinin alicida bilinmemesi durumunda ise, mevcut Snerilen bilgi sezim yontemlerinin
basarimlan Irgji tarafindan incelenmistir[49]. Pilot tonlar yardimiyla yapilan en kiigiik karesel kanal
kestiriminin (LS) basarimi, kanalin tamamiyle bilinmesi durumundaki basarimiyla karsilagtirlmig ve
PIC alicinin basarimmin sistemin ilklendirilmesinde kullanilan kanal kestirim ve bilgi sezimi islemiyle
oldukea ilgili oldugu goriilmiistiir. Ku/n ve Iraji’nin yaptig1 bu galigmalardan kanal kestirim isleminin

iteratif bir bicimde alic1 yapisina katilmas: gerektigi goriilmistir.

Tiim kullanicilara ait bilgi sezimi ve kanal kestirimi ne kadar iyi yapilirsa PIC aliciuinda o kadar iyi
¢alismasi, PIC yapisinin ilklendirilebilmesi i¢in genel sinyal modeline ait birlesik bilgi ve kanal
kestirim isleminin gerekliligini ortaya ¢ikarmistir. EM algoritmas) yiiksek karmagikli ve ¢oziimi
olduk¢a zor olan olasilik fonksyonlarnm en biiyiiklemesi i¢in Onerilen iteratif bir yontemdir.
Kanigtinlmig sinyallerin genel kestirimi icin onerilen yap1 [2] OFDM sistemlerinde yapilacak kanal
kestirimi i¢in dnerilmis SAGE bigimi ile karsilastinlmistir{28]. Ayrica daha sonra uzay-frekans/uzay
saman blok kodlamali OFDM sistemleri icin MAP kanal kestirimide bu yontemle gergeklestirilmistir
[15].

EM algoritmasi CDMA. sistemleri igin Nelson ve Poor tarafindan siirekli zaman kanal parametrelerinin
kestiriminden ziyade bilgi sezimi isleminin gergeklestirilmesi i¢in 6nerilmis ve genellestirilmis yapisi
olan SAGE bicimi ile kargilagtirilmistir[10]. Daha sonralari EM tabanli ahic1 yapilar yukari link DS-

CDMA sistemleri i¢in Kocian tarafindan incelenmistir[5 1].

3.3 ASAGI LINK MC-CDMA SISTEMLERI ICIN ALICI YAPISI CALISMALARI

Bu ¢alismada, frekans-segici kanallar {izerinden ¢alisan asagi link- MC-CDMA sistemleri igin
alicida kanal bilgisinin  olmamast durumunda, alici tasarimi problemine yaklasimda
bulunulmustur. Alicidaki paralel karisim engelleyicinin (PIC) diizgiin galigmasi i¢in gerekli
birlesik MAP kanal kestirimi ve bilgi sezimi isleminin "Beklenti-Enbiiytikleme (EM)"
algoritmas1 tabanl olarak yapilmasi ongoriilmiistiir. Ayrica, algoritmanin karmagikliginin
azaltilmasi i¢in kanal degisimleri rastgele bir siireg olarak modellenip Karhunen-Loeve (KL)

dik seri agihmui uygulannustir. Yapilan bilgisayar benzetimlerinde o6nerilen algoritmanin
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bagarimi daha 6nce onerilen algoritmalarn basarimlariyla kargilagtirilmig ve KL agilimi

sayesinde algoritmamn karmagikligimn azaltilabilecegi gosterilmistir.

Mobil hiicre igerisinde k. kullaniciya ait gonderilecek MPSK modiileli sembol b* ile gosterilmek

iizere toplam aktif kullanic1 sayismin K adet oldugu varsayilmaktadir. Baz istasyonu N_ boyunda

birimdik yayici seri yardimiyla b* semboliinii yaymaktadir. Her bir kullaniciya ait birimdik yayic1 seri

K _ ook Lk kAT . N . ko1 1
¢ =(c ,cz,...,ch) vektoril ile gosterilmek iizere, vektdrin her bir elemani ¢;, { N

degerlerini almaktadir. Biitiin kullanicilara ait yayilmisg semboller toplanarak ters ayrik Fourier
déniisiimii (IDFT) alinir ve daha sonra gonderilecek sinyale kanalda meydana gelebilecek gecikmeden
fazla olacak sekilde gevirimli 6nek eklenmektedir. Yapilacak kanal kestiriminin baslangig degerlerinin
elde edilmesi igin OFDM blogu igine esit araliklarla pilot tonlar eklenir. Bu ¢aligmada, notasyon ve
sinyal modelini basitlestirmek i¢in kullanicilar ait yayma miktarlarinin ayn1 oldugu ve OFDM

sisteminde kullanilan alt band sayisina esit oldugu varsayilmistir.

Gonderilen isaret frekans-segici kanal iizerinden aliciya geldiginde, isarete ait 6nek kaldirilarak aynk
Fourier doniistimii (DFT) uygulanir. Yapilan bu islemlerden sonra, yayma kod matrisi N, x K boyutlu
olmak iizere C=[¢',...,c*] ile, K adet kullaniciya ait iletilecek sembolleri gosteren b=[b,...0" Y

vektorii K x1 boyutlu olmak iizere elde edilen sinyal modeli
R=HCb+W | (2.67)

seklinde yazilabilir. Burada / elemanlar her bir altbanda ait karmasik soniimleme

katsayilarim ifade eden N, x N, boyutlu kosegen kanal matrisi, W ise kanalda eklenen
toplamsal giriiltiiyii ifade eden N_x1 boyutlu sifir ortalamal1 ve boyut bagina o’/2 varyansa

sahip Gauss dagilimli vektorii ifade etmektedir. Yayma dizilerinin dikligi ise C'C =1 olarak
yazilabilir. Bu ¢aligmada, gozlemlenen sinyal modeli (3.58)’e gore MAP-EM kanal kestirimi
snerilecektir. MAP-EM kanal kestirimi aym zamanda bilgi sezimi isleminin iteratif olrak
iyilesmesini saglamaktadir [41], [53]. Bir sonraki bélimde alici igin Onerilecek kanal
kestirimeinin ¢ikarimindan 6nce altbandlan arasinda iligkiye sahip kanaln, KL agilimi

yardimuyla iliskisiz kanal parametleri seklinde ifade edilebicegi gosterilecektir.
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3.3.1 Kanal Frekans Cevabimin KL A¢ilimi

Alic1 ve verici anten arasindaki séniimlemeli kanalin her bir OFDM sembolii i¢in degismedigi, diger

e

zaman aralifinda ise degistigi kabul edilmistir. Kanalin frekans cevabr frekans-se¢ici olarak
modellenmis ve iliskili altbandlara ait frekans cevabmi gosteren H=[H,,H,,....H) 1" vektorii KL

acilimi yardimiyla modellenerek birimdik taban fonksyonlarinin dogrusal kombinasyonu sayesinde

ifade edilebilmektedir. Birim dik taban fonksyonlar 1/, ile ve bu agilima ait agirlik katsayilarida G,
ile gosterilmek iizere, ¥ =[w o, >y ] ve G =[G, ---,Gy 1" vektorleri tanimlanarak alici ve

verici arasindaki mobil iletisim kanal
H=Y¥YG (2.68)

seklinde yazilabilir. Farkli ‘¥ ’lann (taban fonksyonlarmin) kullamlmasi sonucu farkli 6zelliklere

sahip kanallar modellenebilir. Kanala ait dzilinti matrisi C,; = E [HHT} olmak iizere

C, =¥PA¥’ (2.69)

seklinde 6z deger ve 6z vektorlerine ayristirilabilir. Burada A agirhk katsayilarinin varyanslarmi

gosteren kdsegen matristir ve A = E {GG"} seklinde ifade edilmektedir.

—a

'y
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Pitot Tapani
B Kesnnm
*
(g% £
omm1 : anai
Lol Demedtlaior PIC
Hesapianmas) Kestinmi

Sekil 3.3 Asag1 Link MC-CDMA sistemleri igin Alici Yapisi.
3.3.2 EM tabanh MAP kanal Kestirimi

MC-CDMA sistemlerinde frekans domeninde gergeklestirilebilen kanal denklestirme islemi kanalin
frekans cevabina ihtiyag duymaktadir. Zaman izgesinde kanal kestirim islemi gerceklestirilebilmesede,

ayrik Fourier doniisiimii (DFT) tabanl zaman izgesinde yapilan kanal kestirimcilerin 6rneklenmeyen
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uzayh kanallar igin izge sizintisina sebeb oldugu ve hata diizlemi olusturdugu bilinmektedir[38]. Diger
taraftan kanalin frekans cevabinin denklestirme isleminde direk kullanilmasi zaman domeninde
yapilan kestirimin tekrardan frekans domenine gegirilmesini zorunlu kilmaktadir. KL ag¢ilimi
yardimiyla (2.67) denklemi

R =diag(Cb)¥YG+W (2.70)

seklinde tekrar yazilabilir. (2.70) denkleminde G ’ye ait MAP kestirim iglemi

6 =arg max p(G | R) 2.71)

seklinde yazilabilir. (2.71) denkleminin enbiiyiikleme isleminin matematiksel olarak ¢dziimlenmesi
oldukga zordur. EM algoritmasi yardimiyla ¢oziim iteratif olarak gergeklestirilebilir. Coziimlenmesi

gereken bu problemde fam olan bilgi y = {R,b}, kestirilecek vektdér G ve eksik (tam olmayan ) bilgi

ise R seklinde tanimlanmaktadir. Bu durumda G ’ye ait kestirim islemi

O(G|G)=>" p(R,b,G")log p(R,b,G) (2.72)

Kullback-Leibler denkleminin iteratif olarak en biiyiikleme problemine déniigmektedir. Burada G

ifadesi G ’nin ¢. adimdaki kestirim islemini gostermektedir. (2.71)denkleminde verilen kosullu

olasilik fonksyonunun en biiyiikleme islemindeki monotik artis saglanabilir. (2.72) denklemindeki

log p(R,b,G) ifadesi Bayes kurali yardimiyla,
log p(Rb,G)=log p(HG)+og p(Rb,G }+og p(G) (2.73)
seklinde ifade edilebilir. (2.73) denklemindeki soldan ilk terim b ve G vektdrlerinin bagimsiz olmasi

ve b ’lerin esit olasilikli olmasindan dolay1 en biiyiikleme islemini etkilememektedir. Son terim G *nin

alicidaki birlesik olasilik yogunluk islevi

p(G)D exp(-G'A™'G) (2.74)

44



seklinde ifade edilebilir. Denklemdeki ikinci terim ise iletilen semboller b, ayrik kanal tanimlanmasi
G ’ler ve bagimsiz giiriilti bilesenleri goz 6niine alinirsa, alicida gozlemlenen R sinyaline ait kogullu

olasilik yogunluk islevi

p(R|bGYJexp [—(R—diag(a))‘{’G)TE"(R—diag(Cb)‘PG)} (2.75)

seklinde yazilabilir. £ burada N, xN_ boyutlu ve her bir eleman Sk, k}]=0" k=12,,N,

olmak iizere kanalda eklenen giriiltiiniin varyanslarin ifade etmektedir. (2.74) ve (2.75) denklemleri

yardimiyla (2.72) denkleminin G ’ye gore tiirev alinarak sifira esitlenmesi sonucu

Y. P(ROG Xy 'diag(b'CT L (Rdiag ((D)¥G)-A"G)=0 (2.76)
b

denklemi elde edilir. (2.76) denkleminde, denklem esitligi bozulmayacak sekilde p(R,b,G(q))
ifadesi yerine p(blR,G(q)) ifadesi konulabilir. b’ler iizerinden ortalamasi alinan (2.76) denk-

leminin (g +1). iterasyon i¢in G ’ye ait ¢oziimiinii ifade eden G vektdrii, g. adinda bilgi

sembollerine ait sonsal olasthklars 1 =[ﬁq)(l),r(q)(2),...,I*")(K)] vektorii gostermek iizere
GOV = (1T + A TR 2.77)

T = diag(CT'"Y, ‘, (2.78)

“

seklinde ifade edilebilir. T vektoriniin elemanlari olan ' (k)

IOk =3 bP(H* =b|R,G?) (2.79)

beS;

ifadesi QPSK modiileli sinyaller igin

T(q)

Z(q)=CT ([f[Tm[:]m + O’ZI)”II—A[ R
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olmak iizere

r(q)__J__l\/? tanr{l(/y_—g_]{e(z(ﬁ):\_,_j"a tm\:‘}g_ ]m(z(‘ﬂ)} (2.80)

hesaplanabilir. Son olarak ¢ . adimda herbir kullanicilara ait giden sembol dizisini ifade eden
b *vektorii, “csign” ifadesi csign(a + jb) = sign(a) + jsign(b) seklinde tanimlanmak tizere

~

1
(q) _ . (9)
=—-csign(l 2.81
b B & ) ( )

seklinde hesaplanabilir.

3.3.3 Belli sayida KL katsayisi kullanabilme:

Taban fonksyonlari iginden C,'¥ =Y'A denklemini saglayacak sekilde “7” tane taban fonksiyonu
secilmesiyle G hesaplama islemi yapilabilirki bu isleme katsay kesimi islemi denir. Olusacak hata

“¢, =G ~G,” seklinde tammlanirsa acilan taban fonksiyonlara ait ilk en biiyiik “7” adet 6z deger

alinmastyla ortalama karesel en kiigik katsay kesme hatasini ifade eden 4 E[¢le,] hesaplama islemi

1

—r

C

1 &
Elele)=—2.4 (2.82)

seklinde bulunabilir. KL actlimindaki katsay1 kesme islemi aslinda diisik rankl yaklagimi

olusturmaktadir. Boylece A matrisinin “7 ” rankh yaklagimininda N, —r adet eleman ihmal edilerek

-

»

A, =diag {21 s Ayt /lr} seklinde tanimlanabilir. {hmal edilen N, —r adet dzdeger, geri kalan {/11}121

6z degerlere kiyasla oldukga kiigiiktiir. Aslinda yapilan islem A matrisini agilimda etkin olan ve

olmayan sekilde ikiye ayirarak etkin kisimla G *nin hesaplamasina ait iyi bir yaklagim yapmaktir.

islemsel Karmagiklik : Kanal kestirimi H i¢in 6nerilen geleneksel LMMSE kestirimi

H=C, [CH +‘2(diag(Cb)Tdiag(Cb))"lr [diag(Ch)]'R (2.83)

*O(N? Yislemsel  karmasiklik
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3 . . -— ——1 . - -
olarak hesaplanabilir. (2.83) denklemindeki [CH +Z(diag(Cb)' diag(Ch)) ]] ifadesi, gonderilen
bilgi sembollerine bagli oldugundan 6nceden hésaplanamaz ve alicidaki hesaplama islemi matris tersi
almmasi gerekliliginden dolay1, islemsel karmagikhig1 oldukga fazladir. Ayrica Cy, ve X degerlerinde

yapilabilecek kiigiik hatalar, matris ters alma isleminden dolay1 kanal kestiriminde biiyiik degisimlere
sebep olabilmektedir. Dahas bu etki, tersi alinan matrisin boyutuyla orantili olarak artmaktadir [37].
Bu acidan KL agilimh yaklagim, biiyiik 6lgekli matris alma isleminden kurtulmak i¢in 6nerilmistir.

(2.68) ve (2.77) denklemleri ile H vektoriine ait iteratif kestirim iglemi
A =TT +2AH) TR (2.84)

seklinde ifade edilebilir. Ancak elde edilen bu form, OFDM sistemlerindeki gibi direk ters alma
isleminden kurtulabilmeyi saglayamamakta ve mevcut LMMSE kestiriminde elde edilecek islemsel

karmasikliktan da az degildir. Bu agidan elde edilen (2.84) denklemi tekrardan
A =PAWT T A +ZA) AT R (2.85)

seklinde yazilip A matrisinin en biiyiik 7 adet elemanma (A, = diag{/ﬁ,ﬂz,---,ﬂ,}) karsilik gelen

W ve T matrislerinin siitun elemanlari alinarak olusturulmus, N_x7 boyutlu ¥, and T, matrisleri

yardimiyla diisiik rankli yaklagim

~

A7 =w,A, W T A +3,A) AT R (2.86)

O Yislemsel karmasiklik

seklinde hesaplanabilir. Burada ¥, elemanlari o’ esit olan rxr boyutlu kdsegen matristir. Bu
p 8

durumda (2.86) denklemi
A= (T + A TR (2.87)

seklinde yazilabilir. Agilimdaki etkin 6z degerlerin kullanimiyla-elde edilen (2.84) denklemine gore,
kanal kestiriminde tersi almmasi gerekli olan matrisin boyutu oldukga kiigiilmektedir. Ayrica
gonderilen her bir OFDM semboliinde pilot tonlarlarla birlikte bozulan OFDM &rnekleri sayesinde

algoritma kanaldaki degisimlere gabuk yanit verebilme dzelligine sahiptir.
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3.3.4 Paralel Karisim Engelleyici (PIC)

- Génderilen sembollerin kestirimini ifade eden. b vektorii PIC alici bloguna girer. Bu blokta k.

kullanict harig diger kullanicilara ait sinyallerin toplami ; - g
R, =HCb for b*=0 (2.88)

seklinde yazilabilir. k . kullaniciya gore kangim sinyallerini ifade eden R’ vektorii, gozlemlenen R
sinyalinden gikartilarak tek kullanict sezicisine girerse, k . kullamciya ait PIC alicisy, b;‘,,.c degerlerini

pic

B =Y [H' R-R)] for k=1..K (2.89)

seklinde hesaplayabilir. Son iterasyonda QPSK modiilasyonu igin sezilen semboller

k

. 1
b,,ic=—ﬁ

csign(d* ) for k=1..K (2.90)

pic
seklinde bulunabilir.

3.4 YUKARI LINK MC-CDMA SISTEMLERI iCIN ALICI YAPISI CALISMALART

Bu ¢aligmada, frekans-segici kanallarda ¢alisan yukan link MC-CDMA sistemleri i¢in birlesik
kanal kestirimi ve bilgi sezimi islemini gergeklestirebilecek alici tasanmi problemi {izerinde
calisilmgtir. Beklenti-Enbiiytikleme (EM) algoritmas: tabanl alict yapilan, her bir kullameiya
ait bilgi sezimi ve kanal kestirim isleminin ortak olasilik fonksyonunu en biiyiikleme islemi
icin kullanilmig ve problemin kapalh formda ¢Oziimi gerceklestirilmistir[ 50]. One;iien EM
tabanl alicilarin BER bagarim literatiirde daha 6nce onerilen alic1 yapilaniyla kargilastinlmus

ve 6nerilen alici yapisinin bagarim ustiinliigi gosterilmistir.

3.4.1 Yukan Link MC-CDMA Sinyal Modeli

Temel bandda galigan P adet tastyiciya sahip yukan link MC-CDMA sistemi i¢in K adet aktif

kullanicimin oldugu 'Varsayllmlstlr: Sistemdeki k. kullamicinmn iletecedi sembol frekans domeninde
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Px1 boyutlu yayici dizi olan ¢, ile yayilmaktadir. Yayici kodla yayilan iletilecek sembol, P noktali

IDFT isleminden sonra paralelden seriye gevrilir ve yayilmis diziye kanalda meydana gelebilecek
gecikmeden daha fazla olacak sekilde cevirimli onek eklenir. Bu ¢ahsmada, notasyon ve sinyal
modelini basitlestirmek igin her bir kullamecinn gonderecegi sembolleri yayan yayict kodun
uzunluklarinm aym ve sistemde kullanilan alt band say1sina esit oldugu varsayillmistir. Vericiden ¢ikan
k . kullaniciya ait sinyal L adet ¢oklu yola sahip kanal iizerinden iletilmektedir. Kanal katsayilarinin
bir sembol boyunca degismedigi ancak sembolden sembole degismekte ve alicida kanala ait ikinci

dereceden istatistiksel 6zelliklerin bilindigi varsayilmaktadir.

Alicida alinan sinyal, ilk olarak seriden paralele gevirilir ve onek kaldirilarak DFT islemi uygulanir.

b,(m), k. kullamciya ait m . sembolii, F € C"* olmak iizere (k,I). eleman —‘ﬁe‘ﬂ”“m seklinde
tamimlanan DFT matrisini gostermek iizere, sinyal modeli
K
y(my=y b, (m)C,Fh, +w(m) m=1,2,...M (2.91)

k=1

seklinde yazilabilir. Burada w(m) kanalda eklenen toplamsal giiriiltiiyii ifade eden sifir ortalamali ve
boyut basina ¢*/2 varyansa sahip gauss dagilimh Px1 boyutlu vektsr, C, =diag(e,) ise k.
kullaniciya ait yayma kodunu gosteren elemanlar {——};,ﬁ} degerlerini alan ¢, =[ck1,ckl,...,ckP]T

seklinde tammlanmistir. Toplamda K adet kullanicinin M adet sembolii gondermek iizere
gézlemlenen y(m) sinyalini vektér formunda y=y” 1),...,y" (M)]" olacak sekilde yazilirsa alinan

sinyal modeli

h(YCFE - by(OCF Th ] [ w)
S : Dl
bAMYCF - b (M)CF |h,| [w(M)

(2.92)

y

seklinde elde edilebilir. Bu denklem daha basit formda

y=Ah+w
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%

olarak yazilabilir. Burada %, =E[hkh,t] olmak tizere her bir kanalin dagimi h, 0 N(0,3,,)

seklinde modellenmis ve (2.93) denklemindeki biitiin kanallar1 ifade eden h vektériine ait dagilim ise

h = diag[x, -, T« ] olmak iizere hJ N(0,Z, ) seklinde yazilabilmektedir.

3.4.2 Timlesik Bilgi Sezimi ve Kanal Kestirimi

Bu ¢alismada, (2.91) denkleminde verilen sinyal modeli igin tiimlegik bilgi sezimi ve kanal kestirimini
gerceklestirecek EM tabanli iteratif algoritmanin ¢ikarimi yapilmigtir. (2.91) denklemindeki

karigtirilmig sinyallerin toplamini ifade eden sinyal modelininin ¢6ziimlenmesi EM algoritmasiyla

miimkiindiir[6]. Toplamsal olarak elde edilen y(m) sinyalinin ¢6ziimlenmesi

y(m)=Y X, (m)m=12---.M (2.94)
X, (m)=b,(m)C ,Fh, +w, (m). (2.95)

seklinde yazilabilir. Burada x,(m), gézlemlenen sinyalde k. kullanicinin birim basamak cevabi h,
ile ifade edilmis kanal iizerinden gonderdigi sembole ait pargasini gostermektedir. w, (m), sisteme

etki eden w(m) giiriiltiisiiniin & . kullaniciya ait kismin1 gostermekte olup herbir kullaniciya diisen
giiriiltiilerin toplam varyanslart N,f, olmak iizere z::lwk(m):w(m) seklinde tanimlanmistir.

N, B, degerleri, z:; B, =1, 0< B, <1 kosullarini saglamak iizere X, (m) sinyali i¢in belirlenmis

giiriiltii giiciiniin pargasini belirlemektedir.

Bu durumda ¢oziimlenmesi gereken problem, gézlemlenen y bilgisinden her bir kullanicinin sinyalini
gonderdigi h, kanalinin ve iletilen sembol dizisinin b ={b, (m)}f:l‘j[m:l bulunmasidir. EM
algoritmasinda gozlemlenen y dizisi “eksik” bilgi olarak, x, =[x, (1),....x, (M)} k=L2,---,K ise

“tiim” bilgi olmak iizere, ¥ = {(x,,h,),(x;,h)),...,(X;,h, )} seklinde tanimlanmistir.
3.4.3 EM algoritmasimin uygulanmasi :

Verilen fiim bilgiden y = {(x,,h)(xh,),....(X;,h; )}, b’nin kestirimi igin kosullu olasihk

fonksiyonu
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K
log p(z |b) =2 log p(x,,h, |b,) (2.96)

k=1

seklinde tamimlanmistir. Burada b,=[b, (1),6,(2);--,b,(M)] olmak iizere p(x,,h,|b,) ifadesi

Bayes kuralindan

log p(x,.h, |b,) =log p(x, |b, ,h,)+log p(h, |b,) 2.97)

olarak yazilabilir. Gonderilen bilgi dizisi b, ve kanal cevabi h, birbirinden bagimsiz oldugu igin
(2.97) denklemindeki log p(h, |b,) ihmal edilebilir. Bu durumda EM algoritmasinda yapiimas

gereken ilk islem “beklenen deger bulma™ islemi olup logaritmik-olasilik fonksiyonun ortalamasinin

alinmasidir. Gézlemlenmis y >den ¥ ’e ait kosullu beklenti hesabi yapilirsa i. iterasyon i¢in b ’nin

degeri

Q(b[b”]=E{log p(x|b]y,b"} (2.98)

seklinde yazilabilir. (2.96) denklemindeki log p(y |b) ifadesinin 6zel formunu dikkate alarak (2.98)

denklemi
K
O(b|b”)=> 0,(b, |b®) (2.99)
k=1

seklinde ayrigtinlabilmektedir. Buradaki O, (b, |b™) ifadesi Bayes kurali ve (2.97) denklemi goz

Oniine almarak

0, (b, [b) = E{log p(x, [b,,h,) |y,b"| (2.100)

seklinde tekrar yazlabilir. (2.95) denkleminde mevcut b, dan bagimsiz terimler ihmal edilerek

log p(x, |b,,h,) ifadesi
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Pl s

log p(x, |b;,h, )0 {: R{b, (m)hIFTCI{xk(m)} (2.101)

m=1

olarak yazilabilir. (2.101) denklemindeki ifade, (2.100) denkleminde yerine koyulursa

(h}F'Cyx, (m)"E {h[F'C]x, (m)] y,b"} (2.102)
olmak iizere, O, (b, | b") ifadesi

0, (b, |b") = {Z R{b, (m)(h[F'Crx, (m)"} (2.103)

m=1

seklinde yazilabilir. (2.102) denklemindeki sartl beklenti kuralinin uygulanmasi durumunda

(hF'Clx,(m))\"'= E}] E(F'Cix,(m) |y, b )|y, b"} (2.104)

= E{hF'CLE(x,(m)|y,b",h) |y, b}

denklemi elde edilir. Verilen y, h ve b =b" igin x,(m)’e ait kosullu dagilim Gauss olmakta ve

(b, (m)"" O E(b,(m)|y,b",h) olmak iizere

E(x,(m)|y,b" , )b, (m))"'C,Fh, +ﬁk[y(m)—i (b,(m))"'C Fh ,} (2.105)

j1

seklinde hesaplanabilmektedir. (2.105) denklemindeki ifadeler, (2.104) denkleminde yerine
koyularak F'F =1 ve C,{C . =51 olmak iizere, (2.104) denklemi tekrardan

i 1 i i i
h}F'Cix, (m) = - (m)E{hfh, |y,b”}+ B,E{h] |y,b"}F'CLy(m)
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K

~f. ). (b,(m)" E(h[F'C,C Fh, ly,b®) (2.106)

J=1, =k

olarak yazilabilir. Sistemdeki giiriiltiiniin dagilimmm  w {J N(0,2°I), h’in onciil pdfi ise

h 0 N(0,3,) oldugu igin, verilmis y ve b *ye gére h ’a ait kosullu pdf
i i 1 -
p(h]y, b Op(y |h,b)p(h) Dexp[_;—f{y“Ah)T(y—Ah)_hTEh]h} (2.107)

seklinde yazilabilir. Kosullu pdf olan p(h|y,b")
)1 1 N
p=—sE Ay, z&:){zﬁ—{az A“)*A“] (2.108)

olmak iizere Gauss dagilimma sahip oldugu gosterilebilir. (2.106) denklemindeki sagdan ilk terimdeki

E{h,thk |y,b"} ifadesi, (i, /], T, matrisinin (i, ) . elemanini gostermek iizere
Qb Ethih, b j=te] 500k, K1+ Tk ] | (2.109)
seklinde hesaplanabilir. (2.106) denklemindeki ikinci beklenti hesabi
(h)" 0 Efhy |y,b") = 1,Tk] (2.110)

seklinde bulunabilir. (2.106) denklemindeki son terim olan E{hIF'CC JFh, |y,b"} ifadesinin
hesaplamast igin W ;0 C,F, s ¥ h, tanunlamalari yapilirsa

SOE[ss' |y,b”] = E[¥hh"p'|y,b"] = ¥z (2.111)

seklinde ifade edilebilir. Buradan (2.111) denklemi, /1(1)[1 ‘}’lug) olmak iizere

E{h}F'C,C Fh, |y,b"} = E[s's|y,b"]= tr[zg">[k, J1+ 1T ] (2.112)
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olarak bulununur.

En Biiyiikleme Adim1 (M-Adim1): EM algoritmasin gergeklestirebilmek igin ikinci adim1 olusturan M-

Adimi'na gore b ifadesi (i +1) . iterasyonda
K .-
b+ =argmax O(b|b,) = " 0, (b, [b) (2.113)
k=1

olarak yazilabilir. (2.113) denklemindeki her bir Q, (b, |b™) ifadesi igin en biiyiikklenme islemi

sistemde kodlama kullanilmamigsa ayr1 ayri
bV (1) = sgn[ R{(W[F'Cx, (m)"} ] (2.114)

seklinde gerceklenebilir. EM algoritmasi sonucunda kullanicilara ait génderilen bilgi bit dizisi

kestirimi

B = sgn[m{% B )| Tk (- )+

ﬂk(hi"”\y{y(m% i bj”(m)LP,uS)[j]m (2.115)

J=l, j=k

seklinde hesaplanabilir. Sonugta (2.115) denklemi, birlesik kanal kestirimi ve par¢al karigim
yoketmeli bilgi sezimi olarak diisiiniilebilir. Alic1 yapisindaki her bir bilgi sezimi i¢in gelen
sinyalden, ilgili kullanicidan harig, diger kullanicilara ait sinyallerin karisimi azaltilarak tek
kullanici i¢in onerilmis alici yapisina uygulanmaktadir. Sonugta K kullamcili optimizasyon
problemi, ¢6ziim islemi daha kolay olan K adet birbirinden bafimsiz optimizasyon

problemine déniismektedir.

3.4.5 SAGE algoritmasinin uygulanmasi:

SAGE algoritmasi Fessler tarafindan EM algoritmasinin genellestirilmesi olarak sunulmustur [52].
Algoritma her adimda biitiin parametlerin ayn1 anda yenilenmesi yerine, her bir iterasyon i¢in tek bir
parametreyi yenilemekte ve bu yineleme esnasinda diger parametreleri eski degerleri olarak

korumaktadir. Bizim ele aldigimiz sinyal modelinde, EM algoritmasinda iletilen sembol dizisi olan b

yerine, SAGE algoritmasi her bir iterasyonda k. kullaniciya ait b, =[b,(1),b,(2), -, b, (M)]
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vektoriinii yenilemektedir. SAGE algoritmasi anlagilacagi iizere seri sirali bir algoritmadir. EM
algoritmasi gibi monotik artigi garanti altina alirken yakinsama &zelligide genellikle EM
algoritmasindan daha iyidir. SAGE algoritmasi, EM algoritmasi gibi beklenti ve enbiiyiikleme

adimlarindan olusmaktadir. Buna gére i. iterasyon islemi i¢in Beklenti hesabi

0, (b, b )=E{log p(x|b,,b? |y,b"} (2.116)
seklinde yapilmaktadir. En biiyiikleme adiminda ise b, ifadesi
by*? =argmax @, (b, [b”). b =b}. (2.117)

seklinde hesaplanmaktadir. Verilen tiim bilgi i¢in b matrisine ait logaritmik olabilirlik islevi

log p(x | b) =log p(y,h|b)
=log p(y |h,b)+log p(h|b) (2.118)

olarak ifade edilebilir. (2.118) denklemindeki son terim génderilen semboller ve kanal birbirinden
bagimsiz oldugundan enbiiyiikleme islemine tabi tutulmamaktadir. {lk terim olan log p(y | b,h)

ifadesi

2

K
Z b(m)C Fh,| . (2.119)
-

m=1 J=1

M K t
log p(y |b,h)1D> 2R (Z bj,(m)CJth} y(m) -

olarak yazilabilir. (2.119) denklemini (2.116)’da yerine koyarsak O, (b, |b") ifadesi

1.4
b, (mYWY F'Cly(m)— > b (m)(h[F'C,C Fh )"

J=1 =k

0, (b, !b"))-:ifﬂ (2.120)

m=1

sekline bulunmaktadir. Burada h{’ ve (h{F'C;C Fh ) ifadeleri
h{ 0 Eh,Jy.b")
(bF'C[C,Fh )" ) E{h[F'C[C Fh |y,b']
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seklinde tanimlanmis olup sirasiyla (2.110) ve (2.112) denklemleri yardimiyla hesaplanabilir.
(2.120) denklemindeki toplam herbir kullamci igin ayri ayri enbilyiiklenirse bazi matematiksel

islemlerden sonra

bV (m) =sgn| R

(W)VF'CLy(m)— i bﬁ"’(m)(hkF*c{cJ.FhJ,)(">] } (2.121)

J=l,j#k

olarak hesaplanabilir. Ayrica gonderilen gergeve uzunlugunun A boyutunda yeteri kadar uzun oldugu

varsayilirsa (2.112) denklemindeki ikinci terim ihmal edilerek herbir kullaniciya ait kestirim ifadesi

b,'(”(m)zsgn{ { m[] \P{Y(’”)‘ i (f)(m)\yjﬂh)[]]}ﬂ (2.122)

J=1,j=

seklinde yazlabilir. (2.122) denklemine gore her bir iterasyonda kullanicilara ait karigtm yok
edilelerek elde edilen kestirim islemi daha giivenilir hale gelmektedir. Ancak EM algoirtmasindan
farkly olarak seri sirali oldugu igin iterasyon isleminde diger kullanicilarin hesaplamasint beklemesi
gerektiginden zaman problemi olugturmaktadir. Ayrica denklemden goriilecegi lzere yapilan
islemlerde SAGE-JIDE igin EM-JDE‘ye gore K kat daha fazla kanal kestirim islemi yapilmast

gerekmektedir.
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4.BULGULAR VE TARTISMA/SONUC

4.1 VERICI CESITLEMELI TURBO KODLANMIS OFDM SiSTEMLERINDE
DUSUK KARMASIKLI EM TEKNIGINE DAYALI KANAL KESTIiRiMi
CALISMALARININ BIiLGISAYAR BENZETIM SONUCLARI

Onerilen alic1 yapilarmin basarimlari gesitli senoryalar igin bilgisayar benzetimi yardimiyla MSE ve
BER olarak verilmistir. Benzetimde SFBC/STBC-OFDM sistemlerinin 1/2 kodlama oraninan sahip

turbo veya konvoliisyonel olarak kodlandigi durumlar diisiiniilmiistir. Turbo kodlama durumunda

(1,5,/7,) iiretec matrisine sahip iki dzdes Ozyineli sistematik konvoliisvonel kodlayicinin arada
rasgele serpistirici olacak gekilde paralel baglandig durum segilmistir. Katlamah kodlayici durumda

ise (54,7,) treteg matrisine sahip kodlayicr kullanilmistir[40]. Bilgisayar benzetimlerinde iki ayr

kanal modeli g6zoniine alhinmuistir.

i) Beek Kanal Modeli [33]: Verici antenden iletilen sinyaller, diisiis katsayilarn (a =0.2)
olan yikseltilmis-kosintis verici siizgegleri ile bigimlendirilip, 2.28 MHZzlik band

genisliginden BPSK modiilasyon teknigi ile iletildikleri varsayilmaktadir. Toplam iletisim

band1 512 altbanta boliinerek bir OFDM semboliiniin iletim siresi 7., 1.052 usn'lik
kismi g¢evirimli 6nek olmak iizere, toplam 136 wsn'dir. Kanalin efektif gecikme siiresi

=0.263 usn olarak segilmistir.

Trms
i) COST-207 Modeli [34]: Yapilacak bilgisayar benzetim g¢ahsmalarinda Bolim 2°de
aciklanan genel COST 207 kanal modeline ait TU ve BU senaryolar segilmistir. Verici
antenden iletilen sinyaller, diisiis katsayilari « =0.2 olan yiikseltilmis-kosiniis verici
stizgecleri ile bigimlendirilip, 1.07 MHZz'lik band genisliginden BPSK modiilasyon teknigi
ile iletildikleri varsayilmaktadir. Toplam iletisim bandi 512 altbanta béliinerek bir OFDM

semboliiniin iletim siiresi 7,, 40 usn'lik kismi gevirimli 6nek olmak iizere, toplam 328

tesn olarak segilmistir.

Beek kanal modeli i¢in bilgisayar benzetim sonuglar Sekil 4.1-4.8°de sunulmaktadir. Sekil 4.1de,
Turbo kodlanmis SFBC-OFDM sistemleri icin EM-MAP kanal kestirimci kullanilmasi durumunda
olusacak ortalama karesel hata (MSE) bagarimi, kanal kestiriminde yapilabilecek en az hatayr gdsteren
MCRLB alt sinir, EM-ML ve dogrusal MMSE algoritmalariyla karsilastirilmistir. Bilgisayar benzetim

¢alismalarinda 8 bilgi semboliine kargiiik bir pilot ton koyulmasiyla algoritmanin baslangi¢ degerleri
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saptanmistir. (PIR=1:8). Sekil 4.1°de EM-MAP algoritmasinin EM-ML ve LMMSE algoritmandan
{istiin basarim saglamakta oldugu ve MRLB sminna artan SNR degerleri igin yaklastigi
gozlemlenmistir. Sekil 4.2°de ise Turbo kodlanmis SFBC-OFDM sistemleri i¢in EM-MAP kahal
kestirimei kullanma durumda sistemin BER bagsarimi, EM-ML ve LMMSE kanal kestirimi yap11m2;51
durumdaki BER basarimlartyla karsilastirmistir. Ayrica bu sekilde kanalin tamamiyle bilinmesi (Knl
Bil.) durumundaki bagarimi ve kanal kestirimi yapilarak elde edilebilecek en iyi bagarimda (gonderilen
bilginin tamamen pilotlardan olustugu durum) "Tiim pilot" seklinde gdsterilmistir. Sekil 4.2°de EM-

MAP algoritmasinin bu iki egriye yaklastigi goriilmektedir.

KL agtliminin optimum kisaltma 6zelligi, istatiksel olarak bagimh bilgiyi ifade etmek igin gerekli olan
bilgi miktarinin enkiigiiklenmesini saglamaktadir. Bu ozellik sayesinde kanal kestiriminde yapilan
islem karmasiklig1 azaltilabilir. Ornegin KL agihiminda en biiyiik degerlere sahip 6z degerler ve bu 6z
degerlere karsilik gelen 6z vektorler sayesinde gerekli olan karmagik ¢arpma islemi azaltilabilmektedir.
KL agilimmin optimum kisaltma 6zelligi algoritmada kullamlan toplam KL ag¢ilim katsayisina gore
Sekil 4.3’te ¢izdirilmistir. Bu sekilde, algoritmada kullanilacak 8 KL agilim katsayisinin, algoritmanin
calismasi i¢in yeterli oldugu goriilmektedir. Bir bagka deyisle, kullanilacak 8 katsay1 ve bu katsayilara
l’(arSlllk gelen 6z vektorler kanali mitkemmel bir bigimde karakterize edebilmektedir. Bu sekilde kanal

kestirimindeki karmagik ¢carpma iglemleride enaza indirilebilmektedir.

Yiiksek basarimli kanal kodlayicilarin kanal kestirim hatalarina duyarlihgi daha fazladir. Kodlanmig
semboller arasindaki iliskinin fazla olmasi kanal kodlayicimin kanal kestirimdeki hatalara duyarl hale
getirmekte ve kod ¢6ziimii sirasinda ciddi hata yaymimlari olusturmaktadir. Bu yiizden turbo ve
katlamali kodlanmig sistemlerin basarimi degisik pilot4arahklar1na' gore 3 yineleme sonucunda kanal
kestiriminde yapilan hataya (MSE) incelenmis, azalan pilot-sembol yerlestirme oranlartyla turbo ve
konvoliisyonel kodlayicilarin basariminin azaldigi ve bu basarim diisiigiiniin turbo kodlayicilarda
yukarida belirtilen sebebten dolayr daha ¢ok oldugu goriilmiistiir (bkz Sekil 4.4). Digiik SNR
degerlerinde Katlamali kodlayici kullanildigi durumda MSE bagarimin biraz daha iyi olmasi turbo
kodun deliklenmis yapisindan kaynaklanmaktadir. Ancak yapilan benzetimlerde bu bagarimin artan
SNR degerleriyle kayboldugu sonucuna varilmistir. Diger taraftan MSE basarim kriterinin
benimsenmesi sistemin genel basarimi hakkinda yaniltici olabilmektedir. Ornegin, ayn1 senorya igin,
artan SNR degerlerinde, MSE’de basarimi farkinin pek farkedilemesine karsin, BER grafiginde bu
farkin daha net bir sekilde gozlenebildigi anlagilmistir(bkz Sekil 4.5). $ekil 4.5°den goriilecegi lizere
PIR=(1:32) i¢in konvoliisyonel kodlayicinin bagarimi turbo kodlanmis sistemin basarimindan fazladir.
Ancak ilklendirme isleminde yetérli pilot-semboller kullanildiginda turbo kodlamali sistemlerin

basariminin konvoliisyonel kodlanmis sistemlerden daha iistiin oldugu gézlemlenmistir.
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Yineleme sayesinde sistemin basarimindaki artist gostermek igin $ekil 4.6 ve Sekil 4.7°de turbo ve
konvoliisyonel kodlanmlslsistemlerin basarim egrileri sirasiyla PIR=1:8 ve PIR=1:16 igin yineleme
sayisina gore, tiim pilot ve kanal bilindigi durumda elde edilen basarimlarla birlikte verilmistir. Turbo

kodlamasinin yapisal iistiinliigiinden dolay: yinelemeli yapida hesaplanan bilgi bitlerinin giivenirliligi

katlamali kodlayiciya gore daha fazladir. Bu sebeple Sekil 4.6°da P, =10 i¢in turbo kodlayicida
Y

BER basarimmin baslangig degerine gore diizeltimi 1.3 dB'ken konvoliisyonel kodlayicida bu deger
sadece 0.3 dB oldugu gozlenmistir. Sonugta, turbo kodlamali yapmin basarimmin tim pilot ton

kullanimdaki basarima ulastigi goriilmiistiir. Sekil 4.7°de ise yineleme ile basarim, PIR=1:16 i¢in
yeniden incelenmis ve P, =10 icin yineleme ile basarim artigmin turbo ve katlamali kodlar igin

sirastyla 2.3 dB ve 1 dB oldugu goriilmiigtiir. Turbo kodlanmis sistem basariminin katlamah
kodlayicaya fazla clmamasina ragmen bu basarim: Sekil 4.6°da verilenlere gore degerlendirilecek
olursa, turbo kodlama kullamilmasi durumunda yineleme kazancmdaki fark 1.3dB’den 2.3 dB’ye
cikmisken, katlamali kodlayicilarda bu fark 0.3 dB ten 1 dB giktig1 anlagilmaktadir. Bu sonuglardan,'
turbo kodlalama durumunda PIR degerinden etkilenme duyarhliginin, yineleme ile elde edilen

basarim kazancinda da kendisini gosterdigi agik olarak goriilmektedir.

Blok séniimlemeli kanal modelinde kanalin frekans yamitin1 olugturan katsayilarin bir OFDM sembolii
boyunca degismedigi ancak bir OFDM semboliinden digerine doppler frekansina bagli olarak degistigi
varsayilmaktadir. Bu durumda bir OFDM sembolii igin kanaln frekans yamiti, kanalin altbandlarindaki
iliski islevinden goriilecegi iizere Doppler degerinden bagimsizdir. Bu agidan yapilan bilgisayar
benzetimlerinden farkli olarak Sekil 4.8’de Turbo kodlanmig-STBC-OFDM ve Turbo kodlanmig-
SFBC-OFDM sistemlerinin basarimlari, EM-MAP kanal kestirimci kullanilmasi durumunda, farkh
Doppler degerleri igin incelenmistir. SFBC kodlamali sistemin yiiksek Doppler degerleri igin

basariminin STBC kodlamali sisteminden iistiin oldugu gosterilmistir.

COST-207 kanal modeli i¢cin elde edilen bilgisayar benzetim sonuglart ise $ekil 4.9 ve 4.10°da
dzetlenmektedir. Sekil 4.9 ve 4.10°da sirasiyla BU ve TU kanallar i¢in, EM-MAP, EM-ML ve
LMMSE kanal kestirimci kullanan turbo-kodlu STBC-OFDM sistemlerinin BER basarimlar1 kanalin
tamamen bilinmesi (Knl Bil.) durumundaki basarimlariyla karsilastinlmaktadir. Algoritmanin
baslangi¢ degerinin bulunmasi igin kullahllan pilot arahig ise PIR=1:8 olarak segilmistir. Sekil 4.9°da
EM-MAP algoritmasinin EM-ML ve LMMSE algoritmasindan daha iistiin bagarim saglamakta oldugu
ve kanahn bilinmesi durumundaki bagarima artan SNR degerleri igin yaklastigi gﬁzlenﬁlenmektedir,
Sekil 4.10°da ise EM-MAP algortimasinin basarmminin TU kanallarda kanalin bilinmesi durumundaki
“bagarima daha ¢ok yaklastigi gozlemlenmisitir. Ancak bu durumda EM-MAP algoritn{asmm LMMSE

kanal kestirimine gre basarim iistiinliigii kaybolmaktadir.

59




MSE

10" i I 1 i ) ] i L i
0 1 2 3 4 5 6 7 8 9 10
Eb/No {dB}

Sekil 4.1 : Turbo kodlanmis SFBC-OFDM sistemleri i¢in ¢esitli kanal kestirim algoritmalarinin MSE
bagarimi
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Sekil 4.2 : Turbo kodlanmis SFBC-OFDM sistemlerinde ¢esitli kanal kestirim algoritmalarmin
uygulanmasi sonucu sistemin BER bagarimi
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Sekil 4.3 : Turbo kodlanmis SFBC-OFDM sistemlerinde EM-MAP kanal kestimi kullanilmasi
durumunda kullanilan K1 katsayilarina gére MSE bagsariminin incelenmesi
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Sekil 4.4: Pilot Koyma Araliginin, Turbo/Katlamali kodlanmis SFBC-OFDM sistemler igin yapilan
EM-MAP kanal kestirimine olan etkisinin MSE olarak incelenmesi
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Sekil 4.5: Pilot Koyma Araligina gore, Turbo/Katlamali kodlanmig SFBC-OFDM sistemler i¢in
yapilan EM-MAP kanal kestirimine olan etkisinin sistemin genel basarimi olan etkisinin BER olarak
incelenmesi
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Sekil 4.6: Pilot ton koyma arahigmnin 8 olmasi durumunda Turbo/Konvolusyonel kodlanmig SFBC-
OFDM sistemlerinin yineleme sayisina gore bagarimmin tim pilot (PIR=1) ve Kanaln bilindigi
' durumdaki basarimlarina gore incelenmesi.

Sekil 4.7: Pilot ton koyma araliginin 16 olmasi durumunda (PIR=16) Turbo/Konvolusyonel kodlanmis
SFBC-OFDM sistemlerinin yineleme sayisina gére bagarimmin tiim pilot (PIR=1) ve Kanalin
bilindigi durumdaki basarimlarina gére incelenmesi.
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Sekil 4.8 : Turbo kodlanmis SFBC/STBC-OFDM sistemlerinin ¢esitli Doppler frekanslarina gore
basariminin BER olarak incelenmesi
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Sekil 4.9 COST-207-BU kanallarda Turbo kodlanmis STBC-OFDM sistemlerinde ¢esitli kanal
kestirim algoritmalarinin uygulanmasi sonucu sistemin BER bagarimi
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Sekil 4.10 COST-207-TU kanallarda Turbo kodlanmigs SFBC-OFDM sistemlerinde ¢esitli kanal
kestirim algoritmalarinin uygulanmasi sonucu sistemin BER bagarimi

4.2 GURULTU VE BILGININ SMC TEKNIGI iLE GOZU KAPALI KESTIiRiMi

Bilindigi tizere tasly;c1 sinyalerin faz kestirimi sayisal iletisim sistemieri i¢in kritik bir rol
oynamaktadir. Sistemde zamanla degisen veya sabit faz giiriiltiisii olmasi durumunda bilgi sezimi
islemi igin literatiirde pek gok galisma yapilmistir. Ancak faz giiriiltiisii ve bilgi sezimi gergeklestirme
islemini ortak bir sekilde yapmak matematiksel olarak olduk¢a karmasik oldugundan pratik
uygulamalarda uygun degildir. Diger bir agidan faz kestirim iglemleri bilgi destekli ve desteksiz olmak
iizere gerceklestirmektedir. Bilindigi tlizere bilgi destekli kestirim y&ntemlerinin, band genisligini
kullanma kapasitesini, kullanilan pilot veya egitim sembollerini kisitlamasi nedeniyle, bilgi desteksiz
yani gozii kapali kestirimciler uygulamada daha gekici hale getirmistir. Go6zii kapali kestirimeinin
gerceklestirilmesinde iletilen semboller rasgele degisken olarak varsayilirsa olasilik islevinin
ortalamasi  bilgi dizisi iizerinden gergeklestirilebilir. Ancak bu islem basit bir kag durum harig,
matematiksel olarak miimkiin gézilkmemektedir ve yapilan yaklasimlar sadece yiiksek veya diisiik

SNR degerleri igin gerceklestirilebilmektedir.




Diger taraftan, faz giiriiltiisii ve bilginin pratik olarak gergeklestirilebilmesi igin son dénemde EM
algoritmast uygulanmgtir. Bilindigi iizere EM algoritmasy, ML ¢oziimiine yinelemeli olarak
yakinsamaktadir. Algoritmanmn en biiyiik dezavantaji ise baslangi¢ degerine olan duyarhiligmin
oldukga fazla olmasidir. Ancak sonsal olasiik yogunluk islevinin gelen veri ile diizenli olarak
yenilenmesi  gereken durumlarda algoritma verimli degildir. SMC yontemi ise bu durumlarda
mithendislikte uygulanan giiglii bir yontemdir. Sistem modelini kapsamadan optimal ¢bziime
yakinsayan yontem daha 6nceki gelen verilere bagli olmadigindan hata yaymimi olusturmamaktadir.
Dahasi gozii kapah kestirim olan SMC algoritmas1 Gauss ve Gauss olmayan durumlardada
galismaktadir. Bu kapsamda faz giiriiltiisii ve data seziminin ortaklasa ¢oziimii icin SMC algoritmasi
kullanilmis ortak kestirimin gergeklenebilir karmagiklikla saglanabilecegi gosterilmistir. SMC
algoritmasimin  BPSK modiileli isaret bilgisayar benzetimleri yapilmis ve farkl baglangic faz
hatalarinda basarimlart Sekil 4.11°te verilmistir. Algoritmanin ‘alicida faz bilgisinin bilindigi
durumdaki basarima yaklastig1 goriilmiistir.
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Sekil 4.11 : SMC algoritmasinn farkh baslangig faz hatalar1 igin BER bagsariminin degisik SNR
- degerleri igin gosterimi
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43 ASAGI LINK MC-CDMA SISTEMLERI ICIN ALICI YAPISI BILGISAYAR
BENZETIMLERI

Frekans-secici kanallar igin bilgisayar benzetimi yapilan MC-CDMA sistemleri i¢in herbir kullanicinin
esit miktarda giic aldigi varsayilmistir. Kodlan arasinda diklik 6zelligi bulunan Gold dizisi, boyutu
kanalda kullanilan altband sayisina esit olacak sekilde her bir kullanicr i¢in tanimlanmistir. Sekil 4.12
ve Sekil 4.13 igin sistemin tamamen kullanildigr yani toplam kullanici sayisimin kullanilan yayma

kodunun uzunluguna esit oldufu varsayilarak sistemin benzetimi yapilmistir (K =N ). Ayrica

algoritmanin ilklendirilmesi ig¢in, sekiz OFDM &rnek arahiginda bir adet pilot ton kullanilmistir

(PIR)=1:8.

Sekil 4.11°de, EM-MAP tabanli alict yapisinin BER basarim:, daha 6nce onerilen LS ve LMMSE
kanal kestirimlerinin kullanildigt MMSE ve tiimlesik MMSE-PIC alici yapilarinin BER basarimlariyla
karsilastinlmistir. Yapilan bilgisayar benzetimlerinde, EM-MAP kanal kestirimine dayah alci
yapisinin LS ve LMMSE Kkanal kestirimei tabanh diger ahci yapilarindan iistiinligii gézlemlenmistir.
Ayrica EM-MAP alicinin kanalin alicida tamamen bilinmesi (Knl.Bil) ve gonderilen OFDM
semboliiniin tamamen pilot tonlardan olusmasi durumunda (Tiim Pilot) yapilan kanal kestirim

basarimina (tiim pilot) yakinsadig: goriillmiistiir.

KL a¢ihminda kullanilan katsay1 kesme 6zelligi, istatistiksel bagimli olan kanal parametrelerini ifade
etmek icin gerekli olan bilgi miktarini en kiigiikleyebilir. KL agiliminda verilen diisiik rankli kanal
kestirim yaklasimi, Sekil 4.12°te 12 dB igin incelenmistir. Kullamlan KL katsayisina gére EM-MAP
alict yapisimin BER bagarnim benzetimi yapilmis ve kullanilan kanal yapisi igin, 8 adet KL katsayisinin
yeterli oldugu seklin detayli verilen béliimiinde goriilmiistiir. Yapilan yakiasimla, 128 x128 "Ik matris

ters alma islemi yerine 8 x8 ’lik matris ters alma isleminin yeterli olabilecegi gosterilmistir.




Sekil 4.12: Farkli kanal kestirim algoritmalarinin kullanilmas: sonucu gesitli alic1 yapilarinin BER

bagarimlari
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Sekil 4.13: Kullanilan KL katsayisina Algoritmanm BER bagsarimi
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4.4 YUKARI LINK MC-CDMA SISTEMLERI ICIN ALICI YAPISI BILGISAYAR
BENZETIiMLERI

Bu béliimde, frekans-segici kanallar iizerinden g¢alisan yukari link MC-CDMA icin Onerilen alic
yapisinin bagarimi, her bir kullanicinin giiciiniin alictya farkli olarak geldigi varsayilarak incelenmistir.
Aliciya gelen kullanicilara ait gii¢ miktarlart Tablo 1°de verilmistir. Her bir kullanici igin, kodlan
arasinda diklik 6zelligi bulunan Walsh dizisi, boyutu kanalda kullanilan alt band sayisina esit olacak
sekilde tanimlanmistir (P=16). Alci yapilasinda EM algoritmasi icin Beta’larin degeri kullanilan
yayici kodlarm dikliginden dolayi 1 olarak ahinmistir. Sistemde aktif kullanici say1s K=16 se¢ilmis ve
herbir kullamcinin gonderdigi bilgi gercevesi T adet pilot, F adet bilgi semboliinden olugmaktadir.
Verici antenler ve alici anten arasindaki kablosuz haberlesme kanallari, L uzunlugunda karmasgik

katsaytlardan olusan ve kanaldaki sekme kazanglar1 Tablo 2°de verilen, TU kanal yapisina sahip olarak

modellenmistir. Ayrica kanal 6ziliski matrisi olan 2., *mn alicida bilindigi varsayilmstir.

Tablo 4.1: MC-CDMA Sistemindeki Kullanici Giigleri

Kullanict  [Dogrusal  [Logaritmik

(dB)
1 1 0
2 0.9560  +0.1954

3 0.9139 -0.3909
4 0.8737 -0.5863
S 0.8353 -0.7817
6 0.7985 -0.9772
7
8
9

0.7634 -1.1726
0.7298 -1.3680
0.6977 -1.5635

10 0.6670 -1.7589
11 0.6376 -1.9543
12 -10.6096 -2.1498
13 0.5827 -2.3452
14 0.5571 +2.5406
15 0.5326 -2.7361
16 0.5092 -2.9315
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Tablo 4.2. Kanalin Sekme Giigleri

Gecikme (usn) |Dogrusal  [Logaritmik
0 0.6564 -1.8286
0.81 0.2086 -6.8072
1.62 0.0790 -11.0210
2.44 0.0560 L12.5171

Literatiirde daha once Gnerilen alict yapilarina gore; gelen bilgi gervesindeki T adet pilot sembolii
kullanilarak MMSE kanal kestirimini gerceklestiren alici, buldufu bu kanal katsayilari yardimiyla
gelen gergevedeki F adet bilgi semboliiniin MMSE kestirimini gergeklestirmektedir. h ve b’nin ayr1 iki
adet MMSE kestirimei yardimiyla bulundugu i¢in bu alict yapist MMSE-SDE (separate detection and
estimation) olarak tanimlanmistir. Ayrica MMSE-SDE’nin ¢ikiginin PIC ve SAGE alicilarina
uygulanmasi durumuna, swasiyla timlesik MMSE-PIC, SAGE-SDE denilmistir.  Yapilan
benzetimlerde birlesik bilgi sezimi ve kanal kestirim islemini gergeklestiren EM-JDE (Joint Detection
and Estimation) ve SAGE-JDE algoritmalarinin basarimlari MMSE-SDE, Tiimlesik-MMSE-PIC ve
SAGE-SDE alic1 yapilariyla Kargilagtinlmistir. Kanala ait bilgilerinin alicida tamamen bilinmesi
durumunu gosteren CSI (Channel state information) durumlari da CSI-MMSE, CSI-Tiimlesik MMSE-
PIC, CSI-SAGE-SDE olarak ayrica incelenmistir.

Sekil 4.14°de yukarida bahsedilen MMSE-SDE, Tiimlesik-MMSE-PIC, SAGE-SDE basarimlari farkh
sayida kullanilan pilot tonlar igin bagarimi kanalin tamamen alicida bilindigi durumlar olan CSI-
MMSE, CSI-Tiimlesik MMSE-PIC, CSI-SAGE-SDE sistemleri ile karsilagtinlmisgtir. Adaletli bir
karsilastirma igin Tiimlesik-MMSE-PIC, SAGE-SDE, CSI-Tiimlesik MMSE-PIC, CSI-SAGE-SDE
alict yapilar1 dort iterasyon igin galistiriimistir. (Burada EM igin yapilan bir iterasyon SAGE igin
yapilan K iterasyona karsilik gelmektedir) Sekil 4.14’de kullanicilara ait karigimi engelleyen alict
yapilar olan timlesik MMSE-PIC ve SAGE-SDE yapilarinin MMSE-SDE yapilarindan istiinligii
gosterilmistir. Ayrica yapilan benzetimlerden ancak 40 adet pilot sembol kullanildign zaman alict
bagarimlarinin kanalin tamamen bilindigi durumdaki alici basarimlarina yaklastigt gozlemlenmistir.
Literatirden beklendigi iizere SAGE-SDE algoritmasinin MMSE-PIC lagoritmasindan daha once
yakinmasi ve basarim {istiinligii Sekil 4.15°te ayri olarak verilmistir. Kanalin tamamen bilinmesi

durumuhda SAGE-SDE basarimi bu sistem ic;in alt simir1 vermektedir.

Sekil 4.16’de 16 adet pilot kullanilmasi (T=16) durumunda EM-JDE ve SAGE-JDE basarimlari SDE
algoritmalariyla karsilastirlmistir. Yapilan benzetimlerde JDE tabanli algoritmalarinin SDE tabanlt
algoritmalardan bagarim istiinliigii gosterilmistir. Ayrica EM-JDE algoritmasinin SAGE-JDE
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algoritmasindan basarim sonuglarinin daha iyi oldugu gozlemlenmistir. Seri sirali karigim engelleme
algoritmalarinin  bagarmmmin paralel olarak karigim engelleyicilerden istiinliigi Sekil 4.14°de
gosterilmigti. Bu sonug, DS-CDMA sistemleri iginde gecerli oldugu Kocian tarafindan
gosterilmistir[10]. Ancak, Sekil 4.16’de MC-CDMA sistemleri i¢in yapilan benzetimlerde EM-
JDE’nin basariminin SAGE-JDE’den f{istiin oldugu gozlemlenmistir. Burada SAGE-JDE ilk kanal
kestirimi iglemini 1. kullanicinin bilgisini yeniledikten sonra yaparken EM-JDE biitiin kullanicilara ait
bilgileri yeniledikten sonra yapmaktadir. Bu sebeble, SAGE-JDE’nin ilk iterasyonda yapilan kanal
kestirim sonucu, EM-JDE’de yapilan kestirim isleminden kétii oldugu i¢in, SAGE-JDE alic1 yapisinin
bagarimi EM-JDE alic1 yapisinin basarimina gore sirh kalmistir. A¢ikgasi yenileme islemi EM-
JDE’de daha efektiftir. Yapilan bilgisayar benzetimlerinde EM-JDE alicisinin basarim MMSE-SDE,
Tiimlesik-MMSE-PIC, CSI-MMSE, CSI-MMSE-PIC ve SAGE-JDE alicilarinin basarimlarindan daha
iyi oldugu ve CSI-SAGE-SDE durumundaki basarima yaklastigr gézlemlenmistir.

Sekil 4.17°de EM-JDE ve SAGE-JDE algoritmalarinin yakinsama sonuglari verilmistir. SAGE-JDE
algoritmasi yaklagik 2 iterasyonda yakinsarken, EM-JDE icin bu sonug yaklagik 4 iterasyondur. Ancak
daha &ncede belirtildigi iizere EM-JDE algoritmasi, A matrisinin tamamini yeniledikten sonra kanal
kestirimi yaparken, SAGE-JDE algoritmasi A matrisinin sadece k. siitununu yeniledikten sonra kanal
kestirim islemini yapmaktadir. Bu agidan yapilan kanal kestirim isleminin giivenirliligi, EM-JDE kadar
iyi olmamakta ve basarimi simrli kalmaktadir. Ayrica bu sekilde kullanilan pilot tonlarin 8 olmasi
durumunda algorifmamn baslanglg: degerlerine duyarli oldugu gozlenmis ve bu durumda basarm
kaybinin s6z konusu oldugu anlagilmistir. Ancak kullamilan pilot sayisina gére, EM tabanh JDE
algoritmalarina ait basarimin, SDE tabanh algoritmalarin bagarimindan  istiinligii yapilan

benzetimlerde agikga gosterilmistir.




<o T=8 MMSE-SDE
- T=A Tumiesik-MMSE-PIC
107 | T=B SAGE-SDE
| = & ~T=16 MMSE-SOE
—@& —T=16 Tamlesik-MMSE-PIC |~
—w —~T=16, SAGE-SDE
o = e - T=40 MMSE-SDE
| =@~ T=40 Tamlesik-MMSE-PIC
— n- - T=40 SAGE-SDE
—+—CSKMMSE
—&— CSEMMSE-PIC
—— CSLSAGE-SDE
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SNR(dB)

Sekil 4.14 : Yukari Link MC-CDMA sistemleri igin dnerilmis ayrik kanal kestirim ve bilgi sezimine
dayali (SDE) alicilarin BER bagarimlariin SNR oranina gére incelenmesi

Y T ¥ T

- Tumlesik-MMSE-PIC T=16
--% - Tamlesik-MMSE-PIC T=40
—— SAGE-SDE, T=16 -
—s— SAGE-SDE, T=40

i SAGE-SDE ,CSl

T

10

Sekil 4.15 : Yukar1 Link MC-CDMA sistemleri igin &nerilen SDE algoritmalarinin yakinsama
basarimlari
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Sekil 4.16: Yukar1 Link MC-CDMA sistemleri icin onerilen EM-JDE ve SAGE-JDE algoritmalarmin
BER bagarimlari

T T 1
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Sekil 4.17: EM-JDE ve SAGE-JDE algoritmalarinin farkli pilot sayilar igin yakinsama grafiklerinin
BER bagarimlari
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4.5 SONUCLAR

Proje kapsaminda 6ncelikle Boliim 3.1°de literatiirde onerilen EM algoritlarindan farkl olarak
dis kodlayicili STBC/SFBC-OFDM sistemleri i¢in MAP-EM kanal kestirim tabanli bir turbo
alict yapist onerilmigtir. Daha 6nce teklif edilen, iletilen veri dizisinin alicida bilindigini
varsayan egitim dizili (traning sequence) yaklagimlardan farkl olarak, bu ¢alismada bilgi-
desteksiz (non-data-aided) galisan EM tabanli yeni bir kanal kestirim algoritmas: énerilmistir.
EM algoritmasi, birlesik bilgi sezimi ve kanal kestirimi icin uygulamada ¢ekici goziiksede,
yakinsamasimn oldukga yavag oldugu bilinmektedir. Ayrica algoritma ilklendirme isleminede
duyarlidir. Bu agidan algoritmanin ilklendirilmesi icin az sayida pilot sembollerin kullanim
yeterlidir.  Bilgi-desteksiz kestirim islemi, eniyileme isleminden once bilginin istatiksel
ortalamasimin  alinmast nedeniyle, ¢ekici bir yontemdir.  Genel olarak uygulamalarda
parametre Kestirimlerini analitik olarak elde etmek pek miimkiin degildir. Ancak, iletim
cesitlemeli  STBC ve SFBC sistemlerinin  dikgen kodlama &zelligi, kanal parametrelerinin

kestirimlerinin tam ve basit bir sekilde ifadesini miimkiin kilmaktadir.

‘Béliim 3.1°de getirilen diger 6nemli katki ise, literatiirdeki ML ¢éziimlerinden farkli olarak

gelistirilen MAP kanal kestirimi algoritmasimn iteratif olarak frekans domeninde
gerceklenmesidir. Ayrica, algoritmada karmagik Gauss rastlantisal degiskenler bi¢iminde
modellenen kanal katsayilar, Karhunen-Loeve (KL) birim-dik seri agilimi yardimiyla ilintisiz

rastlantisal degiskenlere doniistiiriilerek verici gesitlemeli OFDM sistemleri i¢in 6nerilen alici

‘yapisinda kullanilmaktadir. KL agilimiyla birlikte kullanilan Alumouti dikgen kanal kestirim

isleminin matris tersi alinmaksizin gergeklestirilebilmesini saglamigtir. Ayrica bu a¢ilimdan
hesaplanan 6z degerlerden sadece en 6nemlilerinin kanal kestirimde kullanmlmasiyla, kestirim

ifadesindeki karmasikligin dahada azaltilabilecegi gosterilmigtir.

Onerilen kanal kestirimcinin bilgisayar benzetimleri Bolim 4.1°de yapilarak basarimlari,
kanal kestirim ortalama karesel hata (MSE) ve bit hata oram (BER) olarak ¢esitli sistem
parametreleri igin incelenmigtir. Yapilan bilgisayar benzetim ¢aligmalarinda Onerilen kanal
kestirim algoritmasinin daha &nce Onerilen geleneksel kanal kestirim algortimalarina gore
tistiinligu gosterilmis ve 6nerilen alici yap1sl1 icin turbo kodlanmis sistemlerin kanal kestirim

hatalarina duyarlihginin daha fazla oldugu sonucuna varilmistir. Ayrica yiiksek degerli
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Doppler degerleri igin turbo kodlanmg SFBC-OFDM sistemlerinin turbo kodlanmig STBC-

OFDM sistemlerinden iistiin oldugu gosterilmistir.

Ayrica proje kapsaminda faz giiriiltiisi ve data seziminin ortaklaga ¢oziimi igin SMC
algoritmas1  onerilmis ve ortak kestirimin isleminin gergeklenebilir ~karmagiklikla
saglanabilecegi gosterilmistir. SMC algoritmasimin BPSK modiileli isaretler i¢in bilgisayar
benzetimleri Boliim 4.2°de yapilmig ve farkli baslangig faz hatalarindaki bagarimimn alicida

faz bilgisinin bilindigi durumdaki basarima yaklastig gosterilmistir.

Ayrica proje kapsaminda, tek kullammecili alicilar icin proje kapsaminda dnerilen alic1 yapilan
¢ok kullanicili alicilar igin de gdzoniine alinmig ve bu kapsamda Bolim 3.3 ve Boliim 3.4°de
sirastyla yukar ve asag link MC-CDMA sistemleri i¢in alic1 yapilar1 Snerilmistir. Asag link
MC-CDMA sistemleri i¢in literatiirde 6nerilmis, PIC alic1 yapisinin baslangi¢ degerlerini
bulmak i¢in EM-MAP tabanl alici yapisi onerilmistir. Onerilen alic1 yapist daha once 6nerilen
LS, LMMSE tabanli kanal kestirimci yapilariyla karsilagtinlarak EM-MAP algoritmasinin
{istiinligii gosterilmistir. Algoritmanin  kanalin alicida tamamen bilindigi durumdaki
basarimina yaklagtigi gozlemlenmistir. Ayrica, algoritmanin karmagikliginin azaltilmasi igin
kanal degisimlerinin rastgele bir siire¢ olarak modellenip Karhunen-Loeve (KL) dik seri
acilimn uygulanmustir. Yapilan KL agilimm sayesinde alinmasi gerekli olan matris ters alma
isleminde boyut kiigiiltme isleminin gerceklestirilebildigi gosterilmistir. Onerilen kanal
kestirimcinin bilgisayar benzetimleri Bolim 4.3’de yapilarak basarimlar1 bit hata orani (BER)
olarak ¢esitli sistem parametreleri i¢in incelenmistir. ~ Yapilan bilgisayar benzetim
calismalarinda &nerilen kanal kestirim algortimasimn daha once onerilen geleneksel kanal

kestirim algoritmalarina gére Ustiinligu gOsterilmistir.

Béliim 3.4°de ise frekans-secici kanallarda galisan yukari link MC-CDMA sistemleri igin
birlesik bilgi sezimi ve kanal kestirim islemi problemine yaklagimda bulunulmusgtur. Bu
cergevede Kocian’nin diiz soniimlemeli Rayleigh kanallar tizerinden ¢alisan yukar link DS-
CDMA sistemler i¢in Gncrdigi EM tabanli alici inceleﬁmis ve Onerilen alic1 yapist frekans-
segici kanallarda galisan MC-CDMA sistemleri i¢in genellestirilerek, kullanicilara ait bilgi
dizilerinin sezimi i¢in pargah karigim engelleyici ve kanal kestirimei yapisim igeren alici

yapisi elde edilmistir. Bélim 4.4°de yapilan bilgisayar benzetimlerinde, kullamlan az sayidaki
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pilotun EM-JDE ve SAGE-JDE algoritmasini ilklendirmek igin yeterli oldugu ve bu
algoritmalarin daha 6nce Onerilen MMSE-SDE, Tiimlesik-MMSE-PIC, SAGE-SDE alic1
yapilarindan tstinligi géstérilmistir. Ayrica EM-JDE’nin SAGE-JDE’den stiinltigi yapilan
bilgisayar benzetimlerinde yakinsama grafikleriyle birlikte verilmigtir. Bu grafiklerde,
iterasyonla birlikte yapilan kestirim islemlerinin diizeltildigi ve kanallara ait bilgilerin alicida
tarhamen bilinmesi durumundaki CSI-SAGE-SDE alic1 yapisinin baganmina yaklastigl

gozlemlenmistir.
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Abstract—This paper proposes a computationally efficient
pondata-aided maximum a posteriori (MAF) channel-estimation
algorithm focusing on the space-frequency (SF) transmit diversity
srthogonal frequency division multiplexing (OFDM) transmission
through frequency-selective channels. The proposed algorithm
properly averages out the data sequence and requires a convenient
representation of the discrete multipath fading channel based on
ihe Karhunen-Loeve (KL) orthogonal expansion and estimates
the complex channel parameters of each subcarrier iteratively,
using the expectation maximization (EM) method. To further
reduce the computational complexity of the proposed MAP al-
gorithm, the optimal truncation property of the KL expansion
{s exploited. The performance of the MAP channel estimator is
studied based on the evaluation of the modified Cramer-Rao
bound (CRB). Simulation results confirm the proposed theoretical
analysis and illustrate that the proposed algorithm is capable of
tracking fast fading and improving overall performance.

Index Terms—Expectation maximization (EM) algorithm, max-
imum a posteriori (MAP) channel estimation, orthogonal fre-
quency division multiplexing (OFDM) systems, space-frequency
coding.

1. INTRODUCTION

RADITIONAL wireless technologies are not very well
suited to meet the demanding requirements of providing
very high data rates with ubiquity and mobility. Given the
scarcity and exorbitant cost of the radio spectrum, such data
rates dictate the need for extremely high spectral efficient
coding and modulation schemes [1]. The combined application
of transmit-antenna diversity and orthogonal frequency division
multiplexing (OFDM) modulation appears to be capable of
enabling the types of capacities and data rates needed for
broadband wireless services [1], [21.

Transmit-antenna diversity has been exploited recently to
develop high-performance space-time/frequency codes and
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simple maximum likelihood (ML) decoders for transmission
over flat fading channels [3]-[5). Unfortunately, their practical
application can present a real challenge to channel-estimation
algorithms, especially when the signal suffers from frequency-
selective multipath channels. One of the solutions for alleviat-
ing frequency selectivity is through the use of OFDM together
with transmit diversity which combats the long channel impulse
response by transmitting parallel symbols over many orthogo-
nal subcarriers, yielding unique reduced complexity physical
layer capabilities [1].

Channel estimation for transmit-diversity OFDM systems
has attracted much attention with the pioneering studies of
Li [6], [7]. Among many other techniques, an iterative proce-
dure based on the expectation maximization (EM) algorithm
was also applied to the channel estimation problem in the
context of space-time block coding (STBC) [8], [9] as well as
transmit-diversity OFDM systems [10}-[13]. In [10], both the
ML and the maximum a posteriori (MAP) iterative receivers for
STBC-OFDM systems based on the EM algorithm are proposed
to directly detect transmitted symbols under the assumption that
fading processes remain constant across several OFDM words
contained in one STBC code word. Note that even this approach
pretends to bypass the channel-estimation process; it iterates
between the ML data detection and the channel estimation
consecutively until the convergence is reached. Although this
approach is certainly optimal, its convergence rate is slow; the
initial selection of the channel parameters is very critical and its
implementation is quite complex.

An EM approach proposed for the general estimation from
superimposed signals [15] is applied to the channel estimation
for OFDM systems with transmitter- diversity systems and is
compared with the space-alternating generalized EM (SAGE)
version in [12]. Moreover, in [13], a modified version of [12]
is proposed for STBC-OFDM and space-frequency (SF) block-
coding (SFBC)-OFDM systems.

Unlike the EM approaches treated in [10}-[13], we adopt
a two-step detection procedure: 1) Use the EM algorithm to
estimate the channel, and 2) use the estimated channel to per-
form coherent detection. The major contribution of this paper
is to obtain a new efficient nondata-aided MAP EM channel-
estimation algorithm for OFDM systems with transmitter di-
versity using SFBC. A different approach is adapted here to
explicitly model the channel parameters by a Karhunen—Loeve
(KL) series representation, since a KL expansion allows one to
tackle the estimation of correlated parameters as a parameter
estimation problem of the uncorrelated coefficients. Note that

0018-9545/$20.00 © 2006 IEEE
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the KL expansion is well known for its optimal truncation
property [19]. That is, the KL expansion requires the mini-
mum number of terms among all possible series expansions
in representing-a.random channel for a given mse. Thus, the
optimal truncation property of the KL expansion results in
a smaller computational load on the channel-estimation algo-
rithm. Moreover, except for a few pilot symbols for initial-
ization, the technique does not need any training sequence to
acquire the channel and more information carrying signals can
be transmitted.

Due to the orthogonality of the SFBC system based on
the Alamouti orthogonal design, as well as the KL expansion
of the multipath channel that yields simple exact iterative
expressions for the unknown channel parameters in frequency
domain which do not require any matrix inversion [18], [19).
Moreover, the optimal truncation property of the KL expansion
can further reduce the compuiational load on the channel-
estimation algorithm. ‘

. SFBC-OFDM SYSTEMS

Resorting to coding across tones, the set of generally cor-
related OFDM subchannels is first divided into groups of
subchannels. This subchannel grouping with appropriate sys-
tem parameters preserves the diversity gain while simplifying
not only the code construc‘tion,y but the decoding algorithm
as well [14]. A block diagram of a two-branch SF OFDM
transmitter-diversity system is shown in Fig. 1. To cast
the received signal model, we first define N, x 1 the data
vector A(n) as A(n) = [A(nNe), A(nN, + 1),..., A(nN +
N, —1)]7. Following the notation of [14], let Ax(n) denote
the kth forward polyphase component of the serial data sym-
bols, ie, Ax(n)= A(nN;+ k] for kE=0,...,N.— 1. The
polyphase component Ag(n) can also be viewed as the data
symbol to be transmitted on the kth tone during the block
instant n. The data symbol vector A(n) can therefore be
expressed as A(n) = [Ao(n), Ai(n), ..., An.-1]T. Resorting
the subchannel grouping, A (n) is coded into two vectors A.(n)
and A, (n) by the SF encoder as

A.(n) = [Ag(n),Ag(n),...,ANC_4(n),ANc_2(n)]T
A,(n) = [A1(n), As(n), .. .‘,ANf_g(n),ANc_l(n)]T )
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where A.(n) and A,(n) actually corresponds to the even and
odd polyphase component vectors of A(n). Then, the SF block
code transmission matrix may be represented by

frequency —
A.(n) —Aj(n) (2)
e A7) et

where * stands for the complex conjugation.

If the received signal sequence is also parsed in even and odd
blocks of N, tones, Re(n) = [Ro(n), R2(n), - - -, Ry, —2(n)]T
and Ro(n) = [Ri(n), R3(n),..., Rn.1 (n)]¥, the received
signal can be expressed in vector form as

R, (n) = Ac(n)Hy o (n) + Ao(n)Ha,e(n) + We(n)
R,(n) Al (n)H ,(n) + AL(n)Hao(n) + Wo(n) (3)

where Ac(n) and A,(n) are Nc/2 x N¢/2 diagonal matrices
whose elements are A.(n) and A,(n), respectively, and !
denotes the conjugate (ranspose. H,.(n) = [Hpo(n),
Hya(n)..., Honoa(m)T  and  Hyo(n) = [Hut (),
H,3(n), ... HuN.-1 (n))T are N./2 length vectors denoting
the even and odd component vectors of the channel attenuations
between the uth transmitter and the receiver. Finally, W,(n)
and W,(n) are N./2x1 zero mean and independent
identically distributed (i.i.d.) Gaussian vectors that model
additive noise in the N, tones, with a variance of o2%/2 per
dimension.

Equation (3) shows that the information symbols A.(n)
and A,(n) are transmitted twice in two consecutive adjacent
subchannel groups through two different channels. In order
to estimate the channels and decode A with the embedded
diversity gain through the repeated transmission, for each n,
we can write the following equation from (3) as

Re (n) _ -Ae (TL) Ao(n) Hl,e (n) + We (n)
R,(n) ~Al(n) Al(n)] |Hz.(n) W,(n)
where the complex channel gains between the adjacent subcar-
Hers are assumed to be approximately constant, i.e., H, . (n) =

Hj ,(n) and Hp ((n) = H, ,(n). The effect of this assumption
allows us to omit the dependence of Hy ¢(n) and H;.(n) on



& in a more succinct form

R(n) = A(n)H(n) + W(n). ©)

Based on (6), our main objective in this paper is to develop
s channel-estimation algorithm in accordance with the MAP
criterion. The channel variations are considered as random
processes and the KL orthogonal series expansion is applied.
prompted by the general applicability of the KL expansion, in
this paper, we consider the components of H,(n) to be ex-
pressed by a linear combination of orthonormal base vectors as
H,(n) = ¥G,(n), where ¥ = [Wo, Y1, -, ¥, 1], ¥i’s are
the orthonormal basis vectors corresponding to the eigenvec-
tors of the channel autocorrelation matrix Cy,, = E[H H].
G,(n) is an N, x 1 zero-mean i.i.d. Gaussian vector whose
components G, (n)[k] = G.(n, k), k=0,1,..., N, ~ 1 cor-
respond to the weights of the KL expansion. Note that the
covariance matrix of G,(n) is A = diag(Xo, A1, - -+, AN.-1)s
where A s are the eigenvalues of Cyn,,. Therefore, Cg,, can be
expressed as

Ch, = WAT. @)

Thus, the channel estimation problem in this application is
equivalent to estimating the i.i.d. Gaussian vector G, of the
KL expansion coefficients.

III. NONDATA-AIDED EM-BASED MAP
CHANNEL ESTIMATION

_Inthe nondata-aided MAP estimation approach, we choose
G to maximize the posterior probability density function
(PDF), G = argmaxg p(G|R) where G = [GT,GT|". To
find the MAP estimator, we must equivalently maximize
p(R|G)p(G). The prior PDF of the KL expansion coeffi-
cient r.v’s of the fading channel can be expressed as p(G) ~
exp(—G’./N&_IG), where A = diag(A A).
Hence, the MAP estimator equivalently takes the form

Guap = arg max [lnp(R|G) + Inp(G)] (8)

where p(R|G) = E4[p(R|A, G).

Given the transmitted signals A, coded according to the SF
transmit-diversity scheme and the discrete channel orthonormal
series expansion representation coefficients G and taking into
account the independence of the noise components, the condi-
tional PDF of the received signal R can be expressed as

p(RIA, G) ~ exp [—(R ~ATG)IET R - A@G)] ©)

where ¥ is an N. x N, diagonal matrix with g]{k, k) = a?, for
k=0,1,...,N.—land ¥ = diag(¥ ¥).
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Obtaining the MAP estimate of G from (9) is a complicated
optimization problem and does not yield a closed-form solu-
tion. The solution of such problems usually requires numerical
methods, such as methods of scoring, Newton-Raphson, or
some other gradient search algorithm. However, for the problem
at hand, these numerical methods tend to be computationally
complex. Fortunately, the solution can be easily obtained by
means of the iterative EM algorithm. Since the EM algorithm
has been studied and applied to a number of problems in
communications over the years, the details of the algorithm
will not be presented in this paper. See [20]-[22] for a general
exposition to the EM algorithm and (18] its applications to the
estimation problem related to this study. Basically, this algo-
rithm inductively reestimates G so that a monotonic increase
in the a posteriori conditional pdf in (9) is guaranteed. The
monotonic increase is realized via the maximization of the
auxiliary function

Q (G]G“)) =Y p (R, A,G“)> logp(R, A, G)  (10)
A

where G is the estimation of G at the ith iteration.

Note that p(R, A, G) ~ p(R|A4, G)p(G), since the data
symbols A = {Ax(n)} are assumed to be independent of each
other and are identically distributed and because of the fact
that they are independent of G. Therefore, (10) can be easily
evaluated compared to a direct computation of (9).

Given the received signal R, the EM algorithm starts with
an initial value GO of the unknown channel parameter G. The
(i + 1)th estimate of G is obtained by the maximization step
described by GGtV = argmaxg Q(G|GW™). As described
in Appendix I, the expression of the reestimated value of
GSH) (1 = 1,2) can be obtained as follows:

G =1+ 2A )1 [P Re(n) - TRy (m)|
Ggi+1) — 1+ EA'I)“l‘I’T [ng)tRe(n) + I‘gi)Rn(n)]
(1)

where it can be easily seen that

et ([(5) - (55) )

and I‘S) in (11) is an N./2 x N./2 dimensional diagonal
matrix representing the a posteriori probabilities of the data
symbols at the ith iteration step whose kth component is
defined as

ik =33 auP(Agk(n) =a

ay az€Sg

Agesr(n) = 2[R, GO), =12 (13)
where Sy denotes the alphabet set taken by the kth OFDM

symbol.
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A truncated expansion Gy - can be formed by selecting
r orthonormal basis vectors among all the basis vectors that
satisfy Cu,, ¥ = W A. The optimal one that yields the smallest
average mean-squared truncation error 1/(N./2) E [eler]is the
one expanded with the orthonormal basis vectors associated
with the first largest r eigenvalues given by

#

-1

! Ai (14)

N
Ne
2 T

1

N,
Lo
2 T

E[ele,] =

i

i
4

where €, = G — G, r. For the problem at hand, the trun-
cation property of the KL expansion results in a low-rank
approximation. Thus, a rank-r approximation of A, is defined
as A.= diag{)\o,Al,...,)\,_l,O,...,0}. Since the trailing
N,/2 — r variances {Al}f_'_fr/z'l are small compared to the
Jeading r variances {M},4, then the trailing Ng/2 — r vari-
ances are set to zero to produce the approximation. However,
the pattern of eigenvalues for A typically splits the efgenvectors
into dominant and subdominant sets. Then, the choice of 7
is more or less obvious. The optimal truncated KL (rank-r)
estimator of (11) can easily be obtained by replacing A, with
A in(11). :

A. Initialization

In order to choose good initial values for the unknown chan-
nel parameters, the Npg data symbols {Ak{n)} fork € Spsin
each OFDM frame are inserted as pilot symbols known by the
receiver. Corresponding to the pilot-symbols, we focus on an
under-sampled signal model and employ. the least squares w€s)
estimate to obtain under-sampled channel parameters. Then,
the complete initial channel gains can easily be determined
using an interpolation technique, i:e., a lowpass interpolation
algorithm [16]. Finally, the initial values of G are used in the
iterative EM :algorithm to avoid divergence. The details of the
initialization process is presented in [17] and [18].

B. Computation of I‘,(_f) (k) for QPSK

As the details are given in Appendix IL, T = i (o),
.. ,T9((N./2) ~ )T can be computed for QPSK signaling
as follows:

L1 1 . j 1 .
@t 2 O} 4L E @)
r{) = - tanh LZRe(zu )} + L tanh Lzlm (2 )]
(15)
where
7{) =R G + RIEGY
70 =R ' G) - RLEGY

and R, and R, are Nc /2 x N/2 diagonal matrices whose
elements are R, and Ro, respectively.

1V. MODIFIED CRAMER-RAO BOUND

In this section, we turn our attention to the analytical perfor-
mance results and study the performance of the MAP channel
estimator based on the evaluation of the modified CRB.

The mean-squared estimation error for the unbiased estima-
tion of a nonrandom parameter has a lower bound, the CRB,
which defines the ultimate accuracy of the unbiased estimation
procedure. Suppose G is an unbiased estimator of a vector of
unknown parameters G (i.e., E{G} = G), then the mse matrix
is lower bounded by the inverse of the Fisher information
matrix (FIM) E{(G — G)(G - Gt} > I7HG).

Since the estimation of unknown random parameters G’ via
the MAP approach is considered in this paper, the modified FIM
needs to be taken into account in the derivation of the stochastic
CRB [24). Fortunately. the modified FIM can be obtained by a
straightforward modification of the FIM as

I14(G) 2 J(G) + Ip(G) (16)

where J p(G) represents the a priori information.

Under the assumption that G and W (n) are independent of
each other and ‘W (m) is a zero-mean, the Ax’s are adopting
finite complex values, from [24] and (9), the conditional PDF is
given by

p(RIG) = E4 {p(RIA, G)}
~ -&%EA {®-AFG)® - AFG)}. a7

Since ln p(R|G) is required for the computation of J(G), itis

unfortunately computationally intensive: However, an approx-
imate of Inp(R|G) can still be obtained from In p(R}A, G).
Since the logarithmic function is a concave, by Jensen’s in-
equality, we have

Inp(RIG) < Ealn {p(RIA,G)}- (18)

Therefore, we get a valid J(G) from Ea{lnp(R|A4,G)}
which may not be tight, but is much easier to compute. From
(17), the derivatives follow as

anp(RIG) 1 . -
__gé-TL—) =-U—2(R—~A\IJG)TA\II a9y
#npRIG) 1 =t 44§

e GT - ST AAT. (20)

Since the Alamouti’s scheme imposes an orthogonal struc-

ture on the transmitted symbols At A = I and using FT=1
and taking the expected values yields the simple form

2n

8*Inp(RIG) | _ 1,
8G*0GT | o

J(G) = —E{
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Fig. 2. Channel-estimation mse as a function of the average Ey/No.

The second term in (16) is easily obtained as follows. Con-

sider the prior PDF p(G) ~ exp[(—(?r‘./i.l G)]. The respective
derivatives are found as

olnp(G) _
oGT

82Inp(G) _

o"Inp\) . _A-D
3G 5GT AT (22)

~GIATT,

Upon taking the negative expectations, the second term in (16)
pecomes J p(G) = A~ Substituting J(G)and Jp(G)in(16)
produces the modified FIM as follows:

In(G) =3(G) +Ip(G)

1
=T+ AL (23)

Inverting the matrix Jp(G) yields CRB(G) = I3, (G).
CRB(G) is a diagonal matrix with the elements on the main
diagonal equaling the reciprocal of that of the J(G) ma-
trix. Because of the zero-valued off-diagonal entries in the
FIM, the errors between the corresponding estimates are not
independent.

V. SIMULATIONS

In this section, we present some simulation results in order
to verify the performance of the channel estimation via the
EM algorithm for SFBC-OFDM systems. The diversity scheme
with two transmit and one receive antenna is considered. The
channels between the transmitter and receiver are generated
according to the doubly-selective fading channel model. In
this model, H,,(k)’s are with an exponentially decaying power
delay profile 6(7,) = C exp(~Ty/Trms) and delays 7, that are
uniformly and independently distributed over the length of the
cyclic prefix. C'isa normalizing constant. Note that the normal-

10 12 14 16 18 20
Eb/No

ized discrete channel correlations for different subcarriers and
blocks of this channel model were presented in [17] as follows:

1—exp [-L ]+ sk ) |

Trms

Tems (1 — exp (;:)) <;r—:“—s- + Mﬁ_}_‘ﬂ) .

™ (k, kl) =

The scenario for the SFBC-OFDM simulation study con-
sists of a wireless QPSK-OFDM system. The system has a
2 28-MHz bandwith (for the pulse roll-off factor @ = 0.2) and
is divided into N, = 512 tones with a total period T's of 136 ps,
of which 1.052 ps constitutes the cyclic prefix (L = 4). The
uncoded data rate is 7.6 Mb/s. We assume that the rms width is
Trms = 1 sample (0.263 ps) for the power-delay profile.

The proposed EM-based iterative channel estimator of (11)
is implemented and compared with the previously reported
SFBC-OFDM channel estimator [13] in terms of average mse
for a wide range of signal-to-noise ratio (Ey/No) levels. The
average mse is defined as the norm of the difference between the
vectors G = |GT,G7] and Gmap, representing the true and
the estimated values of the channel parameters, respectively.
Namely, mse = 1/2N||G — G mapll?. In order to obtain good
initial values for the unknown channel parameters, Npg = 64
equally spaced pilot tones are inserted into the data symbols.
Corresponding to the pilot symbols, we employed the LS
estimate to obtain under-sampled channel parameters. Then, the
complete initial channel gains are determined using a lowpass
interpolation technique [16]. Finally, the initial values of GELO)
are used in the iterative EM algorithm to avoid divergence.

Fig. 2 compares the performance of the proposed EM-MAP
channel-estimation approach with an EM-ML [13] which is the
modified version of {12] and both used LS for initialization. The
proposed EM-based approach is also compared to other widely
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used linear mmse (Lmmse) and LSE pilot symbol assisted
modulation (PSAM) channel-estimation techniques {23]. It can
be seen that the proposed EM-MAP significantly outperforms
the EM ML as well as the PSAM techniques.

Assuming the channel parameters are estimated accurately,
the SF block constructs the decision estimate vector in [14].
Therefore, we used channel estimates for symbol decoding and
compared the bit error rate (BER) performance of the proposed
iterative EM-MAP estimator with the EM-ML and the Lmmse
ones. Fig. 3 shows the average results of 1000 Monte Carlo
runs. We observe from the BER performance simulation results
that the EM-MAP BER performance still outperforms the EM-
ML and the Lmmse approaches, especially for high SNRs.

In Fig. 4, the average mse performance of the EM-MAP
algorithm is presented as a function of the number of iterations.
It is concluded from these curves that the mse performance
of the EM-based algorithm converges within 2-4 iterations,
depending on the average SNR.

Apart from the simulated BER performance, the truncated
estimator performance is also studied as a function of the
number of KL coefficients. Fig. 5 presents the mse result of
the truncated EM-MAP estimator. If only a few expansion
coefficients are employed to reduce the complexity of the
proposed estimator, then the mse between channel parameters
becomes large. However, if the number of parameters in the
expansion is increased to include the dominant eigenvalues, we
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+= able to obtain a good approximation with a relatively small  from (3) and (9), the second and third terms in (24) can be

umber of KL coefficients. For instance, by replacing 256 x  written as
% diagonal A in (11) with a 8 x 8 diagonal, A, decreases the
amputational complexity enormously. log p(RIA, G) ~ — [Re(n) ~ A (n)H; - Ao(n)Hz}T

x B 1R (n) — Ac(n)Hy — A, (n)Hy)

VI. CONCLUSION _ [Ro(n) + Al(mH, - AL(n)Hg]f
In this paper, we proposed an efficient nondata-aided EM- -1 i 4
hased channel-estimation algorithm for SFBC-OFDM systems, x B [Ro(n) + Ag(m)H: - Al(n)Hy]
which is crucial for the decoding of SF codes. This algorithm logp(G) ~ — GiA”lGl _ GEA"l G,. (25)

performs an iterative estimation of the channel according to the
M. N . t . 3
’kiAP cr{tenon, using t}.w EM fil.gon fm e.mploy%ng the M.PSI.( Taking the derivatives in (10) with respect to G, and Gg,
modulation scheme with additive Gaussian noise. The likeli- - 2 2

- ~" along with the fact that A(n)]|2 = |A.(n)|* = (1/2)1, and
hood ratio is properly averaged out over the data sequence SO sating the resulting equations to zero, we have
that the resulting algorithm does not need a training sequence cquating the resuiting &4 ’
to acquire the channel; thus, the throughput of the system GQ A
improves substantially compared to the existing channel- FTer Zp (R, A, Gm)
estimation algorithms based on the data-aided schemes in lit- A
érature. The performance f)f our chal‘mel-estlr‘nauon algontl}m % [E'l\I'T ( Al(n)Re(n)
is confirmed by corroborating simulations and is compared with
existing EM-ML alternatives. It has been shown that the EM- ~ Ao(n)Ry(n) —Hy) — A“lGl] =0
MAP estimator performs well over the EM-ML. Moreover, the Y8, ) )
truncation property of the KL expansion significantly reduces FTeN = Zp (R, A, G(‘))
the complexity of the EM-based algorithms. ! A

x [£71e! (Al(n)Re(n)

+ A (n)R,(n) — Hg) — A7IG,] =0. (26)

S A

APPENDIX 1
DERIVATION OF (11)
Since p(R, A, G®)) may be replacéd by p(AIR, G) with-
out violating the equalities in (26), defining the conditional

probabilities as

ré k) = > a;P .

The first term in (24) is constant, since the data sequences A or agCSk

have an equal a priori probatiility’a'nd Aand G are independent ) ‘ '
of each other. Also, since the noise samples are independent, X. (Ag]c (n) = a1, Aze41(n) = a2|R, G(’”)) @n

In (10), the term log p(R, A, G) can be expressed as

log p(R, A, G) ~ logp(A, G) +logp(R|A, G) + log p(G).
, (24)
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(30

(k) =

Y ases, P (RIAze(n) = a1, Az (n) = az, G®) P (Azk(n) = a1, Aze41 = a2)

and the N./2 x N/2 diagonal matrix
r'® = diag { (0 ro (Ne 4 8
uo- 1ag p()v"'s i _2_—_ (28)
the equations in (26) can be expressed as

=gt (rg”’Re(n) ~ TR, (n) — Hl) —A"'G,

-1yt (r;’”*Re(n) + TR, (n) —Hz) —A1G, (29)

from which, the final expression for GSH), i =1,2, given by
(11) easily follows.

APPENDIX 11
EXACT COMPUTATION OF F,(J) (k) FOR QPSK SIGNALING

Let @ = (+1 # 5)/2 represent the unit power and the inde-
pendent and identically distributed data sequence modulating
the QPSK carrier, Fff) (k) in (13) can be expressed (30), shown
at the top of the page. From (9), it follows that

Yooy .aze8, n €XP (’alfR [GLZ‘(‘i)(k)D

e
0 (k) = . 31
I i
Yo, ey EXP (#Rﬁ [a'Z,(‘)(k)D
where

ZO(k) = Re Y GV (m)ra (k)
+ Ry > G (m)dm (k)
ZE (k) = Re Y Gy ()i (k)

— Ry Y GV (m) (k)

Then, taking summations in the numerator and the denomi-
nator of (31) over the values of the QPSK symbols a, we have

the final result as follows:

) (k) = —;-tanh {%Re (fo)(k))]

L

L tanh L%Im (ij)(k))] . (2
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Iterative Channel Estimation and Decoding of
Turbo Coded SFBC-OFDM Systems

Hakan Dogan, Student Member, IEEE, Hakan A. Cirpan, Member, IEEE, and Erdal Panayirci, Fellow, IEEE

Abstract— We consider the design of turbo receiver structures
for space-frequency block coded orthogonal frequency division
multiplexing (SFBC-OFDM) systems in the presence of unknown
frequency and time selective fading channels. The Turbo receiver
structures for SFBC-OFDM systems under consideration consists
of an iterative MAP Expectation/Maximization (EM) channel
estimation algorithm, soft MMSE-SFBC decoder and a soft MAP
outer-channel-code decoder. MAP-EM employs iterative channel
estimation and it improves receiver performance by re-estimating
the channel after each decoder iteration. Moreover, the MAP-EM
approach considers the channel variations as random processes
and applies the Karhunen-Loeve (KL) orthogonal series expan-
sion. The optimal truncation property of the XI. expansion can
reduce computational load on the iterative estimation approach.
The performance of the proposed approaches are studied in terms
of mean square error and bit-error rate. Through computer
simulations, the effect of a pilot spacing on the channel estimator
performance and sensitivity of turbo receiver structures on
channel estimation error are studied. Simulation results illustrate
that receivers with turbo coding are very sensitive to channel
estimation errors compared to receivers with convolutional codes.
Moreover, superiority of the turbo coded SFBC-OFDM systems
over the turbo coded STBC-OFDM systems is observed especially
for high Doppler frequencies.

Index Terms—EM algorithm, MAP channel estimation,
OFDM systems, space-frequency coding, turbo receiver.

I. INTRODUCTION

HE goal of the developments for the future generations

of broadband wireless mobile systems is to provide a
wide range of high quality enhanced and integrated services
with high data rates. Several key enabling techniques capable
of achieving the highest possible spectrum efficiency are
therefore currently being investigated. An important area that
has to be focused on to make this goal accomplished is related
to spectrally efficient and flexible modulation and coding
techniques. Specifically, the combined application of orthog-
onal frequency division multiplexing (OFDM) and transmit
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antenna diversity appears to be capable of enabling the types
of capacities and data rates needed for broadband wireless
services.

Transmit antenna diversity has been exploited recently to
develop high-performance space-time/frequency codes and
simple maximum likelihood (ML) decoders for transmission
over flat-fading channels [1]-[3]. Unfortunately, their practical
application can present a real challenge to channel estimation
algorithms, especially when the signal suffers from frequency
selective multipath channels. One of the solutions alleviating
the frequency selectivity is the use of OFDM together with
transmit diversity which combats long channel impulse re-
sponse by transmitting parallel symbols over many orthogonal
subcarriers yielding a unique reduced-complexity physical
layer capabilities [4].

The continued increase in demand for all types of services
further necessitates the need for higher capacity and data
rates. In this context, emerging technology that improves the
wireless systems spectrum efficiency is error control coding.
Recent trends in coding favor parallel and/or serially concate-
nated coding and probabilistic soft-decision iterative (turbo-
style) decoding. Such codes are able to exhibit near-Shannon-
limit performance with reasonable complexities in many cases
and are of significant interest for communications applications
that require moderate error rates. An outer channel code is
therefore applied in addition to transmit diversity to further
improve the receiver performance. We therefore consider the
combination of turbo codes with the transmit diversity OFDM
systems. Especially we address the design of iterative channel
estimation apprcach for transmit diversity OFDM systems
employing an outer channel code.

Channel estimation for transmit diversity OFDM systems
has attracted much attention with pioneering works by Li [5],
[6]. However, most of the early work on channel estimation
for transmit diversity OFDM systems focused on uncoded
systems. Since most practical systems use error control cod-
ing, more recent work have addressed the coded transmit
diversity OFDM systems. Among many other techniques, an
iterative procedures based on Expectation-Maximization (EM)
algorithm was aiso applied to channel estimation problem in
the context of space-time block-coding (STBC) [7], [8] as
well as transmit diversity OFDM systems with or without
outer channel coding (e.g. convolutional code or Turbo code)
[10]-[13]. In [10], maximum a posteriori (MAP) EM based
iterative receivers for STBC-OFDM systems with Turbo code
are proposed to directly detect transmitted symbols under
the assumption that fading processes remain constant across
several OFDM symbols contained in one STRC code-word.

1536-1276/07$25.00 (© 2007 IEEE




An EM approach proposed for the general estimation of the
superimposed signals [9] is applied to the channel estimation
for transmit diversity OFDM systems with outer channel code
{convolutional code) and compared with the SAGE version
presented in [12]. Moreoverin [13], a modified version of [12]
i proposed for the STBC-OFDM and space-frequency block-
coding (SFBC)-OFDM systems. Unlike the EM approaches
irzated in [10]-[13], we propose in the paper a new Turbo
receiver based on MAP-EM channel estimation algorithm for
SFBC-OFDM systems employing outer channel coding. The
Turbo receiver scheme under consideration employs iterative
channel estimation and it improves receiver performance by
re-estimating the channel after each decoder iteration. The
paper has several major novelties and contributions. The main
contribution of the paper mainly comes from the fact that
the channel estimation technique presented in our work is an
EM based non-data-aided approach as opposed to the existing
works in the literature which are mostly assumed either the
data is known at the receiver through a training sequence
or a joint data detection and the channel estimation. Note
that very small number of pilots used in our approach is
necessary only for initialization of the EM algorithm leading
0 channel estimation. Although, the joint data and channel
estimation technique with EM algorithm seems to be attractive
i practice, it is known that the convergency of the algorithm
is much slower, it is more sensitive to the initial selection
of the parameters and the algorithm is more computationally
complex than the techniques that deal with only channel
estimation. As it is known in the estimation literature, non
data-aided estimation techniques are more challenging mainly
due to a data averaging process which must be performed
prior to optimization step. Most of the time this may not lead
to a simple analytical expression for the estimates. Thanks to
the orthogonal space/frequency coding techniques which made
possible to derive exact and simple analytical expressions for
the unknown channel parameters in our work.

Another significant contribution of the paper comes from
the fact that the channel parameter estimation technique
proposed in our paper is for the SFBC-OFDM transmitter
diversity systems with outer channel coding. The estima-
tion algorithm performs an iterative estimation of the fading
channel parameters in frequency domain according to the
maximum a posteriori criterion (MAP) as opposed to the
ML approaches adopted in many publications appeared in the
literature. Furthermore, our approach is based on a novel rep-
resentation of the fading channel by means of the Karhunen-
Loeve (KL) expansion and the application of this expansion to
the turbo receiver structures for SFBC-OFDM systems. Note
that; KL orthogonal expansion together with space-frequency
coded system based on the Alamouti orthogonal design enable
us to estimate the channel in a very simple way without
taking inverse of large dimensional matrices, yielding a com-
putationally efficient iterative analytical expressions [15]-[17).
Moreover, optimal truncation property of the KL expansion
is exploited in ‘our paper resulting. in-a' further reduction
in computational load on the channel estimation algorithm.
In order to explore ‘the performance of the proposed turbo
receivers, we first investigate the effect of a pilot spacing on
the turbo receiver performance by considering average MSE
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Fig. 1. Transmitter structure for turbo coded SFBC-OFDM systems.

as well as bit-error-rate (BER). We also analyze the sensitivity
of turbo receiver structures on channel estimation errors.
The rest of the paper is organized as follows. In Section 11,
a system model for turbo coded SFBC-OFDM is introduced.
In Section III, multipath channel and its orthogonal series
representation based on the Karhunen-Loeve expansion is
presented. Vector representation of the received signal is
formulated in Section IV, while an EM based MAP channel
estimation algorithm is developed in Section V. In addi-
tion to iterative MAP channel estimation approach, iterative
channel equalization and decoding structures are proposed
in Section VI. Some computer simulation are provided in
Section VII. Finally, conclusions are drawn in Section VIII.

II. TurRBO CODED SFBC-OFDM SYSTEM MODEL

We consider a SFBC-OFDM system with outer channel
coding. Turbo code is applied, in addition to a SFBC system,
to further improve the error performance of the SFBC-OFDM
system. A block diagram of a transmitter structure for a turbo
coded two-branch SFBC transmitter diversity OFDM system
is shown in Fig. 1. '

A. Turbo Encoder

Turbo codes are a class of powerful error correction codes
that enable reliable communications with power efficiencies
close to the theoretical Shannon channel capacity limit. In
particular, a turbo code is formed from the paralle] or serial
concatenation of codes separated by an interleaver. In general,
Turbo codes are low-rate codes which require considerable
bandwidth expansion for high rate data transmission. In order
to improve spectral efficiency, it is necessary to combine
turbo codes with a bandwidth efficient transmit diversity
systems. Thus combinations of implicit (turbo coding) and
external (i.e. multiple transmit antenna) diversity can be used
to improve the performance of the communication system in
fading environments.

As illustrated in Fig. 1, the block of binary data bits
of length N./2, b(n) = {bg(n),bl(n),.‘.,b%‘;-l(n)}T
at time n are encoded- by an 1/2 rate outer-channel-
encoder, resulting in a BPSK-coded symbol stream C(n) =

[Co(n),C1(n),...,Cn,-1(n)]T of length N. . The coded sym-

bols are then interleaved by a random permutation resulting in
a stream of independent symbols(of length N.), denoted by
{X(n)}. A code-bit interleaver reducés probability of burst
error bursts and removes correlation in the coded symbol
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stream. Finally, the modulated BPSK symbols are encoded by
a SFBC encoder and transmitted from two transmit antennas
on corresponding OFDM subcarriers.

B. SFBC-OFDM Encoder

In this paper, we consider a transmitter diversity OFDM
scheme in conjunction with inner channel coding. In order to
compensate for the reduced data rate of turbo codes, some
space-time codes having data rates greater than one could
be employed. However it is well known from literature that
the Alamouti antenna modulation configuration is the only
scheme which retain orthogonality and full rate when for the
complex-valued data as well as the low complexity. As will be
seen shortly, orthogonality property is essential and required
condition for the channel estimation algorithm in our paper.
Moreover, orthogonality structure of Alamouti allows decou-
pling of the channel and reduces the equalizer complexity.
Furthermore, the Alamouti‘s schemes has been adopted in
several wireless standards such as WCDMA and CDMA2000.
It imposes an orthogonal spatio-temporal structure on the
transmitted symbols that guarantees full (i.e., order 2) spatial
diversity. In addition to the spatial level, to realize multipath
diversity gains over frequency selective channels, the Alamouti
block coding scheme is implemented at a block level in
frequency domain. Thus the use of OFDM in transmitter
diversity systems also offers the possibility of coding in a form
of space-frequency OFDM [18], [19]. Under the assumption
that the channel responses are known or can be estimated
accurately at the receiver, it was shown that the SFBC-
OFDM system has the same performance as a previously
reported STBC-OFDM scheme in slow fading environments
but shows better performance in the more difficult fast fading
environments [18]. Also, since SFBC-OFDM transmitter di-
versity scheme performs decoding within one OFDM block,
it requires only half of the decoder memory needed for the
STBC-OFDM system of the same block size. Similarly, the
decoder latency for SFBC-OFDM is also half of the STBC-
OFDM implementation. In SFBC-OFDM systems, the OFDM
subchannels are divided into certain number of groups. This
subchannel grouping with appropriate system parameters does
preserve diversity gain while simplifying not only the code
construction but decoding algorithm significantly as well [18].

Adopting the notation of [18], let N, turbo coded,
interleaved and BPSK modulated symbols, taking val-
ues {715, —71-5}, be represented by a vector X(n)=
[X(nN.),X(nN + 1),~--, X(nNc + Ne — D]T, where
Xe(n) = X(nN. + k) denotes the kth forward polyphase
component of the serial data symbols, for k=0,---,N.—1.
Polyphase component Xx(n) can also be viewed as the coded
symbol to be transmitted on the¢ kth tone during the block
instant n. The coded symbol vector X(n) can therefore be
expressed as X (n)= [Xo(n), X1(n), -+, Xn.-1]T. Resorting
subchannel grouping, X(n) is coded into two vectors Xe(n)
and X, (n) by the space-frequency encoder as

Xe(’l’l) = {XD(TL), XQ(n)} s =XNC—4(n)a XN:—Q(n)]T ’
o, W

Xo(n) = [X1(n), X3(n), -+, Xn.-3(n), Xn.-1(n)

where Xo(n) and Xo(n) actually corresponds to even and
odd polyphase component vectors of X(n),respectively. Then
the space-frequency block-coded transmission matrix may be
represented by

frequency —
Xe(n) —Xo'(n) @
Xo(n) Xe'(n) |’

where * stands for complex conjugation.

space |

III. CHANNEL; KL-BASIS EXPANSION MODEL

Dispersive fading channels are modeled widely by the block
fading channel model[20]. According to this model, the chan-
nel is assumed to remain constant over a block of a given size
and successive blocks may be correlated or independent. This
is an approximate model that would be applied to some of the
practical communication systems such as OFDM, frequency-
hopped spread-spectrum (FHSS) and time-division multiple
access (TDMA).

In this paper, it is assumed that the channel is frequency
selective during each OFDM symbol [21}and exhibits time
selectivity over the OFDM symbols according to Doppler
frequency. We consider the Alamouti transmitter diversity
coding scheme, employed in an OFDM system utilizing N,
subcarrier per antenna transmissions. Note that N, is chosen as
an even integer. The fading channel between the puth transmit
antenna and the receive antenna is described by the baseband
equivalent discrete frequency response H,(n) at the nth time
slot.

In wireless mobile communications, channel variations arise
mainly due to multipath effect. Consequently, these variations
evolve in a progressive fashion and hence fit in some evolution
models. It appears that a basis expansion approach would be
a natural way of modelling the channel variation [22}. Fourier
and Taylor series expansions as well as the polynomial expan-
sion have played a prominent role in deterministic modelling.
In contrast, a convenient choice for bases expansion of random
processes is Karhunen-Loeve (KL) series. Moreover, the KL
expansion methodology has been also used for efficient sim-
ulation of the multipath fading environments [16]. Prompted
by the general applicability of the KI. expansion, we consider
in this paper the parameters of H,(n) to be expressed by a
linear combination of orthonormal bases.

An orthonormal expansion of the vector H,(n) involves
expressing the H,(n) as a linear combination of the ortho-
normal basis vectors as follows:

H,(n) = $G(n), 3)

where ¥ = [tpg, %y, -+ ,%¥n__1], ¥;’s are the orthonormal
basis vectors, and G,(n) = [Gpo(n), - ,GunN.—1(n)T is
the vector representing the weights of the expansion. By using
different basis functions ¥, we can generate sets of coef-
ficients with different properties. The autocorrelation matrix
Cy, =k [HuHH can be decomposed as

Cu, = TAYY, 0)

where A = E{G“GL} and t denotes the complex transpose.
The KL expansion yields A in (4) to be a diagonal matrix

i
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(i.e., the coefficients are uncorrelated). Then (4) represents an
eigendecomposition of Cy,. As a result, diagonalization of
Cy, leads to a desirable property that the KL coefficients
are uncorrelated. Furthermore, in the Gaussian case, the un-
correlatedness of the coefficients renders them independent
as well, providing additional simplicity. Thus, the channel
estimation problem becomes equivalent to estimating the i.i.d.
Gaussian vector G,, whose coefficients are the KL expansion
coefficients.

As mentioned earlier, the channels between transmitter and
receiver in this paper are assumed to be doubly-selective
where, H,(n)'s have exponentially decaying power delay
profiles, described by 6(7,) = Cexp(—7,/Trms). The de-
lays 7,, are uniformly and independently distributed over the
length of the cyclic prefix. 7,,,,s determines the decay of the
power-delay profile and C is the normalizing constant. Note
that the normalized discrete channel-correlations for different
subcarriers and blocks of this channel model were presented
in [23] as follows,

Trms ¢

rrms (1= exp(~ 2)) 7y + 2k

Trms

ri(n,n')= Jo(2m(n — n') faTy), (6)

ro(k, k)= i [aL (-l‘ : gﬂ%ﬁﬂ

»(5)
)

where, (k,k’) denotes different subcarriers, L is the cyclix
prefix, N, is the total number of subcarriers. Also in (6) (n,n’)
denotes the discrete times for the different OFDM symbols,
Jo(.) is the zeroth-order Bessel function of the first kind and
fa is the Doppler frequency.

IV. RECEIVED SIGNAL MODEL

At receiver, after matched filtering and symbol rate sam-
pling, the discrete Fourier transform is applied to the re-
ceived discrete time signal to obtain R(n). If R(n) is
parsed into even and odd blocks of N./2 tones each as
» Re(n) = [Ro(n), R2(n),- -, Rn,—2(n)]” and Ro(n) =
[R1(n), R3(n), -, Rn.—1(n)]7, the received signal can be
expressed in vector form as follows.

Xo(n)H) o(n) + X, (n)Hy o(n) + Wa(n) (7)
—X](n)Hy o(n) + X} (n)Ey ,(n) + W,(n),

Re(n) =

where X.(n) and X,(n) are N./2 x N_/2 diagonal ma-
trices whose elements are Xo(n) and X,(n), respec-
tively. Hy, ¢(n) = [Hy o(n), Hy2(n), -, H, N.-2(n)]T and
H,o(n) = [H#,l(n)aH#,B(n)”' ) H#,Nc~l(n)]T are N./2
length vectors denoting the even and odd component vectors
of the channel coefficients between the puth transmitter and the
receiver. Finally, W.(n) and W,(n) are an N./2 x 1 zero-
mean, 1.i.d. Gaussian vectors that model additive Gaussian
noise in the N, tones, with variance o2 per dimension.
Equation (7) shows that the information symbols X,(n)
and X, (n) are transmitted twice in two consecutive adjacent
subchannel groups through two different channels. In order to
estimate the channels and decode X(n) with the embedded
diversity gain through repeated transmission, for each n, we
can write the following from (7), asshming the complex
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channel gains between adjacent subcarriers are approximately
constant, i.e., Hy (n) ~ Hj o(n) and Hy . (n) =~ Hj ,(n).

R = A e - [We] @

The effect of this assumption allows us to omit dependen-
cies between Hj ((n) and H3.(n) on even channel compo-
nents. Using (8) and dropping subscript "." in H; ((n) and
H;.(n), we have

moo R0 SRR 0] o

Finally, (9) can be expressed in a more succinct form as

R(n) = X(n)H(n) + W(n) . (10)

V. ITERATIVE CHANNEL ESTIMATION

In recent years, inspired by the development of turbo cod-
ing, various types of iterative channel estimation, detection and
decoding schemes have been proposed in the literature. These
approaches have shown that iterative receivers can offer signif-
icant performance improvements over the noniterative coun-
terparts. We therefore consider an EM based MAP iterative
channel estimation technique in frequency domain for turbo
coded SFBC-OFDM systems. Frequency domain estimator
presented in this paper was inspired by the conclusions in [24]-
[25], where it has been shown time domain channel estimators
based on a Discrete Fourier Transform (DFT) approach for
non sample-spaced channels cause aliased spectral leakage and
result in an error floor.

Details of the algorithm will not be presented here since
the EM algorithm has been studied and applied to a number
of problems in communications over the years. The reader
is suggested to refer [27], [28] for a general exposition to
EM algorithm and [17] for its applications to the estimation
problem related to the work herein. Basically, this algorithm
inductively reestimate G so that a monotonic increase in
the a posteriori conditional pdf p(R|G) is guaranteed. The
monotonic increase is realized via the maximization of the
auxiliary function

Q(GIGY) = > p(R, ¥, G)logp(R, X,G), (I1)
X

where G(9) is the estimation of G at the gth iteration,
Note that, the term log p(R,, X, G) in (11) can be expressed
as [35],

log p(R,&X,G) =log p(X|G)+log p(R | X,G)+log p(G).
(12)
The first term on the right hand side of (12) is constant,
since, the data sequence X = {X(n)} and G are independent
of each other and X have equal a priori probability. Moreover,
the a priori PDF of the KL expansion coefficients G can
be expressed as p(G) ~ exp(——GT.Kan) where G =
[GT,G7]7, A = diag(A A). Also, since the noise samples
are independent, it follows from (7) that the second and third
terms on the right hand side of (12) can be written as




log p(RIX, G) ~ — [Re(n) = Xe(n)H; — Xo(n)Ha]'
x B [Re(n) = Xe(n)Hy — Xo(n)Ho)

~ [Ro(n) + X! (n)H; ~ X} (n)H,)"

xE7! [Ro(n) + X} (n)H; — xH(n)H,),

log p(G) ~ ~GIA™1G, ~ GIAT!G, (13)

where 3 is an N¢/2 x N,/2 diagonal matrix with X[k, k] =
g2, fork=0,1,---,N./2 -1

Taking derivatives in (11) with respect to G and G,
along with the fact that | Xe(n)[* = X, (n)}|? = 11, and
equating the resuld % equations to zero, the expression of
the reestimate Gf,q“ (u = 1,2) for SFBC-OFDM can be
obtained as follows:

G = 1+ SAT) R A Re) - 2O R0

GE) = 1+ 3AT) T R R+ IR 0)] (10

It can be easily seen that (I + TA™H)~! = diag([(1 +
7 /A0) 1, (14 02/ Ame_)71)) and R, 2P in (14)

are an %‘- X ﬂzﬁ dimensional diagonal matrices whose diagonal

elements are estimated values of the coded symbols X x@
obtained at the gth iteration step.

Initialization: For initialization of the EM algorithm lead-
ing to channel estimation, a small number of pilot symbols are
inserted in each OFDM frame, known by the receiver. Cor-
responding to pilot symbols, we focus on an under-sampled
signal model and employ the linear minimum mean-square
error (LMMSE) estimate to obtain the under-sampled channel
coefficients. Then the complete initial channel coefficients
are easily determined using an interpolation technique, Le.,
Lagrange interpolation algorithm. Finally, the initial values
for the GLO) are used in the iterative EM algorithm to
avoid divergence. The details of the initialization process is
presented in [15], [23].

Truncation property: The truncated basis vector G- can
be formed by selecting r orthonormal basis vectors among all
basis vectors that satisfy Cp, ¥ = ¥ A. The optimal solution
that yields the smallest average mean-squared truncation error

’J\ﬁi E[ele,] is the one expanded with the orthonormal basis

vectors associated with the first largest r eigenvalues as given
by

1 1 Ne/2—1
R — te ) = —— A 1
NC/Z —_ E[erer] NC/Z -7 ; 13 ( 5)

where €, = G, — G,,,. For the problem at hand, truncation
property of the KL expansion results in a low-rank approxima-
tion as well. Thus, a rank-r approximation of A can be defined
as A, = diag{)o, M1, ,Ar—1} by ignoring the trailing
N./2 — r variances {/\1};1"/2—1, since they are very small
compared to the leading r variances {/\z}tr;ol . Actually, the
pattern of eigenvalues for A typically splits the eigenvectors
into dominant and subdominant sets. Then the choice of 7 is
more or less obvious. - ‘
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Complexity: Based on the approach presented in [23], the
traditional LMMSE estimation for H,, can be easily expressed
as N

H,=Cn,(Z+Cn,) 'P, =12

—~
Precomputed

where P; = /'{’J(Q)Re(n) - /'\?é")Ra(n) and Py, =
X1 Re(n) + X9R,(n). Since Cp, (X +Cn, )" does not
change with data symbols, its inverse can be pre-comnputed
and stored during each OFDM block. Since Cp, and X
are assumed to be known at the receiver, the estimation
algorithm in (16) requires N2 /4 complex multiplications !
after precomputation. However, this direct approach has high
computational complexity due to required large-scale matrix
inversion 2 of the precomputation matrix. Moreover, the error
caused by the small fluctuations in Cg, and % have an
amplified effect on the channel estimation due to the matrix
inversion. Furthermore, this effect becomes more severe as
the dimension of the matrix, to be inverted, increases [26].
Therefore, the KL based approach is need to avoid matrix
inversion. Using the equations (3) and (14), the iterative
estimate of H,, with KL expansion can be obtained as

A = ¢((I+ ZAT)™H TP, (16)

To reduce the complexity of the estimator further, we
proceed with the low-rank approximations by considering
only 7 column vectors of ¥ corresponding to the r largest
eigenvalues of A.

BOYD = @, (I+EA7)HEP, (D
Precomfputed
where (I + Z,A7H)7Y) = diag(,\o:{%z,--' ) ,\rﬁia?)‘ x,

in (17) is a r x r diagonal matrix whose elements are equal
to o2 and ¥, is an N./2 x r matrix which can be formed
by omitting the last N /2 — r columns of ¥. The low-rank
estimator is shown to require N7 complex multiplications 3,
In comparison with the estimator (Traditional) the number of

multiplications has been reduced from N, /4 to r per tone.

V1. ITERATIVE CHANNEL EQUALIZATION AND DECODING

We now consider the SFBC-OFDM decoding algorithm
and the MAP outer channel code decoding to complete the
description of the Turbo receiver.

A. SFBC-OFDM Decoding Algorithm

Since the channel vectors or equivalently the KL-expansion
coefficients are estimated through EM based iterative ap-
proach, it is possible to decode R with diversity gains by

IMultiplication of Ne/2 x Ne/2 precomputation matrix with Ne/2 x 1
P, vector. :

2The computational complexity of an N¢/2x N /2 matrix inversion, using
Gaussian elimination is O({Ne/2)3).

3First, multiplication of precomputation matrix with Py, has Ezﬂ—r- complex
multiplications and then multiplication with ¥, has —Ezﬁi complex multipli-:

. cation which totally requires N¢r complex multiplication.
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Fig. 2. Turbo receiver structure for SFBC-OFDM systems.

a simple matrix multiplication. Before dealing with how we
resolve decoding, let us first re-express the received signal
model (7) as follows.

; R(n) = H(n)X(n) + W(n), (18)
whereR( ) = [R? ,X(n) = [XT(n),XT(n)]7,
Wi (n) = {WT(n), Wi(n)]” and

Hl E(TL) Hze(n)
H(n) = ' ' (19)
( ) H;,o(n) “Hi,o(n)
Here, Mue(n) and Huo(n) u = 1,2 are N./2 x

il

N./2 diagonal matrices whose elements are H, .(n)
Hyo(n), Hup(n), -, Hyw—2(n)]" and Hyo(n)
{Hua(n), Hyz(n)-- H, n.—1(n)]T respectively.

Depending on complexity versus performance tradeoffs, any
linear equalizer can be applied to retrieve X (n) from (18). In
this paper, we consider a linear equalizer where the parameters
are updated using the MMSE criterion. Given the observation
R(n), the linear MMSE estimate D(n) of X(n) is given as
follows [29].

i

D(n) = X+ CgHn)!(H(n)'CxHn)+Cx)™
x (R(n) = H(m)X(n)), (20)
where X and Cx are the mean and covariance of X(n),

respectively. CW is the covariance of W (n).

With a scaled unitary matrix H(n) and approximately
constant complex channel gains with H2 ler T HQ ek =1
assumptions, Hi(n)H(n) can be simpliﬁed as
HI, +H3, 0

1,
e He=| T 0™ e g,

= IN.x N
(21)

where T xn, is the N; x N identity matrix. Moreover,

following the assumptions used in [29], X = 0 and C; = %I,

then (20) becomes

D(n) = I+ 2021)"*HIR(n). (22)

If we set Cys, = 0in (20), a further simplified form of the
linear equalizer is obtained as follows.

D(n) = HI(n)R(n) = H' (n)H(n)X(n) +

where n(n) = H' ()W (n).
The Turbo receiver structure proposed in this paper for
SFBC-OFDM systems consists of three submodules: (i) an

n{n), (23)

iterative MAP-EM channel estimator, (ii) SFBC decoder and
(iii) a soft MAP outer-channel-code decoder. As shown in
Fig. 2 [34], first the EM based channel estimator computes
the channel coefficients by means of the pilot symbols as
described in the initialization step to use in the SFBC demod-
ulator (23). Then, the equalized symbol sequence {D(n)} is
passed through a channel deinterleaver, resulting in a deinter-
leaved equalized symbols sequence {Z(n)}. Finally, {Z(n)}
is applied to the MAP decoder submodule along with the
deinterleaved estimated channel gains where the log-likelihood
ratio’s (LLRs) of the posteriori probabilities are computed
based on the coded symbols and the uncoded bits[31], {32]. In
the next iteration step, the LLRs of coded symbols {T;} are
deinterleaved and passed through a nonlinearity (see Appendix
[ for details.) yielding a soft estimate of X(n) as X(n)
as shown in Fig. 2. X(n) is used in the form of )Qe(q) and
X8 in (17) for the (g + 1)th iteration. Thus, the MAP-EM
channel estimator iteratively generates the channel estimates
by taking the received signals from receiver antennas and the
interleaved soft values of the LLRs which are computed by
the outer channel code decoder at the previous iteration. Then,
SFBC-OFDM decoder takes the channel estimates together
with the received signals and computes the equalized symbol
sequence for the next turbo iteration. Iterative operation is
realized among these three submodules.

B. MAP OQOuter Channel Code Decoder

Maximum a Posterior (MAP) outer channel decoder takes
the deinterleaved equalized symbol sequence and the corre-
sponding fading amplitude values [32] as input and compute
the extrinsic LLRs of the outer'channel code bits as well as the
hard decisions of the information bits {Bi}, at the last turbo
iteration [31].

1) Details of The MAP Algorithm : The MAP algorithm
provides the conditional probability of each coded symbol, Cy,
taking values —a and +a, given that the deinterleaved equal-

ized symbol sequence is Zévf'l = [Zo, Dy, A
. Then, the LLR of these probabilities is calculated as
P(Cy = —a|Z{!
L(C) = log LLCk alZp ) (24)

P(Ck = a|Z§" ™)

Let S¢ and C) be the encoder state at time k£ and the
encoded symbol, associated with the transition from step k-1
to step k. And, let trellis states at step k — 1 and step k be
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indexed by the integer m’ and m , respectively. Then, (24)
can be expressed as

~a,Sk_1 =m', Sk =m,Z{)

> 2 P(Ck =

L(Cy) = log ™ .
(Ci)=log > % P(Ck = 0,851 =m0, S¢ = m, 23" )

Using the Bayes’ rule and the fact that the channel is
assumed memoryless, the joint probability P(Ck,Sk—1 =
m', Sk = m, Zy ==1) may be written as a product of three
independent probabilities

= P(Ck,Sk1 =m', S =m, 25~ Z, Zi5y ) (26)
= P(Z)s7 Sk = m, Zi, Sk—1 = m', Z§ ", C)

P(Z e Sk=m,Ck)

m, Zklsk ] = "’TL ZO I,Ck)
P(Sk=m,Zx|Sk-1=m',Ck)
XP(Sk 1 = TY‘L ZO 1,Ck) .

Applying now the Markovian property, (26) may be simpli-
fied as follows.

x P(Sk

P(Ck,Sk—1=m,Sk=m,Z5 )= P(Z} s |Sk =m,Ck) 27)

x P(Sk=m,Zk|Sk—1= m',Ck)P(Sk—1 =m",ZE™, Ci).

The joint likelihood function in (27) can be recursively
computed by means of the forward and backward variables
ax(m), Br(m) and the transition probabilities vi(m',m),
which are defined as

ak(m) P(Sk =m, Z§,Ciy1) (28)
B (m) P(ZYe71 Sy = m, Cy)
ye(m',m) P(Sk =m, Zk|Sk—1 =m', Cy) .

Substituting ax(m), Bk(m) and v (m',m) in (24), the
conditional LLRs of C, given the received sequence Zg C—l,

can be rewritten

I lie

e

ZZ ak—1(m’) y(m',m) B (m)

Ck_—a
L(Cy) = log ZZ o 1( S Bl 29)

Ck-—f-a
Finally, the recursive computations of ax(m), Bx(m) are

given by
Zak 1(m vk (m'm) k=0,1,.,N.-—1
Zﬁkﬂ YMirr(mm') k=N.-1,..,0 (30)
and i (m' ,m) can be computed from
(/) = L O (A H)CrL(m',m))?
Tk » - W P 202
x  P(Sk = m|Sk—1 =m'), (31)

where Ck, Z, and a « are the encoded symbol, deinterleaved
equalized codeword and the estimated channel coefficient,
respectively. 0% is the Gaussian noise variance.
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2) Log-MAP: The equations for the MAP algorithm pre-
sented above may be written in the logarithmic domain. Firstly,
we express ax(m), Bx(m) and vx(m’,m) in the logarithmic
domain as

Ar(m) = logag(m) (32)
Br(m) = logfk(m)
Te(m!,m) = logvy(m',m).

Then the recursive equations can be derived for Ax(m) and
Bk (m) easily as follows.

Ar(m) = logy efrma(mderuimtm) (33)
Be(m) = logZeBk+1(m,)+Fk+1(m,m').
m/

Substituting (33) in (29) yields,
L(Cy) = log Z Z erk(m'7m)+Ak—1(m')+Bk(m)

.om m
for E'I:—-a
_logzzerk(m'ym)+Ak-1(m')+Bk(m) ) (34)
m’ m
for Ci=a

If we define the E operator as E(zm) = log,, »_ e*" then,

L(Cy) can be expressed as,

L(Ck)= E [[k(m',m)+ Ag-y(m') + Be(m)]
Ck:=~a
- ]/E [I‘k(m',m) +Ak_1(m') +Bk(m)] (35)
Ckza

Calculation of the LLRs according to equation (35) for
encoded bits with generator matrices g(5,7) and g(1,5/7) are
demonstrated in Appendix I

VII. COMPUTER SIMULATIONS

In this section, computer simulations are carried out to
evaluate the performance of the proposed turbo receiver struc-
ture for SFBC-OFDM systems. To understand the behavior
of different channel encoders, we simulated both turbo and
convolutionally coded SFBC-OFDM systems. In case of Turbo
Encoder, two identical recursive systematic convolutional
component codes (RSC) with generator (1,53/7g) concatenated
in parallel via a pseudorandom interleaver formed the encoder
[31}, [32]. For the convolutionally coded system, a (5g,7g)
code with rate 1/2 code was used.

The scenario for SFBC-OFDM simulation study is as fol-
lows: A BPSK modulation format is employed and the number
of transmitting and receiving antennas are chosen as T = 2
and R = 1 respectively. The system has a 2.4 MHz bandwidth
(for the pulse roll-off factor @ = 0.2) and is divided into
N, = 512 tones with a total period T of 136 us, of which 8
us constitute the cyclic prefix (L = 32). The data rate is 1.9
Mbit/s. We assume that the rms value of the multipath width
i8 Trms = 1 sample (0.25 us) for the power-delay profile. In
all simulations, three iterations are employed.

.
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Fig. 4. BER performance of SFBC-Turbo-OFDM turbo receivers, PIR=1:8.

Fig. 3 compares the MSE performance of the EM-MAP
channel estimation approach with EM-ML [13] and a widely
used LMMSE pilot symbol assisted modulation (LMMSE-
PSAM)schemes [14], as well as with the Modified Cramer
Rao Bound (MCRB) for turbo coded SFBC-OFDM systems.
Pilot Insertion Rate was chosen as (PIR) =1:8. That is one
pilot is inserted for every 8 data symbols. It is observed
that the proposed EM-MAP significantly outperforms the
EM-ML as well as PSAM techniques and approaches the
MCRB for higher Eb/No values. Moreover, in Fig. 4, the BER
performance of proposed system is compared with the all-
pilot and perfect channel cases for the turbo coded and the
convolutionally coded systems.

The optimal truncation property of KL expansion minimizes
the amount of information required to represent the statisti-
cally dependent data. Thus, this property can further reduce
computational load on the channel estimation algorithm. If
the number of parameters in the expansion include dominant
eigenvalues (Rank=8), it is possible to obtain an excellent
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adB
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Fig. 5. MSE performance of SFBC-Turbo-OFDM Systems according to
number of used KL coefficients, PIR=1:8.
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Fig. 6. MSE performance of the EM algorithms as a function of PIRs.

approximation with a relatively small number of KL coef-
ficients. The optimal truncation property of the KL expansion
is exploited in Fig. 5 and the simulation results are presented
for the MSE performance.

It is clear that good channel codes are more sensitive to
the poorly estimated channel. With high correlation between
the coded bits, a well designed channel code is more sensitive
to channel estimation errors which might cause severe error
propagation in the decoding process. Therefore, it is expected
that BER performance of turbo coded structures degrades
more than convolutionally coded structures. Thus, lower pilot
insertion rates provide poor initial estimates, resulting in a
more BER performance degradation in turbo coded systems
as compared to convolutionally encoded systems. This effect
is demonstrated in Fig. 6 by the MSE performance curves
for different values of PIR=1:8,1:16,1:32. Although a slight
MSE performance difference is observed in Fig. 6,for chosen
different pilot densities, its effect on the BER performance
is more obvious especially at higher SNR values as seen
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Fig. 3 compares the MSE performance of the EM-MAP
channel estimation approach with EM-ML [13] and a widely
used LMMSE pilot symbol assisted modulation (LMMSE-
PSAM)schemes [14], as well as with the Modified Cramer
Rao Bound (MCRB) for turbo coded SFBC-OFDM systems.
Pilot Insertion Rate was chosen as (PIR) =1:8. That is one
pilot is inserted for every 8 data symbols. It is observed
that the proposed EM-MAP significantly outperforms the
EM-ML as well as PSAM techniques and approaches the
MCRB for higher Eb/No values. Moreover, in Fig. 4, the BER
performance of proposed system is compared with the all-
pilot and perfect channel cases for the turbo coded and the
convolutionally coded systems.

The optimal truncation property of KL expansion minimizes
the amount of information required to represent the statisti-
cally dependent data. Thus, this property can further reduce
computational load on the channel estimation algorithm. If
the number of parameters in the expansion include dominant
eigenvalues (Rank=8), it is possible to' obtain an excellent
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approximation with a relatively small number of KL coef-
ficients. The optimal truncation property of the KL expansion
is exploited in Fig. 5 and the simulation results are presented
for the MSE performance.

It is clear that good channel codes are more sensitive to
the poorly estimated channel. With high correlation between
the coded bits, a well designed channel code is more sensitive
to channel estimation errors which might cause severe error
propagation in the decoding process. Therefore, it is expected
that BER performance of turbo coded structures degrades
more than convolutionally coded structures. Thus, lower pilot
insertion rates provide poor initial estimates, resulting in a
more BER performance degradation in turbo coded systems
as compared to convolutionally encoded systems. This effect
is demonstrated in Fig. 6 by the MSE performance curves
for different values of PIR=1:8,1:16,1:32. Although a slight
MSE performance difference is observed in Fig. 6,for chosen
different pilot densities, its effect on the BER performance
is more obvious especially at higher SNR values as seen
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Fig. 7. BER performance of the EM algorithms as a function of FIRs.
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Fig. 8. BER performance of the turbo receiver structures as a function of
average Eb/No, PIR=1:8.

in Fig. 7. Moreover, a slightly better MSE performance is
observed in convolutional codes compared to the turbo code
due to punctured structure of turbo codes.

The BER performances of the proposed systems are pre-
sented together with initial values for PIR = 1 : 8 and
PIR = 1: 16 in Fig. 8 and Fig. 9 respectively. All pilot
and perfect channel cases for the turbo and convolutionally
coded systems are included as well. Due to its structure, the
turbo decoding evidently provides more reliable priori infor-
mation for iterative processing compared to the convolutional
decoding. Therefore, as seen in Fig. 8, the BER performance
improvement observed due to iterative turbo coding structure
is 1.3 dB for Pe = 107%, meanwhile it is 0.3 dB for
convolutionally coded systems.

Although overall performance degrades by decreasing pilot
insertion rate, iterative decoding provides better performance
improvements on each iteration for the lower pilot insertion
rate (e.g. PIR = 1 : 16). From simulation studies, it is ob-
served in Fig. 9 that iterative performance gain is increased for
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Fig. 9. BER performance of the turbo receiver structures as a function of
average Eb/No, PIR=1:16.
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Fig. 10. BER performance of Transmit Diversity Coded Turbo-OFDM

Systems, PIR=1:8.

PIR=1:16 as 2.3 dB and 1 dB, for turbo and convolutionally
coded systems, respectively. As previously mentioned, turbo
coding is more sensitive to channel estimation performance
than the convolutional coding. The iterative performance gain
increment for turbo coded structure is therefore lower than the
convolutionally coded systems.

In space-frequency coding, detection is accomplished com-
pletely within a single OFDM block. Therefore the Doppler
shift will not affect SFBC-OFDM system for the channel
model we consider in this work. In Fig. 10, the computer
simulation resuits are presented for the BER performances of
both space-time and space-frequency block coded turbo aided
receivers in the presence of different Doppler frequencies. We
observe in Fig. 10 that at higher Doppler frequencies, the
space-frequency block coded structure is superior and an error
floor effect is observed in the BER performance of the space-
time structure. Thus, we conclude that the space-frequency
coded OFDM turbo receiver structure is a good candidate for
doubly selective block fading channels.

.
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VIII. CONCLUSIONS

We consider the design of turbo receiver structures for
SFBC-OFDM systems in unknown frequency selective fading
channels. By using extrinsic information of the transmitted
symbols, both the channel estimation and the decoding process
can be improved. The turbo structure performs an iterative
estimation of the channel according to the MAP criterion,
using the EM algorithm employing BPSK modulation scheme.
Moreover, the MAP-EM approach considers the channel vari-
ations as random processes and applies the Karhunen-Loeve
(KL) orthogonal series expansion. The optimal truncation
property of the KL expansion can reduce computational
joad on the iterative estimation approach, The performance
merits of our channel estimation algorithm is confirmed by
corroborating computer simulations. It is observed that the
proposed EM-MAP significantly outperforms the EM-ML as
well as PSAM techniques. Furthermore, sensitivity to channel
estimation errors of turbo receivers are investigated for turbo
coded and convolutionally coded SFBC-OFDM systems. One
of the important conclusions of the paper is that turbo codes
are more sensitive to channel parameter estimation errors
than the convolutional coded systems. It has been shown that
receiver with turbo codes performs well over the convolutional
receiver structure when the quality of the channel estimation
performance is high. Moreover, superiority of the turbo coded
SFBC-OFDM systems over the turbo coded STBC-OFDM
systems is observed especially for high Doppler frequencies.
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APPENDIX |
MODIFIED CRAMER-RAO BOUND

The modified Fisher information matrix (FIM) can be
obtained by a straightforward modification of FIM as[15],
- 0?Inp(R|G 3% Inp(G)
Ju(G) 2 -E ——t
M( ) [ 8G*oGT ]’

-~

0G*dGT )] —E|

1(G)

(36)

Jp(G)

where Jp(G) represents the a priori information.

Under the assumption that G and W (n) are independent
of each other and W(n) is a zero-mean, the transmitted
symbols become uncorrelated due to the channel interleaver.
The conditional PDF R given G is given as

p(RIG) = Ex{p(R|X,G)}
~ iQ-EX {(R —XTG)(R - x\ic.)} ,(37)
a
where ¥ = diag(¥ ¥) From (37), the derivatives can be

taken as follows.

dnp(R|G)

1 ~ ~

SaT ‘=_;3(R—_X\I:G)wa (38)
8% Inp(R|G) 1=t 4.,=
—8—(-;*—667':—:—-;5\11 Xxe . (39
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Since, space frequency transition matrix provide xtx =1

and using \i’“i’ = 1 and taking the expected values yields the
following simple form:

1
JG) = EEI . (40)
Second term in (36) is easily obtained as follows. Consider
the prior PDF p(G) ~ exp(—GTK_lG), The respective
derivatives are found as
dlnp(G) ~ =1 8% Inp(G) —el
gr =G aGraGT - N
Upon taking the negative expectations, the second term in
(41) becomes Jp(G) = K_l. Substituting J(G) and Jp(G)
in (36) produces for the modified FIM as follows

(41)

1 —
Iu(@) = SI+A g (42)

Inverting the matrix Jp(G) yields MCRB(G) =
J;,II(G). MCRB(G) is a diagonal matrix with the elements
on the main diagonal equaling the reciprocal of those J(G)
matrix.

APPENDIX 11
NONLINEAR FUNCTION

To use soft decision of the LLRs in the turbo receiver
structure [34], let us find firstly P(Xx = a) and P(X) = —a)
in terms of LLRs (a = 1/V/2).

L(X)=log, ——(—~—k————a—):10ge _PXe=-a) |
P(Xk:-HL) l—P(sz—a)
(43)
From (43), P(X, = +a) can be determined as
el (Xk)
P(Xy = —a) = —————————1+6L(Xk) (44)
LX) 1
P(Xk = a) 1~ o = o 49
For BPSK signalling, the mean value of Xy is
Xk = Z IL‘b.P(szl‘b)
ry€{+a,~a}
= a(P(Xx = +a) — P(Xx = —a)). (46)

Finally, substituting P(Xx = +a) and P(Xy = —a) into
(46), the mean value of X could be written as

_ LX) 1
Xe = a (1 T elXe 1+eL(Xk)>
el (Xe) _ 1
m = atanh(L(Xk)/Q) (47)

APPENDIX II1
CALCULATION OF LLRS FOR ENCODED SYMBOLS

A. LLRs of Encoded Symbols (Ce,x, Co k) for Generator Ma-
trix (1,5/7)

L(Cex) = E [Ax-1(m)+ T (m',m) + By(m)]
Ce,k’:—a
- E

C. x=+a

[Ak_l(m') + Fk(m', m) + Bk(m)]
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Fig. 11. (A) State transition diagram for the generator matrix (1,5/7); (B)

shows state transition diagram for the generator matrix (5,7).

= E(Ar—1Q)+Tk{, N +Be@), Ax- 1@ +T2,9+Bc@)
, [Ako1@+TkB, 2 +BrO), [Ak-1@ + k@, 3 +Be@))
—E([Ax—1 () +Tk(, 2 +Bx@], [Ae-1@ +Tk @2, 3+ Bx3)]
AR @+TkE, D +Be®), [Ar—1 @+Tx@, 9+Be@))
(48)

L(Cok) = E ") + Tk(m’, m) + Bg(m)]

m,m’
Cox=—a
- E
mm’
o k=ta
LAk 1 +Fk1 1+Bk 1)] LAk 1(2 +FkQ 3)+Bk(3)]

[Ak—l()+rk(3 2)+Bx@)], [Ak-1@+T @, 49+Bx@)])
— E([Ak—1 )+ Tk (1,2 +Bx@)],[Ax-1@ +Tx2,9+Bx@)]
, [Aka1(3)+rk(3,1)+Bk()]s[Ak—l()+rk(413)+Bk(3)])

(49)

[Ak._1(m

[Ak_1(m) + Tk(m',m) + Br(m)]

B. LLRs of Encoded Symbols (Ce k, Co k) for Generator Ma-
trix (5,7)

L(Cex) = E ") + Tk (m',m) + By (m)]

' '
m,m

[Ak—l (m
Ce,k——’-a

- E

Ce k=ta

= [ LA;C 1O +Ted, ) +Bg 1y, LAk 1@+T k2, 3)+Bk(3)]

[Ax—1@+T%B,2 + Bx@], [Ax—1@+ Tk, 4+ Bc@])
~ E([Ak-1 () +T% @, 2 +B@), [Ax-1 Q) +Tk2, 9+ B @)

[Ako1@+TxB, ) +Be®)], [Ar-1@ +Tx@, 3 +BrB)])
(50)

[Ak—l (m') + Fk(m', m) + Bk(m)]

L(Co,k) = E , {Ak~1(m’) + Fk(m’7m’) + Bk(m)]
Coy;gz—a
— IE ,

Co x=+a

[Ak—1(m') + Tx(m’,m) + Bx(m)]
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= E(Ar-1 Q)+, )+BeD)], [Ae-1Q +T, 4)+ B @)
, [Akc1@4T%B,2+Br@), [Ak-1@ + Tk, 3)+BxB))
— E(Ax_1 )+, 2 +Bc@)], [Ac-1Q+T% (2, 3)+Bk(3)j
[Ak-1@+T%B, ) +BxO), [Ak-1@+Tk@, 9+ B:@))
(51)
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SUMMARY

One of the main drawbacks of orthogonal fr requency division multiplexing (OFDM) systems 1s the phase
noise {PN) caused by the oscillator instabilities. Unfortunately. due to the PN, the most valuable feature
namely orthogonality between the carriers. is destroyed resulting in a sigmificant degradation in
the performance of OFDM systems. In this paper, based on a sequential Monte Carlo method (particle
filtering). a computationally efficient algorithm is presented for estimating the residual phase noise, blindly,
wcnezaled at the output of the phase tracking leop employed in OFDM systems. The basic idea is lo treat the
ransmitted symbols as ‘missing data’ and draw samples sequentially of them based on the observed signal
samples up to time f. This way. the Bayesian estimates of the phase noise is obtained through these samples,
sequentially drawn, together with their importance weights, The proposed receiver siructure is seen to be
ideally suited for highspeed parallel implementation using VLSE technology. The performance of
the proposed approaches are studied in terms of average mean square error. Through experimental results,
the effects of an initialisation on the tracking performance are also explored. Copyright (2 2006 AEIT,

1. INTRODUCTION

Orthogonal frequency division multiplexing (OFDM} has
lately been extensively considered for use in wircless/
mobile communications systems, mainly in WLAN stan-
dards such as the IEEE802.11a and its BEuropean equiva-
lent ETSI HIPERLAN/2 duc- to its robustness (o
multipath, its high-data rates and its efficient use of band-
width [1. 2]. The attractiveness of OFDM systems stems
from the fact that these systems transform the frequency-
selective channel into a set of parallel flat-fading channels.
The information is thus split into different streams sent
over different sub-carriers thereby reducing ntersymbol

interference (1SIy and allowing for high-data rates without
adding complexity to the equalizers {3, 4]

One of the main drawbacks of OFDM systems s the
phase noise (PN) caused by the oscillater instabilitics
{5]. Unfortunately, due to the PN, the most valuable fea-
namely orthogonality between the carriers, is
destroyed resulting in a significant degradation in the per-
formance of OFDM systems [5]. Random PN causes two
effects on OFDM systems. rotating each symbol by a ran-
dom phase that is referred to as the common phase error
(CPE)Y and producing mtercarrier mterference (ICI) term
that adds to the channel noise due to the loss of orthogon-
been

fure

ality between subcarriers [6]. Several methods have
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proposed in the literature for the estimation and compen-
sation of the PN in OFDM systems [7, 8). Most of the
approaches however only addresses the estimation of
the CPE by assuming ICI terms are approximated by a
Gaussian distribution and these techniques are implemen-
ted after the DFT process at the recciver {8]. The main
drawback of these approaches is the data-dependent [C]
which introduces an additional random noise on top of
the additive Gaussian channel noise causes a significant
degradation in the CPE estimator performance. In contrast
to these approaches, we try to solve PN estimation pro-
blem in the tume domain before the DFT process at the
OFDM receiver. As it will be seen shortly this approach
will not be faced with ICI effect during the estimation
procedure resulting in more accurate random phase
estimation.

A considerable amount of research has been carried out
for online cstimation of the timevarying as well as the fixed
phase offset at digital receivers in the presence of data [6].
Estimating the phase offset by maximum likelihood (ML)
technique does not seem to be analytically tractable. Even
if the likelihood function can be evaluated offline; how-
ever, it 1s invariably a nonlinear function of the parameter
to be estimated, which makes the maximisation step com-
putationally infeasible. Phase synchronisation is typically
implemented by a decision directed (or data-aided) or non-
decision directed (or nondata aided). Decision-directed
schemes depend on availability of reliably detected sym-
bol for obtaining the phase estimate, and therefore, they
usually require transmission of pilot or training data. How-
ever, in applications where bandwidth is the most precious
resource, training data can significantly reduce the overall
system capacity. Thus blind or nondata-aided techniques
become an attractive alternative [9, 10]. Unlike data-aided
techniques. nondata-aided methods do not require knowl-
edge of the transmitted data. and instead, they exploit sta-
tistics of digital-transmitted signal. ML  estimation

-techniques can also be used in nondecision-directed meth-
ods if the symbols transmitted are treated as random vari-
ables with known statistics so that the likelihood function
can be averaged over the data sequence received. Unfortu-
nately. except for few simple cases, this averaging process
is mathematically impracticable and it can be obtained
only by some approximations which are valid only either
at high- or low-SNR- values [11].

On the other hand, in order to provide an implementable
solution. recently there have been a substantial amount of
work on iterative formulation of the parameter estimation
problem based on the expectation-maxirmization (EM)
technique [12]. Tt isknown that the EM algorithm derives
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iteratively and converges to the true ML estimation of
these unknown parameters. The main drawbacks of this
approach are that the algorithm is sensitive to the initial
starting values chosen for the parameters, it does not
necessarily converge to the global extremum and the
convergence can be slow. Furthermore. in situation where
the posterior distribution must be constantly updated with
arrival of the new data with missing parts. EM algorithm
can be highly inefficient, because the whole iteration pro-
cess must be redone with additional data. The sequential
Monte Carlo (SMC) methodology. also called particle

Jiltering, [14] that has emerged in the field of statistics

and engineering has shown great promise to solve such
problems. This technique can approximate the optimal
solution directly without compromising the system model.
Additionally. the decision made at time r does not depend
on any decisions made previously, and thus, no error is
propagated in their implementation. More importantly,
the SMC vields a fully blind algorithm and allows for both
Gaussian and non-Gaussian ambient noise as well as high-
speed parallel implementations.

The main objective of this paper is to solve the PN esti-
mation problem by means of the SMC technique. The
basic idea is to treat the transmitted data as ‘missing data’
and to sequentially draw samples of them based on the cur-
rent observation and computing appropriate importance
sampling weights. Based on sequentially drawn samples,
the Kalman filter is used to estimate the unknown phase
from an extended Kalman state-space model of the under-
lying system. Furthermore, the tracking of the timevarying
PN and the data detection arc naturally integrated. The
algorithm is self-adaptive and no training/pilot symbols
or decision feedback are needed {13].

In the following, the system and the main model for the
PN are described in Section 2. the solution of the blind-
phase noise estimation problem by means of the SMC
method is presented in Section 3. Resampling method is
detailed in Section 4. Finally, the simulation results and
the main conclusions of the paper are given in Sections 5
and 6 respectively.

2. SYSTEM DESCRIPTION

We consider an OFDM system with N subcarriers operat-
ing over a frequency-selective Rayleigh fading channel. In
this paper, we assume that the multipath intensity profile
has’exponential distribution and the delay spread Ty is less
than or equal to the guard interval L. With the aid of the

Eur. Trans. Telecomms. 2006: 17:685-693
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discrete time channel model [3], the output of the fre-
quency-selective channel can be written as

L
' :thsz~k (n
k=0

BLIND-PHASE NOISE ESTIMATION IN OFDM 687
where
0o 0 0o ... 0
I 0 0 0
0o 0 ... 1 0

where the fp. k = 0.1,...,L denotes the kth tap gain and
we assume to have ideal knowledge of these channel tap
gains. Moreover, 5, = ZLV(,] d,e ¥ where {d,} denotes
the independent data symbols transmitted on the nith sub-
carrier of an OFDM symbol. Hence, s, is a linear combina-
tion of independent, identically distributed random
variables. If the number of subcarriers is sufficiently large,
s, can be modelled as a complex Gaussian process whose
real and lmaumaw parts are independent. It has zero mean
and variance o2 = E{|s, I} = E,, where E, is the symbol
energy per subcamel.

Also, assuming perfect frequency and timing synchroni-
satjon, the received signal, r,, corrupted by the additive
Gaussian noise n, and distorted by the timevarying phase
noise #, can be expressed as

r=yel am, r=1,T (2)

where n, is the complex envelopc of the additive white
Gaussian noise with variance o2 = E{|n,(k) I’} 0, is the
sample of the PN process at the output of the free-running
local oscillator representing the phase noise. It is shown
in Reference [16] that in the case of free-running
oscillators. PN can be modelled as a Wiener process
defined as
O, =6, +u

8y ~ uniform (-, ) (3)

where u, is zero-mean Gaussian random variable with
variance a',z, = 27BT, where T, is the sampling period
of the QFDM receiver A/D converter and BT refers
to the PN rate, where 7 = T,(N +L). It is assumed
that u, and n, are independent of each other. Defining
the vectors R, = [rg.,r[,...,r,}T, S, = [s0. 81, .5,
Sy = S Sty Sie l,]T, and h, = [ho, by, ... By, ]T com-
bining Equations (2) and (3), and taking into account the
structure of §,, we obtain the following dynamic state-
space representation of the communication syster,

O =0+
se=Fs | +v,
ry=h, Tsel +n, (4)

Copyright © 2006 AEIT

L

isa(L+1)x (L+ 1)shifting matrix. and v, = [5,,0,.. .. 0]
is a (L+ 1) » | perturbation vector that contains the new
symbol s,

3. SMC FOR BLIND-PHASE NOISE ESTIMATION

Since we are interested in estimating the phase noise
blindly at time 1 based on the observation R,, the Bayes
solution requires the posterior distribution

p(OiR,) = //)(8 IR, SOpiS/IR)AS, {6)
Note that with a given §,, the nonlinear (Kalman filter)
model (4) can be converted into a linear model by linear-
ising the observation Equation (2) as follows [15]:

0, =H0,_1+u

ro=hls (Vb + Q)+ (7)
where
v, ::jefé“i"'
Q) = (1 = jfyp)el" (8)
(;,\,4 denotes the estimator of #, based on the obser-
vations R,-{ = (ro,ry,-.-,r-1). Then the state-space

mode] (4) becomes a linear Gaussian system. Hence,
plOIS R,) ~ N(ﬂﬁ, (5. “}7} (S;)), where the mean g, (5
and the variance o7 (S,) can be obtained as follows. Denot-
ing/,uf,‘ (Sl>é/§zel~ and ”(%,(SI)QM/U-

8, and A_7I,l, can be calculated recursively by using the
Extended Kalman Technigue [[15], pages 449-452] with
the given §, as:

91‘! = é!ll—l + Ki(r, ~ hTstejé"’“I) (9)

My = (1 = Kh)s, V)M,

where
My s V)T
|h731l2M1j1‘l + 0%

;=
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Hz{/—l = ‘91-!;1-‘

‘]Mrj: 1= A/[/— 11 + o, (l())

We can now make timely estimates of 8, based on the
currently available observation R;, up to time z. blindly,
as follows. With the Bayes theorem. we realise that the
optimal solution to this problem is

0, = E{6,|R,}

:/ {/ a,p(@,;s,,R,‘)de,J PSR, dS, (1)
FAYER VA

1o (S,

In most cases, an exact evaluation of the expectation (11)
is dndl\[ltd“V intractable. Sequential Monte Carlo techni-
que can provide us an alternative way for the required
computation. Specifically, following the notation adopted
in Reference {4], if we can draw m independent random
samples fS(”}"’ from the distribution p(S,|R,). then we
can approximate the quantity of interest £{#,|R, } in Equa-
tion (11) by

m

E{0,IR, } = “Z/‘fi S g

But, usually drawing samples from p(S,|R,) directly is
ditficult. Instead, sample generation from some rrial distri-
bution may be easier. In this case, the idea of imporiance
sampling can be used [4]. By associating the weight
n;ﬂ = /—’—E—l—i to the samples, the quantity of interest,
E{4, ‘5,! ean be approximated as follows:

(12)

m

] i )
E{6,IR} = W2 =1, (87w

J=1

(13)

with W, = S"w,”". The pair (S, wf‘/))“j =1,2,...,mis
called a properly weighted sample with respect to distribu-

tion p(S,|R,).

Specifically, it was shown in Reference [4] that a

suitable choice for the tndl distribution is of the form

g(s,iR,, S,NI ) = p(sIR,, S,_,) For this trial sampling dis-
tribution, it is shown in Reference [4] that the importance
weight is updated according to

w,(‘j) = xa'i‘{)]p(r,]R,_l,S(f) ), r=12,... (14)

The optimal trial distribution in p(s,(R,,LS,_l) can be
computed as follows:

= p(rR, ;. S(

plsiR,.SY) LSOP(sIR, L SY ) (1s)
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Furthermore, it can be shown from the qtate and

observation cquations in (4) that p(r{R,-, 5 .5)

~

A o7y with mean and variance given by
;1‘;{” = E{riR 1,8 .5} (6)
Gt} ’
= h,Ts,(V,(J,Ll + Q)
200 = Var{r R, 87, s
otV = Var{n|R,-, 5,7, ‘,
r {rlRi-1. '} (17)

= |n] T,[/\’[m + a7

where the quantities H L L and M, Y in Equations (16) and

(17) respectively um bc wmput(,d recursively for the
hxtcndcd Kalman equations given in Equations (9) and
(10). Also since s, is independent of S,.. and R, , the sec-
ond term in Equation (15), it can be written as
/)(x,‘R,A,,,S”’ )= p( s} where it was pointed out earlier
that p(s,) ~ N0, 0?). ‘

Note that dependency of the (7, ¥y (16) to s, pre-
cludes combining the product of Gaussian densities in
Equation (15) into a single Gaussian, hence obtaining a
tractable sampling distribution. Thlspmblcm can be cn-
cumvented by approximating the crr,j as follows. From
Equation (4), we can use the approximation s, =~ Fs,
in Equation (16) to obtain

s OB 08
Similarly using Equations (11) in (16), the mean u, " can
be expressed as
P = ('IIIIIAFS;'E‘}I + hos )G where C" AV, H“ O
(19)
Then, the true trial sampling distribution p(s,(R,:Sff’]) in
Equation (15) can be expressed as follows:
plsilR, STy~ A () o2 (20)
where
1
Tra (i) A0 203
MJ’) _ (r, - h, ESITIGI ) (7;',” — |
oG lho G a2
20 {TUO}U,\:’
(’TS\ ==
‘ s }/700 } ol
and rTil‘” is defined as Equation (16).
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In order to obtain the recursion for the wexg?ntmg factor M:’,i? - /ITFs\f G, i

n, , the predictive distribution p(r,;R,,;)S, 7} in Equa-
tion (15) should be evaluated. It is given by

= G

SYLs PG R,

e We now summarise the SMC blind data phase noise

plrIR,. ;‘S,‘ﬂ == / plriR,.

i estimation algorithm in Table 1
i {3 ~ The ¢ NG . OV Sty oo hacie ¢ Ay
= /p<,.”»]g[“h3»£=.’s’)p{f;[)(}gl ‘ [he ptop(}sc;d SMC dppxoach'pumzm Lhtuhu bAS?u opera-
e tions: generation of new particles (sampling from the

(213 space of unohserved states), computation of particle
weights (probability masses associated with the particles)
- : . and resampling (a process of removing particles with small
S, and R, Since the both terms in the ‘“‘«Cgm?‘* ot weights and replacing them with particles with large
Equation (21), are Gaunssian densities. the product of the \\»ci;hts} Particle thﬁt*x‘z\ti<‘)1‘1 and weight combulzmdn

where Equation (21) holds because s, 1s independent of

Gaussian densities are integrated with respect to s, is also steps are compuiationally the most intensive ones. The
Gaussian. Therefore the predictive distribution is found ) 4icge flrering speed can be increased through both aluo-
to be rithmic modifications and architecture development [4].
On the algorithmic level. the main challenges for speed
increase include reducing the number of operations and
exploiting operational concurrency between the particle

[Re]
o

plr Ry, STy~ N M, S0 (

where

Tablel. SMC algorithm for blind-phase noise estimation.
CJIVU] {]24)‘ /?, ..... /'E/'}

o [nitialisation:
— [Initialise the extended Kalman filter: Choose the initial mean und the variance of the estimated ¢, as

A AL e 1,20 m, (24)

— Initialise the importance weights: All importance weights are initialised as n';\,“ = L= 120000 m.

Forj=1,m

Fort=1.Ty -
e Compute fl,, ;JﬂW ';, , from Equation (8).
o Compule |1 Y7 from Equations (16).
o Compute mmp/mg distribution mean/v auance 2 (2()
s Sample 57" ~ N{u il cr" ) and Append s; s o S"‘/ o )
o Compute the importance weights:

hH v
w;‘/' MS,‘{,'! )

where p(r|R,. ;«,Sfﬂ",) is computed from Equation (22
o Updare the a posteriori mean and variance of the phase noise according to Kalman equations (7-8)
If the samples drawn up 1o time t is S, set

02{‘”(55""})é 0’?U> i\4{:/> Joe= 102,000, m.

i,

s Do the re-sampling as described in Equation [4].

Il(’tfl
e Estimate phase noise 0, = :;'i] i, (S
next t
Copyright { 2006 AEIT : Eur Trans. Teleconuns. 2006, YT:685-6093
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generation and weight computation steps. Moreover, a par-
allel implementation with multiple processing elements
can be employed to increase speed further {4].

4. RESAMPLING METHOD

A major problem in the practical implementation of the
SMC method described so far is that after a few iteration
most of the importance weights have negligible values that
is ) 0. A relatively small weight implies that the sam-
p]g is drawn far from the main body of the posterior distri-
bution and has a small contribution in the final estimation.
Such sample is said to be ineffective. The SMC algorithm
becomes ineffective if there are too many inetfective sam-
plts The common solution to this problem is resampling.
Resampling is an algorithmic step that stochastically elim-
inates those samples with small weights. Basically, the
resampling method tdkcs the samples, to be generated
scquumdlly = = = {§, () ;},ﬂ, ;}{{")};'L] with corresponding
weights Jw & }7, as an input and generates a new set of

samplcs =z = {S“) il 5;0’}”’, with equal weights, that
is fw =1/m}", assur{um_ they are normalised to

"f,,, w,( ~1A simple procedure to achieve thls
ooal is, for each ]“] 2, ..,m, © LhOOSC (8,

,&;,] U,,U)) = (Sf”?y(_,, .,(7;:(' ) wnh probability w, 0,
In this paper, a resampling technique suggested by

Reference [13] is employed. This technique forms a new

Traglarg of the Phgss

-
<rt

145

P
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e
Figure 1. Tracking performance.
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S = Sl i 20
set of weighted samples =, = {S}"), ui,j . HU)}’” | accord-

ing to the following algorithm. (assume that T"' W= m)

(1) Forj=1.2,..., m, retain £ = W copies of the sam-
ples (S77, ;};l rr(,”\ Denote L, = m — Y1, .

(2) Obtam L, i.id. draws from the original sampln, set

{(S; ) ;zﬁ)“ "",) }J"il with probabilities proportional
to(w{~f‘_)., = 1.2.....m.

(3) Assign equal weights, that is set w) = 1, for cach new

sample.

It is shown in Reference [13] that the samples drawn by
the above procedure are properly weighted with respect to
p(8,1Y,), provided that m is sufficiently large. Note that
resampling at every time step is not needed in gencral.
In one way the resampling can be done every kg recursions
where k; 15 a prefixed resampling interval. On the other
hand. the resampling can be carried out whenever the
effective sample size, approximated as

1
o (w))’

goes below a certain threshold, typically a fraction of m.
Intuitvely, N.i reflects the equivalent size of L.i.d samples
from the true posterior densities of interest for the set of m
weighted ones. It is suggested in Reference [4] that resam-
pling should be performed when NM < m/10. Alternatively,
one can conduct the first approach to conduct resampling at
every fixed-length time interval say every five steps.

Ncﬁ‘ = < 1 (25)
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Figure 2. Tracking performance for different initialisations ai
SNR = 10dB.

5. SIMULATION RESULTS

In this section, we provide some computer simulation
examples to demonstrate the performance of the proposed
SMC approach for blind-phase noise estimation and data
detection in OFDM systems. The phase process is mod-
elled by AR process driven by a white Gaussian noise with
oi = 0.1. 5, is modelled as a complex Gaussian process

MSE Padomante ¢f 8

T T T T

R S - (..,.4..{.» PSR

| —a— el
) 1 o sOpead
3 - =il

18 Pl 25 A
SMR{gB)

[=d
e b
>

Figure 3. Average MSE performance of phase noise for different
initialisations.
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Figure 4. Average MSE performance of s for different
initialization.

which has zero mean and variance o7 = 1. The impulse
response of the channel has five uniformly distributed taps
with spacing equal to the sampling period and with expo-
nentially decaying profile.

In order to demonstrate the performance of the adaptive
SMC approach, we first present the tracking performance
for both phase and symbols at SNR = 20dB in Figure [. It
is shown through simulations that the performance of the
proposed SMC algorithm can track the phase as well as
transmitied symbols close to the true values.

We then consider the performance (in terms of the phase
error ¢p(k) = (6, - (5,) for 1000 Monte Carlo trials for dif-
ferent initial phase errors ¢(k) = 0, n/4,n/2,3n/4. 7. The
phase error for several values of $(0) for a wide range of
SNR values. The results are shown in Figure 2.

The performance of the proposed algorithm is further
exploited by the evaluation of average MSE over observed
subcarriers for different SNRs and different initial phase
errors. The average MSE performance of this adaptive
approach for both phase and symbols are plotted in
Figures 3 and 4.

Our simulations indicate that as the initial phase error
¢$(0) approaches n. the probability that the phase error
converges to the dual equilibrium point becomes very
high.

Moreover, the relevant simulation results show that the
proposed scheme enables to perform blind reliable phase
tracking with relatively good initialisation.
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Abstract: The challenging problem in the design of digital receivers of today’s and future high-speed, high data-rate
wireless communication systems is to implement the optimal decoding and channel estimation processes jointly in
a computationally feasible way. Without realising such a critical function perfectly at receiver, the whole system will
not work properly within the desired performance limits. Unfortunately, direct implementation of such optimal
algorithms is not possible mainly due to their mathematically intractable and computationally prohibitive nature. A

novel algorithm that reaches the performance of the optimal maximum a posteriori

(MAP) algorithm with a

feasible computational complexity is proposed. The algorithm makes use of a powerful statistical signal processing
tool called the expectation—maximisation (EM) technigue. It iteratively executes the MAP joint channel estimation
and decoding for space—time block-coded orthogonal frequency division multiplexing systems with turbo channel

coding in the presence of unknown wireless dispersive ¢

hannels. The main novelty of the work comes from the

facts that the proposed algorithm estimates the channel in a non-data-aided fashion and therefore except a smail
number of pilot symbols required for initialisation, no training sequence is necessary. Also the approach employs a
convenient representation of the discrete multipath fading channel based on the Karhunen—Loeve (KL) orthogonal

expansion and finds MAP estimates of the uncorrelate
expansion, no matrix inversion is required in the proposed

d KL series expansion coefficients. Based on such an

MAP estimator. Moreover, optimal rank reduction is

achieved by exploiting the optimal truncation property of the KL expansion resulting in a smaller computational

load on the iterative estimation approach.

1 Introduction

Future wireless communication systems aim to provide various
multimedia services, where high-speed data transmission needs
to be reliably fransmitted. The attainment to succeed high
data rates reliably on wireless channels is severely restricted by
effects of channel fading. In such a channel, increasing the
quality or reducing the effective error rate is extremely difficult.

Space - time block coding (STBC) was introduced in{11asan
effective transmit diversity technique for mitigating the
detrimental effects of channel fading and it was later expanded
in [2] for an arbitrary number of antennas. Unfortunately,

their practical application can present a real challenge to
channel estimation algorithms, especially when the signal
suffers from frequency-selective multipath channels. One of
the solutions alleviating the frequency selectivity is the use of
orthogonal frequency division multiplexing (OFDM) together
with transmit diversity which combats long channel impulse
response Gy transmitting parallcl symbols over many
orthogonal subcarriers yielding a unique reduced complexity
ph sical layer capabilities

STBC is not designed to achieve an additionai coding gain.
Therefore an outer channel code is applied in addition to
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transmit diversity to further improve the receiver performance. obvious that the bit error rate (BER) performances of the
Recent trends in coding favour parallel and/or serially turbo/ convolutionally coded SFBC-OFDM systems degrade
concatenated coding and probabilistic soft-decision iterative substantially and cause error floors for high SNR values.
(turbo-style) decoding. Such codes are able to exhibit near- Therefore in this paper, we extend the work presented in
Shannon-limit performance with reasonable complexities in to the turbo receiver structures of the turbo/convolutionally
many cases and are of significant interest for communications coded STBC-OFDM systems and propose an EM-MAP
applications that require moderate error rates. We therefore channel estimation algorithm that reaches the performance of
consider the combination of turbo codes with the the optimal MAP algorithm with a feasible computational
transmit diversity OFDM systems. Especially we address complexity. The algorithm makes use of the EM technique.
the design of iterative channel estimation approach for It iteratively executes the MAP joint channel estimation and
transmit diversity OFDM systems employing an outer decoding for STBC-OFDM systems with turbo channel
channel code. coding in the presence of unknown wireless dispersive
channels. In [32], binary phase shift keying {BPSK)
There have been several studies to estimate channel for modulation was considered for the channel model having an
transmit diversity OFDM systems. Most of the early studies exponentially decaying power profile {13]. In the current
focus on channel estimation for transmit diversity OFDM work, both BPSK and high-level modulation schemes are
systems subjected on uncoded systems. Since the necessity considered in the presence of COST-207 channel model.
or desirability of using error-correcting codes to protect Moreover, the cffects of the correlation mismatch  and
data is crucial for wireless communication systems, more increasing frame length of the turbo-coded structure are 2iso
recent work have addressed coded transmit  diversity investigated and important conclusions are drawn for practical
OFDM systems. Since direct calculation of estimation is considerations.
compurationally prohibitive, cxpcctationwmaximisation
(EM) algorithm 1s 2 good candidate that can iteratively The rest of the paper is organised as follows. In Section 2,
approximate the maximum-likelihood (ML) estimate with we introduce the signal model for encoded STBC-OFDM
practical complexity. Therefore an iterative procedure based systems and corresponding channel model is established.
on EM applied to channel estimation problern  in In Section 3, the proposcd channel estimation and iterative
the context of STBC 3-57 as well as transmit diversity equalisation and decoding algorithms  are presented.
OFDM systems with or without outer channel coding Computer simulation results are given with detailed
{e.g convolutional code or turbo code) | LIn le, discussion in Section 4, and finally conclusions are drawn
maximum a posteriori (MAP) EM-based iterative recelvers in Section 5.
for STBC-OFDM systems with turbo code are proposed to
detect transmitted symbols, directly, assurning  that the Notation: Vectors (matrices) are denoted by bold italics
fading process remains constant across several OFDM lower (upper) case letters; all vectors are column vectors;
words contained in one’STBC code word. In {7}, an EM ¢y, (r)T and (')’r denote the conjugate, transposc and
approach, proposed for the general estimation from conjugate transpose, respectively; I, denotes the LxL

superimposed signals [10], is applied to the channel identity matrix.
estimation for transmit diversity OFDM systems with outer
channel code (convolutional code) and compared with

SAGE version. In (8,2 modified version of [ 71 is suggested 2 Received Signa] model for

for STBC-OFDM and space—frequency block-coding
(SFBC)-OFDM systems. Moreover, Kashima et al. 9 enCOdEd STBC_OFDM SvStemS

proposed two new types of MAP receivers for multiple- In order to compensate for the reduced data rate of turbo
input-multiple-output and OFDM systems with a channel codes, some ST codes having data rates greater than one
coding such as the low-density parity-check code. One could be employed. However, it is well known from
proposed receiver employs the EM algorithm so as to literature  that the Alamouti —antenna modulation
improve the performance of the approximated MAP configuration is the only scheme that retains orthogonality
detection. and full rate when the complex-valued data are involved
and the low complexity is concerned {11 As will be seen
Assuming that the channel varies between every adjacent shortly, orthogonality property is an essential and a
OFDM symbols, 2 non-data-aided  EM-MAP channel required condition for the channel estimation algorithm n
estimation algorithm was proposed {11} for SFRC-OFDM our work. Moreover, orthogonality structure of Alamouti
systems unlike the EM approaches used in 681 This allows the decoupling of the channel and reduces the
receiver structure was  also extended to the turbo/ equaliser complexity. Note that the Alamouti's schemes has
convolutionally coded SFRC-OFDM systems {121 assuming becn adopted in several wireless standards such  as
that the complex channel gains between adjacent subcarriers W DMA and CDMA2000. It imposes an orthogonal
are appmximatcly constant. In {12], it was shown that this spi tio-temporal structure on the transmitted symbols that
approach was more effective for time-varying channels. On guarantees full (ie. order 2) spatial diversity. In addition to
the other hand, for highly frequency—selecti'\fc channels, it 1s the spatial level, to realise multipath diversity gaing over
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frequency-selective channels, the Alamouti block-coding
scheme is implemented at a block level in frequency domain.

As illustrated in Iig. 1, the binary information bits b of
random data are encoded by an outer-channel code, resulting
in a coded symbol stream {C}. The coded symbols are then
interleaved by a random permutation resulting in a stream of
independent symbols. A code-bit interleaver reduces the
probability of error bursts and removes correlation in coded
symbol stream. The coded and interleaved symbols form a
block of independent symbol stream of length 2N,, denoted
by X = [Xg Xy, .H,XzNﬁ_l]r Resorting X into two
consecutive disjoint subchannel blocks X(7) and X (n + 1) as

T
X(n) = [XO, X .. .,Xz,\,_z} :
(1)

T
Xn+1)= [Xls RCTEE ’XEM—l}
the ST encoder maps them to the following 2N, x 2 matrix

—X*(n + ]):\
X*(n)

space | antennaftl X(n)

spe 2

p X(n+1)
whose columns are transmitted in successive time intervals with
the upper and iower blocks in a given column simultaneously
through the first and transmitted  antennas,

respectively as shown in ¥

second

1.

The frequency-selective wireless channel is assumed to be a
quasi-static so that path gains are constant over a frame of
length Lpgne and vary from one frame to another. If the
frequency response of the channel between the /th (/= 1,
2) transmitter and the receiver 1s denoted by H,(f, #), then
the discrete channel coefficients {H, (2 n)} at the fkth
subcarrier frequency and nth time instant is given as

k
H, (&, n) = H,<

—_—, £=01,...,N —1 {2)
ANT, n

where 7., is the sampling period of the OFDM symbol. They

are correlated samples, in frequency, of a complex Gaussian

-X, X,
+ + ixi
¥ f ]
X X

|
E I Re]

Channel

[t

X Alamuuti e
T1 +  STBC e = 1+ | Il
Encoder o

X X
X X o
i F
JEIN B - D
i Vv M
X, R J [—
4 +
X X,

Figure 1 Transmitter structure for STBC-OFDM with outer-
channel coding

) , T
process. Moreover, H,(n) = [H, 0, n), ..., HAN -1, )]
denotes the channel vector between the /th transmitter and

the receiver.

Since the Alamouti’s two-branch
scheme with one receiver is employed here, each pair of the
two consecutive received signal can be expressed in vector

transmit  diversity

torm as

R(n) = X(mH {(n) + X(n + DH y(n) + W(n)
Rin+ 1) =~X"(n+1DH,(n+ 1)+ X (m)H,(n+ 1)
+W(n+1) (3)

where R(n) = Ry Ry, - Ry Mz]kr, R(n+1) = [R, Rs,
.A.,RM,L%]P. X(n) and X(n +1) are N, x N, diagonal
matrices whose elements are X, and X, respectively. Finally,
W(n) and W(n+ 1) are N, x 1 zero-mean, 1id. Gaussian
vectors that model additive noise in the /V, tones.

Equation (3) shows that the information symbols A(7) and
X(n+1) are transmitted twice in two consecutive time
intervals through two different channels. To simplify the
problem, we assume that the complex channel gains remain
constant over the duration of one ST-OFDM code word,
that is, H,(n) = H(n+1) and Hy(n) = H,y(n+1).
In order to estimate the channels and decode X with the
embedded diversity gain through the repeated transmission,

for each n, we define, R = [RT(n) RT(n + lﬂT and
write (3) into a matrix form

R=XH+ W (4)

where H = (HY BT, w =W ) win+ 1] and

v ‘:X(n)

X(n+1) .
X ) } (5)

X(n+1)

Obviously, channel estimation is very essential in digital
receivers for decoding of the STBC-OFDM systems with
outer-channel encoder. In this paper, a novel channel
estimation algorithm is presented by representing the
discrete multipath channel based on the Karhunen-~Ioeve
(KL) orthogonal representation and making use of the EM
technique.

Modelling the frequency-selective fading channels as
random processes, we employ 2 linear expansion based on the
KL series representation involving a complete  set of
orthogonal deterministic vectors with the corresponding
uncorrelated random coefficients. An orthonormal expansion
of the vector H,(n) involves expressing the H,(n) as
a linear combination of the orthonormal basis vectors
as  H,(n) = WG,(n), W= [y, Yy, o, l’bf‘/ﬁl]’
;5 are the orthonormal basis vectors, G,(n) =[G
0, n), ..., G N —1, 17)JT, and  G,(#, n) represent the

we ghts of the expansion. The autocorrelation matrices of all

where

the channels between transmitter antennas and receiver are
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same and it can be decomposed as
Cpy = WA (6)

where A = E{G, GI} The KL expansion is one where A of (6)
is a diagonal matrix (i.e. the coefficients are uncorrelated). If Ais
diagonal, then (6) must be eigendecomposition of Cy;. The
fact that only the eigenvectors diagonalise Cy, leads to the
desirable property that the KL coefficients are uncorrelated.
Furthermore, in the Gaussian case, the uncorrelatedness of
the coefficients renders them independent as well, providing
additional simplicity. Thus, the channel estimation problem
in this application equivalent to estimating the ii.d. Gaussian
vector G, KL expansion coefficients.

The channels between transmitter and receiver in this
paper are assumed to be doubly selective, where H/(n)'s
modelled based on realistic channel model determined by
COST-207 project in which typical urban (TU), bad urban
(BU), hilly terrain (HT) and rural area (RA) channel
model are considered and their channel transfer functions

are given.

3  Turbo receiver

Jterative decoding and detection has been a topic of recent
interest since the introduction of turbo codes. Iterative
recciver structure for coded STBC-OFDM system is
illustrated in Iig. 2 which uses three submodules to carry
on iterative process: channel estimation, STBC-OFDM
decoding and the MAP outer-channel code decoding. We
therefore consider an EM-based MAP iterative channel
estimation technique in frequency domain for turbo-coded
STBC-OFDM Frequency-domain  estimator
presented in this paper was inspired by the conclusions 1n
{141 in which it has been shown that the time-domain
channel estimators based on a discrete Fourier transform
approach for non«samplc—spaced channels cause aliased
spectral leakage and result in an error floor.

systems.

3.1 EM-based MAP channel estimation

The MAP criterion is used in the fading channel as seen at
the FFT output of the OFDM receiver. Then, the
probability density function of the uncorrelated channel

Rx

Rin}

STBC
Decoder

o Nonlinear |
: |
function |

Figure 2 Turbo-coded STBC-OFDM receiver

www.ietdl.org
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vectors G/s can be expressed as
HG) ~ep(~GATG), =12 )

where A = diag(A A). Since we assumed that the channel
covariance matrix C, is known by the receiver, the diagonal
matrix A can be determined easily by the eigendecomposition
of C, in (6. Given the transmitted signals X as coded
according to Alamouti’s scheme and the discrete channel
representations G = [GT, Gg]T and taking into account the
independence of the noise components, the conditional
probability density function of the received signal R can be

expressed as,
HRIX, G) ~ cxp\:——(R WG IR - xﬁrc)] (8)

where W = diagl¥ W) and I = diag(¥ X) and ¥ is an

N, x N_ diagonal matrix with X4, £] = o, for =0,
1N -1
The MAP estimate Gis given by
G = arg max p(G|R) )

Directly solving this equation is mathematically intractable.
However, the solution can be obtained easily by means of
the iterative EM algorithm. This algorithm inductively
reestimate G so that a monotonic increase in the a
posteriori conditionial pdf in (9) is guaranteed. The
monotonic increase is realised via the maximisation of the

auxiliary function

QGIG™) =Y p(R, X, G)log p(R, X, Gy (10
X

where the sum is taken over all possible transmitted data-
coded signals and G is the estimation of G at the ¢th
iteration.

Note that the term log p(R, X, G)in (11) can be expressed as

log p(R, X, G) = log p(X|G) + log p(R} X, G)
+ log p(G) (11)

The first term on the right-hand side of (12) is constant, since
the data sequence X' = {(X(n)}and G are independent of each
other and X have equal a priori probability. Therefore (11) can
be evaluated by means of (7) and (8). Given the received signal
R, the EM algorithm starts with an initial value Y of the
unknown channel parameters G. The (¢ + 1)th estimate of
G s obtained by the maximisation step described by

G = arg max (GG

G RR
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After long algebraic manipulations, the expression of the

re-estimate G(/{/H)(/ =1, 2) can be obtained as follows |17
G = (1 + IAT) T WA ORG) - KPR+ 1)
G = (1 + SATY W ARG + KRG+ n]
(12)

where it can be easily seen that

A An.—1
I+ 3IA™Y ™ = dia o ., :
(« )7) = diag ot o A + 02
and /i’g/}and X7 in (12) is an N, x N,-dimensional diagonal
matrix fepresenting the a posteriori probabilities of the data
symbols at the gth iteration step.

3.1.1<Truncation property: The truncated basis vector
G,, can be formed by selecting r orthonormal basis vectors
among all basis vectors that satisfy Cpy, W= WA. The
optimal solution that yields the smallest average mean-
squared truncation error l/NCE[eier] is the one expanded
with the. orthonormal basis vectors associated with the first
largest r cigenvalues as given by

1 R 1 =
Elele ] = A

N (€€,] NC_T; , (13)
where €, = G, — G, . For the problem at hand, truncation
property of the KL expansion results in a low-rank
approximation as well. Thus, a rank-r approximation of A
can be defined as A, = diag{Ag, Ay, -+, )\,.,1} by ignoring
the trailing NV, ~ r variances {/\,}2:1, since they are very
small compared with the leading r variances {)\,};;é.
Actually, the pattern of eigenvalues for A typicatly splits
the eigenvectors into dominant and subdominant sets.
Then the choice of 7 is more or less obvious.

3.1.2 Complexity: Based on the approach presented
in {13], the traditional linear minimum mean squared error

(LMMSE) estimation for H, can be easily expressed as

H, =Cy(3+Cy) " P, p=12 (14)
s s

Precomputed

where Py = XT9OR(n) — /i’iq)R(n +1)and P, = XT9R(n)+
/'A\.’Eq)R(n -+ 1). Since CH/(E + CH/).1 does not change with
data symbols, its inverse can be pre-computed and stored
during each OFDM block. Since Cy, and X are assumed to
be known at the receiver, the estimation algorithm in (14)
requires N? complex multiplications after precomputation
(Multiplication of N, x N, precomputation matrix with
N, x 1P, vector.). However, this direct approach has high
computational complexity due to the requirement of large-
scale matrix inversion of the precomputation matrix (The
computational complexity of an IV, x N, matrix inversion,

using Gaussian elimination, i O((V.)).). Moreover, the error
caused by the small fluctations in Cpy, and X have an
amplified effect on the channel estimation due to the matrix
inversion. Furthermore, this effect becomes more severe as
the dimension of the matrix, to be inverted, increases [15].
Therefore the KIL-based approach is need to avoid matrix
inversion. Using (6) and (14), iterative estimate of the H,
with KL expansion can be obtained as

A = w1 + sATH WP (15)

To reduce the complexity of the estimator further, we
proceed with the low-rank approximations by considering
only 7 column vectors of W corresponding to the r largest
eigenvalues of A, yielding

A = w (1 + 3 A7) )W Py (16)

precomputation

where (I + 3, A7) = diag(he/(Ag + 07), - A/
(A + o?)). %, in (16) is a r x r diagonal matrix whose
elements are equal to o and W, is an N, x 7 matrix which
can be formed by omitting the last N, —r columns of W.
The low-rank estimator is shown to require 2N.r complex
multiplications (First, multiplication of precomputation
matrix with P, has N_r complex multiplications and then
multiplication with W, has N.r complex multiplication
which totally requires 2N.r complex multiplication.).
In comparison with the estimator (traditional), the number
of multiplications has been reduced from NV, to 2r per tone.

3.2 Iterative equalisation and decoding

We now consider the STBC-OFDM decoding algorithm and
the MAP outer-channel code decoding to complete the
description of the turbo receiver. Since the channel vectors
or equivalently expansion coefficients are estimated through
EM-based iterative approach, it is possible to decode R with
diversity gains by a simple matrix multiplication. Before
dealing with how we resolve decoding, let us first re-express

received signal model (3) as
R=HX+W (17)

where R =[RTo), R+ 1], X = (X, X7
[WT(n), wiin+ 1)]T and

. Hl(n) Hz(")
H“[Hg(nﬂ) —Hi(n+1)} =

where H,;(n) and H,(n + 1),/ =1,2,are N, x IV, diagonal

matrices

Jepending on complexity against performance tradeoffs,
an.'" linear equaliser can be applied to retrieve X from (17).
In: this paper, we consider linear equaliser where the
pasameters are updated using the MMSE criterion.
W define the linear MMSE estimate D of X given the
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observation R by
D =X+ CyH (M CeH + Cp) ™ x R=HX)  (19)

where X, Cy and Cy are the mean of X, the covariance
matrix of X and the covariance matrix of W, respectively.

With a scaled unitary matrix M and approximately
constant complex channel gains with Hi(n) + Hi(m) ~ 1
assumptions, we can simplify H'H as

H'H =Ty, (20)

where I,y (o 15 the 2N, x 2N, identity matrix. Moreover,

following the assumptions used in [](x],)}' =0,Cy =1, (19)

becomes

D=U+cD"H'R (1)
If we set Cy =0'in (19), further simplified form of linear
equaliser called zero forcing equaliser is obtained resulting in

D=HR=HHX+7 (22)

where 7] = HW.

We propose  tutbo receiver structure for STBC-OFDM
systems in this paper, which consists of an iterative MAP-
EM channel estimation algorithm, STBC decoder and a soft
MAP outer-channel-code decoder. As shown in Iig. 2, first
EM-based channel * estimator computes channel gains
according to pilot symbols. Output of the estimator is used in
the STBC demodulator {22). Next, the equalised symbol
sequence (D} is passed- through 2 channel de-interleaver,
resulting in de-interleaved equalised ‘symbols sequence {Z}.
Finally, {Z} is applied to @ MAP decoder by de-interleaved
estimated channel gains. In the MAP decoder submodule,
log-likelihood ratios (LLLRs) of a posteriori probabilities on
the coded and uncoded bits are yielded. In the next iteration,
LLRs of coded bits {Y;} are re-interleaved and  passed
through a nonlinearity [12]. Output of the nonlinearity
computes soft value estimation of Xas Xin Fig. 2.

Xis used as /i’ﬁq) and 15('5,7) in (12) for next iteration. Thus,
the MADP-EM channel estimator itératively generates the
channel estimates by taking the received signals from
receiver antenrias and interleaved soft value of LLRs which
are computed by the outer-channel code decoder in the
previous iteration. Then, STBC-OFDM decoder takes
channel estimates together with the received signals and
compuites equalised symbol * sequence for next turbo
iteration. lterative operation is fulfilled between these three
submodules. In all simulations, three iterations are employed.

4 Simulations

In this section, BER performances of charnnel . estimators
are - presented through - simulations for  turbo-coded

www.ietdl.o

STBC-OFDM  systems. Moreover, to investigate the
sensitivity to channel estimation errors, we also considered
convolutionally coded STBC-OFDM  systems. In case
of the turbo encoder, two identical recursive systematic
convolutional component codes with generator (1,55 /7g) were
concatenated in parallel via a pseudorandom interleaver form
the encoder. For the convolutionally coded system, a (5g, 78)
code with rate 1/2 was used. The channels between
transmitter and receiver in this paper are assumed to be
doubly selective where H(n)'s were modelled, based on 2
realistic channel model determined by COST-207 project in
which TU, BU, HT and RA channel models are considered.

The scenario for the STBC-OFDM study, with outer
channel codes simulation, consists of BPSK and QPSK
modulation formats. The system has 1.07 MHz bandwidth
(for the raised cosine pulse roll-off factor a = 0.2) and is
divided ‘into N, = 512 tones with:a total period 7, of
328 us, of which 40 ps constitute the cyclic prefix. The
data rate is about 0.8 and 1.6 Mbps-for BPSK and QPSK
modulation techniques, respectively. In order to choose
good initial values for the unknown channel parameters,
pilot tones known by the receiver are inserted in OFDM
symbol. One pilot tone is inserted for every K data symbol
denoted as a pilot insertion rate (PIR = 1:K). The details
of the initialisation process are presented in {13, 170 Inall
simulations, three iterations are cmploycdf

Fig. 3 compares the BER performances of the EM-MAP
channel estimation approach with the EM-ML {7} and
widely used LMMSE-PSAM (LMMSE pilot-symbol-
assisted modulation) approaches {18, for the turbo-coded
STBC-OFDM systems over the BU channels for BPSK-
modulated signals. It can be seen from liz. 3 that the
performance of the proposed EM-MAP algorithm
outperforms EM-ML as well as PSAM techniques while

Figure 3 Comparison of different channel estimation
al¢ orithms for BPSK-modulated turbo-coded STBC-OFDM
systems over BU channels (fpm = 100Hz, PIR = 1:8
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approaching the perfcct channel state information (CSI) case
for higher SNR

values.

In Fig. 4, by using the same bandwidth and total number of
subcarriers, QPSK modulation technique is used for BU
channels and the overall data rate is increased to 1.6 Mbit/s.
Since the turbo-coded data frame length is doubled
when compared with BPSK case, it is observed that the
performance difference between EM-MAP and LMMSE is
decreased, as shown in iz 4, and the overall performance is
degraded when compared with the BPSK case for PIR = 1:8
case. Therefore it is concluded that the EM-MAP channel
estimator precedence could be faded for larger turbo-coded
data frames. However, the turbo-coded data frame length is
usually limited by the total number of subcarriers for OFDM
applications. The coding process over several OFDM symbols

is not practical due ro the complexity and implementation
issues and requires more decoder memory. On the other
hand, the superiority of the EN 1-MAP over the LMMSE
algonithm s clearly seen for PIR == 1:16 corresponding to
PIR == 1:8, while the overall performance falls.

Computer simulation results with the same simulation
CIn this

parameters for TU channels are presented in 1

-

figure, it can be observed that the performance dlﬁumu
between the EM-MAP and the perfect CSI scenarios
for BU channels is about 1dB, and in TU channels,
about 0.5 dB corresponding to Pe= 107" for PIR = 1:8.
However, the performances of the EM-MAP and the
LMMSE are almost similar to each other since estimation
accuracy is sufficient for the turbo decoder to work well.
On the other hand, the superiority of the EM-MAP over
the LMMSE algorithm is clearly seen for PIR = 1:16
overall performance

corresponding to PIR = 1.8, while
falls. In these figures, it can be concluded that the EM-
MAP algorithm performs far better than other methods for

the efficient bandwidth usage (i.e. lower PIRs).

10
107
107
T
o}
o
107
sk T8 T LMMSE, PIF=118
— & — EM-MAP PIR=11
e LMMSE, PIR=1:8 1
—5— EM-MAP, PIR=1.8 |
[ e Periect-CSt R
10) L 1 H L 1 i i
0 1 2 3 4 5 6 7 B g 10
Eb/No

Figure 4 Comparison of different channel estimation
algorithms for QPSK-modulated turbo-coded STBC-OFDM
systems over BU channels (fp, = 100 Hz)

M

2

Eh/No

Figure 5 Comparison of different channel estimation
algorithms for QPSK-modulated turbo-coded STBC-OFDM
systems over TU channels (fp, = 100 Hz)

Moreover, in Fig. &, the EM-MAP algorithm performance
for turbo/convolutionally coded STBC-OFDM systems are
investigated as a function of PIRs (1:8, 1:16, 1:32) for the
Generally, it is known that a good
channel code is more sensitive to channel estimation errors

TU channel model.

with high dependency among the coded bits that might
cause severe error propagation during decoding process. Our
simulation results support this argument. We observe that
more performance degradation is experienced in the turbo-
coded systems when compared with the convolutionally
encoded systems in the presence of the TU channels since
Jower PTRs provide poor initial estimates.

The amount of information required to represent the

statistically  dependent  channel could be

minimised by using the optimal truncation property. It 1s

parametcrs

s

g CON-EM-PIR=1:32
——O— CON-EM-PIR=1:16]
107 b} = CON-EM-PIR=18 |:o
| —¢— TUR-EM-PIR=1:32|:
——br— TUR-EM-PIR=1:16{ 1"
~—&-— TUR-EM-PIR=1:8

o ; ; ; ; ; ; ;

Eb/Na

Ficure 6 EM-MAP channel estimator BER performance of
the QPSK-modulated turbo/convolutionally coded STBC-
OFDM systems as a function of PIRs for TU channels
{fon = 100 Hz)
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possible to obtain an excellent approximation, if the
dominant eigenvalues are selected in the KL expansion. In
this way, more reduction in computational complexity
could be achieved on the channel estimation algorithm as
explained in Section 3. Since the frequency selectivity of
the BU channels is more than the TU channels, low-rank
representation of the BU channel requires more KL
coefficients than TU channels. In [ig. 7, the BER
performance of the EM-MAP algorithm is investigated for
SNR = 6dB as a function of the number of KL coefficients
employed. It is observed that 15 KI. coefficients are
sufficient to represent for TU channels, whereas it is about
25 coefficients for the BU channels.

In the preceding simulations, the autocorrelation matrix
was assumed to be available as a priori information at the
receiver for the COST-207 channel model. However, in
practice, the true channel correlation is not known and it is
important to analyse the performance degradation due to
the mismatch between the approximated and the actual
autocorrelation matrices. In this scope, the autocorrelation
matrix C = [¢,,,) of the TU channel was approximated by

1 if m=n
c . 1— c—-jl-rrL(m—ri)/N
it if
SmLim — MmN m#n

(23)

where Nis the number of subcarriers and L the length of the
cyclix prefix. Note that (23) can be obtained from a profile
having a uniform power-delay [13]. The simulation results
concerning the mismatch analysis are presented in I 8
for turbo-coded STBC-OFDM systems. It is concluded
that the using the approximate C does not degrade
the BER performance significantly for the TU channels
in the case of correct channel length L. Moreover, 1t
can be shown that the performance degradation will
be visible when L is less or more than the correct channel
length.

« BU-FuR renk
——8— TU-Reducnon|
T} e TU~Ful 1k

o eaion) |

BER

Number of used KL expansion coefficiants

Figure 7 Optimal truncation property of the KL expansian
(PIR = 1.8, fpm = 100 Hz, QPSK)
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Figure 8 Mismatch analysis for autocorrelation matrix
(PIR = 1:8, fom = 10 Hz, QPSK)

5 Conclusion

In this paper, we proposed the EM-based MAP channel
estimation algorithm  for turbo/convolutionally ~ coded
STBC-OFDM systems, which is crucial for turbo receiver
structure. This algorithm iteratively estimates the channel
variations according to the MAP criterion, using the EM
algorithm based on the orthogonal expansion representation
of the channel via KL transform. It is observed that the
proposed EM-MAP outperforms the EM-ML as well as
PSAM techniques at lower pilot insertion rates. Based on
such representation, we show that no matrix inversion is
needed in the channel estimation algorithm. Moreover, a
simplified approach with rank reduction is also proposed. It
has been shown that in comparison with the traditional
estimators the number of complex multiplications has been
reduced from N, to 2r per tone. Fusthermore, sensitivity to
channel estimation errors of turbo receivers is investigated.
It was concluded that the receiver structures with turbo
codes outperform the convolutional coded receiver structures
assuming that channel estimation error is sufficient low.
Moreover, it is observed that the performance difference
between the EM-MAP and LMMSE decreases as the
length of turbo-coded frames increases. Therefore it was
concluded that the EM-MAP channel estimator precedence
could fade out for longer turbo-coded data frames. However,
the length of turbo-coded frames is usually limited by the
total number of subcarriers for OFDM applications. Finally,
we also concluded that the coding process over several
OFDM symbols is not practical due to the complexity and
implementation issues and requires more decoder memory.
Consequently, the EM-MAP receiver structure is very
efficient for rurbo-coded STBC-OFDM systems.
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1. INTRODUCTION

Traditional wireless technologies are confronted with new
challenges in meeting the ubiquity and mobility require-
ments of cellular systems. Extensive attemps have therefore
been made in recent years to provide promising avenue that
makes efficient utilization of the limited bandwidth and cope
with the adverse access environiments. These include the de-
velopment of several modulation and multiple access tech-
niques. Among these, multicarrier (MC) and code division
multiple access (CDMA) have gained considerable interest
due to their considerable performance [1, 2.

MC modulation technique, known also as OFDM (or-
thogonal frequency division multiplexing), has emerged as
an attractive and powerful alternative to conventional mod-
ulation schemes in the recent past due to its various advan-
tages. The advantages of MC which lie behind such a success
are robustness in the case of multipath fading, a very reduced

| estimation and data detection technique based on the expect
i for downlink multicarrier (MC
5. The quality of multiple access interference {
¢ users, affects considerably the performance
age has a significant relationship with the performance of PI1C. S0

hannel variations as random processes and applies the Karhunen-Loeve
f the proposed approach is studied in terms of bit-error rate
ive comparisons with previous works i

bul University, Aveilar 34850, [stanbul, Turkey
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ation maximization (EM) method
) code division multiple access (CDMA) systems in
MAI), which can be improved by using
of PIC, detector. Therefore, data

Jation of PIC detector. The EM algorithm

(KL} orthogonal
{BER) and mean square error
literature are performed, showing that the new

buted under the Creative Commons Attribution License,
provided the original work is properly cited.

system complexity due to equalization in the frequency do-
main and the capability of narrow-band interference rejec-
tion. OFDM has already been chosen as the transmission
method for the European radio (DAB) and TV (DVB-T)
standard and is used in xDSL systems as well. Supporting
multiple users can be achieved in a variety of ways. One pop-
ular multiple access scheme is COMA. CDMA makes use of
spread spectrum modulation and distiner spreading codes
to separate different users using the same channel. It is well
known that CDMA system has an ability to reduce user’s
signal power during transmission using a spreading so that
the user can communicate with a low-level transmitted sig-
nal closed to noise power level. As a combination of MC and
CI MA techniques, it combines the advantages of both MC
ana CDMA {1-3].

To evaluate the performance of these systems, ideal
knowledge of transmission parameters is often assumed
known. Tterative receivers for coded MC-CDMA promise
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a significant performance gain compared 1o conventional
noniterative receivers by using combined minimum mean
square error-parallel interference cancellation {combined
MMSE-PIC) detector [5] assuming perfectly known chan-
nel impulse response. However, the performance of MC-
CDMA-based transmission systems under realistic condi-
tions critically depends on good estimate of the parameters,
such as the channel parameters. In [4], different detection
schemes were considered for least square estimation case as
well as perfect channel case.

The quality of multiple access interference (MAI), which
can be improved by using channel estimation and data es
timation of all active users, affects considerably the perfor-
mance of PIC detector. Therefore, data and channel estima-
tion performancé is obtained in the initial stage has a sig-
nificant relationship with the performance of PIC. So obvi-
ously it is necessary to make excellent joint data and chan-
el estimation for initialization of PIC detector. Inspived by
the conclusions in [4, 5], including channel estimation into
the iterative receiver vields further improvements. We there-
fore consider iterative channel estimation techniques based
on the expectation-maximization (EM) algorithm in this pa-
per.

The EM algorithm is a broadly applicable approach to
the iterative computation of parameters from intractable and
high complexity likelihood functions. An EM approach pro-
posed for the general estimation from superimposed signals
[6] is applied to the channel estimation for OFDM systems
and compared with SAGE version in [7]. For CDMA sys-
tems, Nelson and Poor [8] extend the EM and SAGE algo-
rithms for detection, rather than for estimation of continu-
Ous parameters. Moreover, EM-based channel estimation al-
gorithms were investigated in {9, 10] for synchronous uplink
DS-CDMA and asynchronous uplink DS-CDMA. systems,
respectively. Unlike the EM approaches, we adopt a two-step
detection procedure: (i) use the EM algorithm to estimate
the channel (frequency domain estimation) and (ii) use the
estimated channel to perform coherent detection {11, 12
The paper has several major novelties and contributions. The
major contribution of the paper is to obtain EM-based chan-
nel estimation algorithm approach as opposed to the existing
works in the literature which mostly assumed that the data is
known at the receiver through a training sequence. Note that
very small number of pilots used in our approach is necessary
only for initialization of the EM algorithm leading to chan-
nel estimation. Although, the joint data and channel estima-
tion technique with EM algorithm seems to be attractive in
practice, it is known that the convergency of the algorithm
is much slower, it is more sensitive to the initial selection
of the parameters and the algarithm is more computation-
ally complex than the techniques that deal with only chan-
nel estimation. As it is known in the estimation literature,
non-data-aided estimation techniques are more challenging
mainly due to a data-averaging process which must be per-
formed prior to optimization step. The proposed EM-MAP
receiver compared with the combined MMSE-PIC receiver in
the case of LS, LMMSE, and perfect channel estimation [4].

Another significant contribution of the paper comes
from the fact that the proposed approach considers the

channel variations as random processes and applies the
Karhunen-Loeve (KL} orthogonal series expansion. It was
shown that KL expansion enable us to estimate the chan-
nel in a very simple way without taking inverse of large-
dimensional matrices for OFDM system [11, 12]. However,
this property will not help to avoid matrix inversion for the
signal model in this paper as shown in Section 4. On the
other hand, we show that optimal truncation property of the
KL expansion help to decrease inverse matrix dimension so
that reduction in computational load on the channel estima-
tion algorithm can be done.

The rest of this paper is organized as follows. In Sections
2 and 3 we introduce the model of a downlink MC-CIMA
systemn and the corresponding channel model established, re-
spectively. Using the discrete-time model, the maximum 4
posteriori (MAP) channel estimation algorithm is derived in
Section 4. Moreover, in this section, truncation property of
the KL expansion and complexity calculation of the proposed

algorithm are also given. In the next section, P1C-detection
scheme is then developed for the proposed channel estima-
tion algorithm. Finally, computer simulation results are pre-
sented with detailed discussions in Section 6, and conclu-
sions are drawn in Section 7.

Notation: Vectors (matrices) are denoted by boldface
lower (upper) case letters; all vectors are column vectors;
(" (b and () ! denote the transpose, conjugate trans-
pose, and matrix inversion, respectively; I denotes the L L
identity matrix; diagi-} denotes a diagonal matrix.

2. DOWNLINK MC-CDMA

Transmission of MC-CDMA signals from the base station 1o
mobile stations forms the downlink transmission. The Base
station must detect all the signals while each mobile is re-
tated with its own signal. In the downlink applications, all the
signals arriving from the base station to specific user propa-
gate through the same channel. Therefore, channel estima-
tion methods that is developed for OFDM systems can be
appliciable for downlink application of MC-CDMA systems
1]

Let b*'s denote the QPSK modulated symbols that would
be send for kth user within mobile cell k = 1,..., K where K
is the number of mobile users which are simultaneously ac-
tive. The base station spread the data b% s over chips of length

N, by means of specific orthogonal spreading sequences, o

Lk )" where each chip, ¢k, takes values in the set
P 1/ Ng, 173 1. Then, the spreaded sequences of all users
c*b* are summed together to form the input sequences of the
OFDM block. After summation process, OFDM modulator
block takes inverse discrete Fourier transform (IDFT) and in-
serts cyclic prefix (CP) of length equal to at least the channel
memory {L). Pilot tones uniformly inserted in OFDM mod-
ulaced data for the initial channel estimation [19]. In this
wo k. to simplify the notation, it is assumed that the spread-
ing factor equals to the number of subcarriers and all users
have the same spreading factor.
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At the receiver, CP is removed and DFT is then applied to
the received discrete time signal to obtain the received vector
expressed as

R = #Cb+ W, (1

where C = [c',...,c*] isthe Nox K spreading code matrix,
b= b, .. ,E?K}T is the K x | vector of the transimitted sym-
bols by the K users. J is the No X N: diagonal channel matrix
whose elements representing the fading of the subcarriers are
modeled in the next section, W is the N, X 1 zero-mean, tid.
Gaussian vectors that model additive noise in the N, tones,
with variance ¢%/2 per dimension. Note that due to orthog-
onality property of the spreading sequences, CTC = Ir.

In this study, our major focus lies on the development
of a MAP-EM channel estimation algorithm based on the
observation maodel (1. However, in the sequel we will first
present the channel model hased on KL expansions.

3. CHANNEL; BASIS EXPANSION MODEL

The fading channel between the transmit and the receive
antenna is assumed to be frequency and time selective and
the fading process is assumed to be constant during each
OFDM symbol. Let H = [H,, Ha,. o Hr, jT denote the cor-
related channel coefficients corresponding to the frequency
response of the channel between the transmit and the receive
antenna. The KL expansion methodology has been ap plied
for efficient simulation of multipath fading channels [14].
Prompted by the general applicability of KL expansion, we
consider in this paper the parameters of H to be expressed by
a linear combination of orth onormal bases,

H=YG, (23

where ¥ = [cyy, ¥y
vectors, G =[Gy - Gy, )7, and G, is the vector representing
the weights of the expansion. By using different basis func-
fons W, we can generate sets of coefficients with different
properties. The autocorrelation matrix Cy = E[HH'] can be
decomposed as

SV by s are the orthonormal basis

Cu = PAY', (3)

whetre A = PIGGT) s a diagonal. Then {3) represents the
eigendecomposition of Cg. The fact that only the eigenvec-
tors diagonalize Cy leads to the desirable property that the
KL coefficients (Gr, ..., Gn,) are uncorrelated. Furthermore,
in the Gaussian case, the uncorrelatedness of the coefficients
renders them independent as well, providing additional sim-
plicity. Thus, the channel estimation problem in this study is
equivalent to estimating the 1.i.d. Gaussian vector G, namely,
the KL expansion coefficients.

4. EMBASED MAP CHANNEL ESTIMATION

In MC-CDMA system, channel equalization is moved from
the time domain to the frequency domain, that is, the chan-
nel frequency response is estimated. Note that, it 1s pos-
sible to estimate the: channel parameters from the time-
domain channel model (channel impulse response], in our

tr Pilot based
I :
initial esiimation

e
-

OFDY ‘
%{ OFDM |

demoadulator | -

Calculation of
I‘i:;k

Froune 1: Receiver structure for MC-CDMA systems.

work, time-domain approach roduces additional com-
plexity mainly because the frequency domain channel pa-
rameters are vequired and directly employed in the de-
tection process. Moreover, the frequency domain estima-
tor presented in this paper was inspired by the conclu-
sions in 15, 16}, where it has been shown that time do-
ain channel estimators based on a Discrete Fourier Trans-
form (DFT) approach for non sample-spaced channels cause
aliased spectral leakage and result in an error floor. Further-
more, our proposed frequency domain iterative channel esti-
mation technique employs the KL expansion which reduces
the overall computational complexity significantly.

To find MAP estimate of G, (1) can be rewritten by using
the channel KL expansion as follows:

R = diag(Cb)¥G + W. {

e

The MAP estimate G is then given by

[}

G = argm(z}x p(G IR} {

Direct maximization of (5) is mathematically intractable.
However, the solution can be obtained easily by means of the
iterative EM algorithm. A natural choice for the complete
data for this problem sy = IR, b}, The vector to be esti-
mated is G, and the incomplete data is R. The EM algorithm
stated above is equivalent to determining the parameter set
G that maximize the Kullback-Leibler information measure
defined by

O(GIGT) = p(R, b, G} log p (R,b,G), (6

s

5
b

where G is the estimation of G at the gth iteration. This
algorithm inductively reestimate G so that a manotonic in-
crease in the a posteriori conditional ndf (probability density
function) in {5) is guaramced.

Note that, the term log p(R, b, G) in (6) can be expressed
as

leg p(R,b,G) = log p(b | G) + log p(R | b, G) + log p(G).
Th : first term on the right-hand side of (7} is constant, since
the data sequence b and G are independent of zach other
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and b have equal a priori probability. The probability den-
sity function of G is known as a prior by the receiver and
can be expressed as

p(G)~exp (~ G'AT'G). ()

Also, given the transmitted symbols b and the discrete chan-
nel representation G and taking into account the indepen-
dence of the noise components, the conditional prabability
density function of the received signal R can be expressed as

p(R1b,G)

~exp[ - (R — diag(CH)¥G) T (R ~ diag(CO)¥G) ],
(9)

where ¥ is an N, X N, diagonal matrix with 2k, k} = o*, for
k=12,.,N.

Taking derivatives in (6) with respect to G and equating
the resulting equations to zero, we have

S p(R,b,G) (¥ diag(b'C")
b (10)
« £ (R - diag(Cb)YG) - A"'G) = 0.

Note that p(R,b,GW\’) may be replaced by plb | R, G
without violating the equalities in (10). Solving (10) for G,
after taking average over b, the final expression of reestimate
of G+ can be obtained as follows:

N I N S
Glath = (T1 et EA) THUR, (i
where
T = diag(CT'")W. (12)

T = [y, oo, 1K) | represents the a posterior: prob-
abilities of the data symbols at the gth iteration step defined
as

r(q)(k): pr(bk:b}R,G“ﬂ)’ (]3’)
b8y

‘4 can be computed for QPSK signaling as follows i}

r'e = L tanh V—/:gRe(Z“”) + J_tanh —V@Im(Z“”)
V2 a? V2 o2 k
(14)
where
2 = CT(RY H 4 o'y )T AR (19)

Finally, the data b transmitted by each user can be estimated
at the gth iteration step as

. 1 .
bW = —=csign(I'?'), (16)
7

where “csign” is defined as csign(a+ jb) = sign(a) + jsign(b)}.

Truncation property

A truncated expansion vector G, be formed from G by se-
lecting r orthonormal basis vectors among all basis vec-
tors that satisfy Ca¥ = WA. The optimal solution that
vields the smallest average mean-squared truncation error
(1/N.)Elele,] is the one expanded with the orthonormal
basis vectors associated with the fivst largest r eigenvalues as
given by

N,

i |
o Elele,) = —— > An 17)
N,~r[' ) Ne~riZ (
where €, = G — G,. For the problem at hand, truncation

property of the KL expansion results in a low-rank approx-
imation as well. Thus, a rank-r approximation of A can be
defined as A, = diag{i, A, A, ¢ by ignoring the trailing
No—7 variances [\ }ir, since they are very small compared to
the leading r variances L4 11. . Actually, the pattern of eigen-
values for A typically splits the eigenvectors into dominant
and subdominant sets. Then the choice of r is more or less
obvious. For instance, if the number of parameters in the ex-
pansion include dominant eigenvalues, it is possible to obtain
a good approximation with a relatively small nuinber of KL
coefficients.

Complexity

Based on the approach presented in {17}, the traditional
LMMSE estimation for H can be easily expressed as

A = Cu|Cy + T(diag(Cb)diag(Cb}) ']
CONYT runsp;:(.«lyliiuu.ﬁ complexity {18)

x [diag(Cb)] 'R,

Since | Cp + X(diag(Cb)diag(Cb) ' ]l changes with data
symbols, its inverse cannot be precomputed and has high
computational complexity due to required large-scale matrix
inversion.! Moreover, the error caused by the small fluctua-
tions in Cy and X have an amplified effect on the channel es-
fimation due to the matrix inversion. Furthermore, this effect
becomes more severe as the dimension of the matrix, to be
inverted, increases [18]. Therefore, the KL-based approach is
needed to avoid large-scale matrix inversion. Using (2) and
{11), the iterative estimate of H with KL expansion can be
obtained as

. C R
)5 (CRRE :‘}’(TT”T(‘“+EA ‘) TR (19)

However, in this form, complexity of channel estimate is
greater than the traditional LMMSE estumate. Theretore, to
reduce the complexity of the estimator further we rewrite
(19) as

Ly

4 = WA (AT TWA + EA) ATIR - (20)

' Tae computational complexity of an N~ N, malrix joversion, using
( aussian elimination is O(N?).
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TaBLe ]
Algorithm Computational complexity
LMMSE IN? + 3N, + N.K + O(N])

KL NI+ 4N2 + N.K + 2N, + O(N])

KL-truncated N2+ 3Nr + 2 + NK +2r + O(r")

and proceed with the low-rank approximations by consider-
ing only r column vectors of ¥ and T corresponding to the r
largest eigenvalues of A, yielding

A9 = WA, (AT TUA 4 EA) AT R 2D

O L'rm'lpumlimml complexity

where ¥, is an rx r diagonal rnatrix whose elements are equal
to g2 ¥, and T, are in (21) an N, X r matrices which can
be formed by omitting the last Ni — r columns of ¥ and T,
respectively. Equation (21) can then be rearranged as follows:

ﬁilﬁ 0o ¥, (T:miT(rq) + A, ‘)«]TfK“R, (22)

Thus, the low-rank expansion yields an excellent approx-
imation with a relatively small number of KL coefficients.
Computational complexity has been evaluated quantitatively
and surnmarized in Table 1.

5, PARALEL INTERFACE CANCELLATION (PIC)

The estimated complex QPSK vector b given by (16) is passed
to a PIC module after last iteration. In this module, the cal-
culation of all interfering signals for user k can be written as

e ek :
R, = HCb forb =0 (23)
Interfering signals for user k subtracted from the received sig-
nal R, then passed to the single user detector. Finally, the P1C
detector for kth user can be written as

B = (M) [HR~RE)] fork =1, K (24)
For the last iteration, detected syrnbols for QPSK modulation
are

“k | I . -
b;ic = ﬁcmgn(bfm) fork=1,..., K (25)

Initialization

Given the received signal R, the EM algorithm starts with an
initial value G' of the unknown channel parameters G. Cor-
responding to pilot symbols, we focus on a under-sampled
signal model and employ the linear minimum mean-square
error (LMMSE) estimate to obtain the under-sampled chan-
nel parameters. Then the complete initial channe} gains can
easily be determined using an interpolation technigue, that
is, Lagrange interpolation algorithm. Einally, the initial val-
ues of Gﬁ” are used in the iterative EM algorithin to avoid
divergence. The details of the initialization process are pre-
sented in [11, 17]. ’

6. MODIFIED CRAMER-RAO BOUND

The modified Fisher information matrix (FIM) can be ob-
tained by a straightforward modification of FIM as [111.

¢ In p(R ). E[f In p(G)
9G*aGT d0G*oGT

HG) Gy

} (26)

G £ -¢|

where ] ,(G) represents the a priori information.

Under the assumption that G and W are independent of
each other and W is a zero-mean Gaussian vector, the trans-
mitred signals become uncorrelated due to the orthogonal
spreading codes. The conditional PDF of R given G can be
obtained by averaging p(R | b, G) over b as follows

p(R|G) = Eyip(R|b, Gl (27)

From (27), the derivatives can be taken as foljows:

dln p(R| G) | ) N
"“’—T.)‘G“:r” AAAA = C;E (R - dlag(Cb)‘I’G) dlag(Cb)‘P,
FlnpHIG)  1et g N
FreTE T al‘y diag(b’ C)diag(Ch)¥.
(28)
Second term in (26) is casily obtained as follows:
a1n p(G) A o In p(G) ,
RPN ota Ll A 9
wor SO Gaher -

Taking the negative expectations, the first and the second
term in {26) becomes J(G) = (1/c9)]y, and Jp{G) = A’ '
respectively. Finally, (26) produces for the modified FIM as
follows:

1
]\4(6) = 'O_EIN 4 A] (30)

Inverting the matrix Tm(G) yields MCRB(G) =
I+ (G). MCRB(G) is a diagonal matrix with the elements on
the main diagonal equaling the reciprocal of those J(G) ma-
trices.

7. SIMULATIONS

In this section, performance of the MC-CDMA system based
on the proposed receivers is investigated by computer simu-
lations operating over frequency selective channels. In sinu-
lation, we assume that all users receive the same power. The
orthogonal Gold sequence code is selected as spreading code
and the processing gain equals to the number of subcarriers.
The assumption of a full-load system is made throughout the
simulations except Figure 4, thatis the number of active users
K, is equal to the length of the spreading code N = 128.
The correlative channel coefficients, H, have exponen-
tially decaying power delay profiles, described by 6(r,) =
Cexpl—7,4/Tms). The delays 7, are uniformly and indepen-
detly distributed over the length of the cyclic prefix. Tous
detzrmines the decay of the power-delay profile and C is
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4 Allpilot
¥ EN-T % MCRLB

Fiaure 20 Comparison of different channel estimation algorithms
{MSE}.

the normalizing constant. Note that the normalized discrete
channel-correlations for different subcarriers and blocks of
this channel model were presented in [17] as follows:

Cylk, k')
beexp[ - LVt + 2mf(k - k)
Tems (1= €xp (= L7 g ) 1 (1/Tome + j 21 (K

(31)

where (k, k') denotes different subcarriers, L is the cy-
clix prefix, N, is the total number of subcarriers. The sys-
tem has an 800 KHz bandwith and is divided into N,
128 tones with a total period 7, of 165 microseconds, of
which 5 microseconds constitute the cyclic prefix (L = 4).
We assume that the rms value of the multipath width is
Tome = 1 sample (1.25 microseconds) for the nower-delay
profile. With the 7,5 value chosen and to avoid 51, the
guard interval duration is chosen to be equal to 4 sample
(5 microseconds)|{17].

7.1. Performance evaluation

The performance merits of the proposed structure over
other candidates are confirmed by corroborating simula-
tions. Figure 2 compares the MSE performance of the EM-
MAP channel estimation approach with a widely used LS and
LMMSE pilot symbol assisted modulation (PSAM) schemes
[14}, as well as all-pilot estimation for MC-CDMA systems.
Pilot insertion rate (PIR) was chosen as PIR =1 : 8 That
is one pilot is inserted for every § data symbols. It is ob-
served that the proposed EM-MAP significantly outperforms
the LS as well as LMMSE techniques and approaches the all-
pilot estimation case and the MCRLB at higher E, /Ny values.
Moreover, the BER performance of the proposed system is
also studied for different detection schemes in Figure 3. It is

e LS-MMBE
—6- LS-MMSE-PIC
e LMMSE-MMSE -~ A
e LMMSE-MMSE-PIC = Perfect-MMSE

ke EM-2 0t e Perfect-MMSE-PIC

Ipilot-MMSE-PIC

Frouwe 2 BER performances of receiver structures for full toad sys-

teny,

100

BER

jo-t

(g

System capacity (%]

O EM-2 .t
—te— EM-PIC

- Allpilot-MMSE
e Allpilot-MMSE-PIC

O~ LS-MMSE

~&— LS-MMSE-PIC

©- LMMSE-MMSE
o~ LMMSE-MMSE-PIC

Figure 4: BER performances of receiver structures in ternis of sys-

Leny capacity usage.

shown that the BER @rformance of the proposed rec?iver
structure is much better that the combined MMSE-PIC re-
ceiver in the case of LS, LMMSE while approaches the perfor-
mance of the all-pilot and perfect channel estimation cases.
We also determined BER performance of the algorithm
as: function of the system capacity usage for E,/Ny = 12dB.
As shown in Figure 4, the BER pm'formnnce‘wiﬂ degrade as
the total.capacity usage approaches full Joad for both two de-
tec jon schemes. On the other hand, our simulation results
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Ficure 6: Optimal truncation property of the KL expansion.

show that the performance difference between MMSE and
MMSE-PIC detection becomes more distinguishable as the
total active users decreases.

7.2. The optimal truncation property

The KL expansion minimizes the amount of information re-
quired to represent the statistically dependent data. Thus,
this property can further reduce the computational load of
the channel estimation algorithm. An example of the Eigen-
spectrum is shown in Figure 5 for the correlation matrix of
the channel given in (31). Since the Eigenspectrum of the
correlation matrix among different frequencies has an ex-
ponential profile, a reduced set of channel parameters can
be employed. Therefore, the optimal truncation property of
‘the KL expansion is exploited in Figure 6 where MSE pertfor-
mances versus the number of coefficient used KL expansion

are given for 12dB and 16 dB. It the number of parameters
in the expansion includes dominant eigenvalues (Rank = 8},
it is possible to obtain an excellent approximation with a rel-
atively small number of KL coefficients.

7.3. Mismatch simulations

Once the true frequency-domain correlation, characterizing
the channel statistics and the SNR values, is known, the chan-
nel estimator can be designed as indicated in Section 4. In
the previous simulations, the autocorrelation matrix and the
SNR were assummed to be available as a priori information at
the receiver. However, in practice the true channel correla-
tion and the SNR are not known. It is then important to an-
alyze the performance degradation due to mismatch of the
estimator to the channe! statistics to check its robustness to
the variation of these parameters.

Correlation mismatch

We designed the estimator for a uniform channel correlation
which gives the worst MSE performance among all channel
models and evaluated it for an exponentially decaying power
delay profile. Note that as 7, goes to infinity, the power de-
lay profile of the channel given by (31) approaches to the uni-
form power delay profile with autocorrelation

! ik o=k
1 —¢ j2mLik-k" 3N (: 2)
e i k£

i RN, T

Cutk, k') =

Figure 7 demonstrates the estimator’s sensitivity to the
channel statistics as a function of the average MSE perfor-
mance for the following mismatch cases.

Case 1. True statistic = Trms = 1, L =4, No = 128,
Mismatch = Tyms = o, L =4, N, = 128.

Case 2. True statistic = Tems = L, L = 8, No = 128.
Mismatch = T,ms = 00, L = §, N, = 128.

From the mismatch curves presented in Figure 7, it is
seen that for Case 1, practically there is no mismatch degra-
dation observed when the estimator is designed for mis-
matched channel statistics specified above. Thus, we con-
clude that the estimator is quite robust against the channel
correlation mismatch for Case 1. For Case 2 frequency selec-
tivity of the channel is increased by increasing the channel
length L. In this case, we observed that the mismatch perfor-
mance of the estimator was degraded moderately. In fact, the
performance degradation between true and mismatch cases
is.approximately 0.9 dB for BER = 10 3

In Figure 8, we investigate again sensitivity of estimator
to the channel statistics between the true correlation with
tms = 1 and the effective channel length L = 4 against
T = oo and for L = 23,4, 5, 6. We conctude from the
mi. match curves presented in Figure 8 that the mismatch af-
fec s substantially on the MSE performance when L is less
than the correct channel length, and affects less when L is
greater than the correct channel length.
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SNR mismatch

The BER curves for a design SNR of 5dB, 10dB, and 15dB
are shown in Figure 9 with the true SNR pertormance. The
performance of the EM-MAP estimator for high SNR (15 dB)
design is better than low-SNR (5dB) design across a range
of SNR values (10-18dB). These results confirm that the
channel estimation error is concealed in noise for low SNR
whereas it tends to dominate for high SNR. Thus, the system
perforimance degrades especially at low-SNR region.
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—— True SNR
—8- SNR design =~ 5dB

—&— SNR design — 10dB
—- SNRdesign = 15d8

Froure 9: SNR mismatch.

8. CONCLUSIONS

In this work we have presented an efticient EM-MAP
channel-estimation-based PIC receiver structure for down-
link MC-CDMA systems. This algorithm performs an itera-
tive estimation of the channel according to the MAP crite-
rion, using the EM algorithm employing MPSK modulation
scheme with additive Gaussian noise. Furthermore, the ad-
vantage of this algorithm, besides its simple implementation,
is that the channel estimation is instantaneous, since the sig-
nal and the pilot are orthogonal code division multiplexed
{OCDM) and they are distorted at the same time. Moreover,
it was shown that KL expansion without optimal truncation
property did not enable us to estimate the channel in a very
simple way without taking inverse of large dimensional ma-
trices for MC-CDMA systems. Computer simulation results
have indicated that the MSE and BER performance of the
propased algorithm is well over the conventional algorithms
and approaches to the MCRLB by iterative improvement. Fi-
nally, we have also investigated the effect of modelling mis-
match on the estimator performance. It was concluded that
the performance degradation due to such mismatch s negli-
gible especially at low SNR values.
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Joint Data Detection and Channel Estimation
for Uplink MC-CDMA Systems with
EM-Based algorithms

Erdal Panayirci, Hakan Dogan, Hakan A. Cirpan, Bernard H. Fleury

Abstract— This paper is concerned with joint multiuser
detection and multichannel estimation (JDE) for uplink
multicarrier - code-division multiple-access (MC-CDMA)
systems in the presence of frequency fading channel. The
detection and estimation, implemented at the receiver,
are based on a version of the expectation maximization
(EM) algorithm and the space-alternating generalized the
expectation-maximization (SAGE) which are very suitable
for the the multicarrier signal formats. The EM-JDE
receiver updates the data bit sequences in parallel, while
the SAGE-JDE receiver reestimates them successively.
The channel parameters are updated in parallel in both
schemes. Application of the EM-based algorithm to the
problem of iterative data detection and channel estimation
leads to a receiver structure that also incorporates a partial
interference cancelation. Computer simulations show that
the proposed algorithm has excellent BER end estimation
performance.

1. INTRODUCTION

In conventional MC-CDMA systems, multiple ac-
cess interference(MAI) mitigation is accomplished at
the receiver using single-user or multi-user detection
schemes [1]. However, multiuser detection scheme is
known to increase the bandwidth efficiency of the sys-
temn drastically, although its detection complexity grows
exponentially with the number of users and the number
of multipaths, which makes it infeasible to implement.
Several suboptimal detection techniques have proposed
in literature such as linear multiuser detection[2] and
iterative cancelation of MAI, either in a successive or
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paralle] way in the received signal prior to data detection
[3]. Therefore, it is necessary to make excellent joint data
and channel estimation for initialization of the interfer-
ence cancelation detector. The work is an extension of
[4] in which joint data detection and channel estimation
of uplink DS-CDMA  systems were considered based
on an EM algorithm in the presence of flat Rayleigh
channels. We extend their results for the uplink MC-
CDMA systems with frequency selective channels. The
channel estimation becomes more challenging for uplink
systems since the each channel between every user and
the base station must be estimated rather than estimating
a single channel in case of a down-link transmission. In
this paper, we apply the EM and the SAGE algorithms to
the problem of joint multiuser data detection and chan-
nel estimation (JDE) of MC-CDMA signals transmitted
through frequency selective channels. In this way, we
obtain iterative methods of tractable complexity which
smartly combine the two processes of data detection and
channel estimation.

Notation: Vectors (matrices) are denoted by boldface
lower (upper) case letters; all vectors are column vectors;
(), ()7 and ()" denote the conjugate, transpose
and conjugate transpose, respectively; Il.]l denotes the
Frobenius norm; I, denotes the L x L identity matrix;
diag{.} denotes a diagonal matrix; and finally, tr{.}
denotes the trace of a matrix.

II. SIGNAL MODEL

We consider a baseband MC-CDMA uplink system
with P sub-carriers and K mobile users which are
simultaneously active. For the kth user, each transmit
symbol is modulated in the frequency domain by means
of a P x 1 specific spreading sequence Cy. After trans-
forming by a P-point IDFT and parallel-to-serial (P/S)
conversion, a cyclic prefix (CP) is inserted of length
equal to at least the channel memory (L). In this work,
to simplify the notation, it is assumed that the spreading
factor equals to the number of sub-carriers and all users
have the same spreading factor. Finally, the signal is
transmitted through a multipath channel with impulse




response
L
hi(t) =D gk a8(t = 7k 2) (M
k=1

where L is the number of paths in the kth users chan-
nel; gr; and Ty are, respectively, the complex fading
processes and the delay of the kth users [th path. It
is assumed that only the second-order statistics of the
fading processes are known to the receiver. Also, fading
can vary from symbol to symbol but remains constant
over a symbol interval.
In the receiver, the received signal is first serial-to-
parallel (S/P) converted, CP is removed and DFT is then
- applied to the received discrete time signal to obtain the
*received vector expressed as

K
y(m)=>_bk(m)CkFhytw(m), m=1,2,..,M (2)
k=1

where by(m) denotes data sent by the user k within
the mth symbol time; Cx = diag(cy) with ¢ =
lekr, ek, ...,cxp]T where each chip, ¢k, takes values in
the set {——717;, 71;} denoting the kth users spreading
code ; F € CF*L denotes the DFT matrix with the
(k,D)th element given by TIP-e‘ﬂ"“/P ; and w(m) is
the P x 1 zero-mean, i.i.d. Gaussian vector that models
the additive noise in the P tones, with variance o2/2
per dimension. Note that the channel impulse response
g and the transmission power Py are assumed to be
combined as hy = \/ITkgk, since they can not be
separated from each other.

Suppose M symbols are transmitted. We stack y(m)
as y=[yT(1),...,yT(M)]T. Then the received signal
model can be written as

y={ = - : LB

by (MYCF --- by (M)CkF|| hk w(M)
and can be rewritten in more succinct form
y =Ah +w. 4)

By using the assumption; hy ~ N(0,Zy,) where
Sy, = Elhchl], we have h ~ N(0, ) with By, =
diag[Zy, , -, By, ). Note that due to the orthogonality
property of spreading sequences, CTC =L

111. JOINT DATA DETECTION AND CHANNEL
ESTIMATION WITH EM AND SAGE ALGORITHMS

A. EM-JDE Receiver

Let b denote a possibly vector-valued parameter to be
estimated from some possibly vector-valued observation
y with probability density p(y|b). The EM algorithm

provides an iterative scheme to approach the ML es-
timate b = argmaxp(y|b) in cases where a direct
b

computation of b is prohibitive. The derivation of the
EM algorithm relies on the concept of a hypothetical, so-
called complete unobservable data x which, if it could be
observed, would ease the estimation of b. The observed
random variable y which is referred to as the incomplete
data within the EM framework, is related to x by a
mapping X — ¥ (X)-

The suitable approach for applying the EM algorithm
for the problem at hand is to decompose the received
signal in 2 into the sum [5]

K
yim) =Y xk(m), m=12---\M (5
k=1

where

xe(m) = be(m)CxFhy + wi(m). 6)

xk(m) represents the received signal component trans-
mitted by the kth user through the channel with impulse
response hg. The Gaussian noise vector, wg(m) in (6)
represents the Kportion of w(m) in the decomposition
defined by Y ;_, wk(m) = w(m), whose variance is
NoBk. The coefficients (3, determine the part of the
noise power of w(m) assigned to xk(m), satisfying
Y Be=1,0<Be <1,

The problem now is to estimate the transmitted sym-
bols b = {bx(m) kK;I;{mﬁ and the complex channel
responses hy for each user based on observed data
y. In the EM algorithm, we view the observed data
y as the incomplete data, and define the complete
data as x = {(x1,h1),{x2,h2),..., (xk, hg)} where
xp = [xe(1), .., xk(M)]T for k = 1,2,---, K. Given
the complete data set, the loglikelihood function of the
parameter vector to be estimated b can be expressed as

K
log p(x[b) = > _ log p(xk, he|bx) Q)

k=1

where
log p(xk, hi|bk) =log p(xk|bk, hi)+log p(hi[bk) (8)

and, by = [bx(1),bc(2), -, be(M)]. We neglect the
log p(hg|bk) term in (8) since the data sequence by and
h; are independent of each other.

The first step to implement the EM algorithm, called
the Expectation Step (E-Step), is to compute the average
log-likelihood function. The conditional expectation is
taken over ) given the observation y and that b equals
its estimate calculated at ith iteration,

Q (blb“’) =E {logp(xlbly, b“’} ©

Taking into account thevspecial form of log p(x|b) in




(5), Eq. 9 can be decomposed as

Q (bip®) = S Qubdb®) 0

where -
Qu(bilb®) = B {log plxe, hulbo)ly, b9} A
= B {log plxelbi, By, b@}.  (2)

Note that (12) follows from (8).

Neglecting the terms independent of bg, from (6),
log p(xk|bx, hg) can be calculated as

M
log p(xk[bk, i)~ ¥ R{bx(mhLFIC{xk(m)}. (13)

=1

Inserting (13) in (12), we have for Qx(bk|b"")

M
Qe(be/bD)=3" R{be()(WF'CTxim) P} (19)
me==1

where, adopting the notation used in Fleury,

(b} F'CTx ) 2 2 { b FICTxx(m)ly, b } . (15)
(hLFTC}:xk(m))m can be calculated by applying the
conditional expectation rule as
E{hLE(F'C{x(m)ly, b, h)ly,b"}

= E{blF'CTE(x(m)ly, b, h)ly,b®}.(16)

The conditional distribution of xx(m) given y, h and
b = b is Gaussian with mean

E(x(m)ly, b®, h) = (be(m)) P C,Fhy (7
K

+ Bk (y(m) - (m))MCijj)

=1

E-Y

where (bx(m))! & E(bx(m)ly, b®, h). Inserting (16)
in (17) and using the properties F1F =1 and CTC =1
we can rewrite (17) as

(WLF'CTxe(m)¥ = (bx(m)) E{bihly,b"}
+BxE{hlly, b®}F'Cly(m)

K
B 3 (bs(m)E{n}F'CTC,Fhyly,b"}. (18)
j=1,j#k

On the other hand, since w ~ N(0,02I) and the prior
pdf of h is chosen-as h ~ N(0,X0), we can write the
conditional pdf’s of h given y and b®*) as

p(hly,b®) ~ p(ylh, b®)p(h)

1 —
~ exp _,gi(y—Ah)*(y—Ah)——h*Ehlh - (19)

After some algebra it can be shown that

p(hly,b®) ~ N(ul, =) (20)
where
i | N
p® ;;2251 ATy
(4) w1, 1 517
29 = =y +EE(A(‘))1A(‘) 1)

and the matrix A is defined in (3) and (4).

Now let us compute the terms on the right hand side
of Eq. (16). Firstly, we compute E{hihi|y,b®} as
follows. From (20) we have

; LG BWOL
E{bhly,b?} = £, + pud’.  @2)
For the kth element we get

i i i )t
E{behlly, b®} = S0k, k) + pf) [kl (6] . 23)

where T4, 7] denotes the (i, j)th element of the matrix
.. We can then calculate E{h}h|y,b®} from (22)

as
-y

E{b}hily,b"}
o | SOk, 8 + 1 Kul k)
h 1% py (Kl (k) | 29

(B )

lf-.

Second expectation in (18) can be computed as

(b)) £ Bihyly,bP} = pJH. @5
Finally, to calculate the last  expectation

E{hFtCTC,Fh;|y,b®} in (18), define ¥; £ C,;F
and s; £ ¥;h;. It then follows that

81 ¥, 0 01k
s=Th=|:{=|¢o - o ], @6
Sk 0 0 ¥gl|bk
= 2 Elsstly,b®]
E[Thh! @iy, b =wsP et 27)
Therefore,

E{b[FICIC;Fh;ly, b} = Els'sly, b

= w[5Ok, 1] + O RO
where, pi) & \I-'p,f:)‘
Maximization-Step (M-Step): The second step to im-

plement the EM algorithm is the M-Step where the
parameter b is updated at the (14 1)th iteration according

(28)




to

b+ = arg max @ (b|bi) Z Qr(biblY). (29

k=1

M-Step can be performed by maximizing the terms
Qi (bx[b®) individually in (29), as follows

b{ " = arg max Qi (be[b’) (30)
k
where from (14)
Qr(bk|b?) = Zbk YR{(bLFfCTx,(m))¥}. (31

Moreover, when no coding is used, it follows from
(31) that each component of b( 1) can be separately
obtained by maximizing the correspondmg surmmmation
in the right-hand expression, as follows

b () = sgn [R{BLFICEx(m))]  (2)
where we have previously obtained that
(W' CTxu(m) = by (m) (e )" (33)

K
+ Be(hD)EFICTy m Zbl 'm) (hy F'CYC Fh,)
g=1

where,  the quantities (B , ()@ and
(hyF1CTCIFh;)l} in (33) are given by (23), (25)
and (28), respectively. Note that it was shown in [4]
that for large observations frame M, tr [E(’) [k, j]:l ~0

compared to tr [u[s}[k]ulsj[j] ] That is,

lim (FICLCn)Y ~ [l Rl )]

Tn—o00

= pfk]t ) = ()R] (34)

Note that the identity on the rlght hand side of (34)

follows from the facts that lL(s DA \I'p ) and OO0 =
Discarding the second term, we finally have

B m) = sen [R B m)lu? WIP0 - B0

K
+ BT y(m)— S ol mpe;u)| o - (35)
i=lj#k

As a conclusion, Equation (35) can be interpreted as
joint channel estimation and data detection with partial
interference cancelation. At each iteration step during
data detection, the interference reduced signal is fed into
a single user receiver consisting of a conventional coher-
ent detector. As a result, a K -user optimization problem

has been decomposed into K independent optimization
problems which can be resolved in a computationally
feasible way. Finally we remark that this paper is an
extension of the work presented by Fleury to the problem
of joint channel estimation and data detection for the
uplink multicarrier CDMA  systems operating in the
presence of the frequency selective channels[4]. Fleury
and Kocian investigates the same problem for the uplink
Direct Sequence CDMA systems in the presence of flat
fading channels.

B. SAGE-JDE Receiver

The SAGE algorithm proposed by Fessler et al. [9]
is a twofold generalization of the EM algorithm. First,
rather than updating all parameters simultaneously at
iteration 4, only a subset by of b indexed by k=k[i] is
updated while keeping the parameters in the complement
set by £ b\by fixed; and second, the concept of the
complete data x is extended to that of the so-called
hidden data Y to which the incomplete data y is related
by means of a possibly nondeterministic mapping X
y(x}). exhibiting some particular property. A hidden
data space would be a complete data space for by, in the
EM framework, if by were known [9]. The particular
property of the mapping X +— y(X) guarantees that
the SAGE algorithm exhibits the monotonicity property,
as well.

The convergence rate of the SAGE algorithm is usu-
ally higher than that of the EM algorithm, because the
conditional Fisher information matrix of X, giveny for
each set of parameters by is likely smaller than that
of the complete data x, given y for the entire space
b. The SAGE algorithm, a generalized form of the
EM algorithm [6], allows a more flexible optimization
scheme and sometimes converges faster than the EM
algorithm. Our main ob_;ectlve to estimate the transmitted
symbols b = {bx(m }k 1. m=1 for each user k, based
on observed data y. The complex channel responses h =
[hy, hy, .- - hg]7 are treated as nuisance parameters. In
the SAGE algorithm, we view the observed data y as
the incomplete data. At each iteration 7, only the data
sequence by = [bk(1),bx(2), -, bk (M)] of b indexed
k = k(i) =i mod K is updated while keeping the data
sequences in the complement set by fixed. by is the
vector obtained by canceling the components of by in
b. Then a natural choice for the so-called “hidden-data”
set would be x = (y,h).

The SAGE algorithm is defined by the Expectation(E)
and Maximization(M) steps as follow: At the ith iteration
the E-step computes

Qx (bkib“)) =E {1ogp(x;bk,b§.j)1y,b<i>} (36)



In the M-step,only by is updated as

i) = argmaxQu(bip®) (7
(i4+1)  _ (2)
b = b! (38)

Given the complete data set x, the loglikelihood func-
tion of the parameter vector b to be estimated can be
expressed as

log p(x|b) = log p(y, h|b), (39)

From (2), the term log p(y |b, h) in (39) can be expressed
as
t

M K
logp(y[b, h)~ > 2R { { Y b;(m)C;Fh; | y(m)

m=1 j=1

| Zb )C,Fh; | y(m)|*. (40)

Inserting (40) in (5), we have for Qx(bx|b®)
Qu(belb®) = Zbk m)R{ (b)) 'F' Cly (m)

K
— > b(m)(BIFICIC;Fhy)} @)
J=1j#k
The M-Step can be performed by maximizing each
summand of the right-hand side expression individually
in (41). After some algebra the final result is as follows.

b‘(€i+1)(l) = sgn[gt{[(h;‘c)mFTCE)’(m)

—me )(hyFtCTC;Fh;) )} (42)

we ﬁnally have

bit (m) = sgn[R{py’ 5] R [y(m

K
S m) e N 43)
i=lj#k

According to (43), the tentative decisions of the bits are
used to calculate an estimate of the MAI which is likely
to be increasingly reliable with iteration 1.

IV. SIMULATIONS

In this section, performance of uplink MC-CDMA
system based on proposed receiver operating over fre-
quency selective channels is investigated by computer
simulations . In simulations, it is assumed that all the

users receive the same average signal power. The orthog-
onal Walsh sequences are selected as spreading code and
the processing gain equals to the number of subcarriers,
N, = 16. The number of users selected is U = 16 and
each user sends frame over the mobile fading channel
which is composed of T preamble bits, and F data
bits. Wireless channels between mobiles antennas and
receiver antenna are assumed to be complex gaussian
channel of length L and it has distribution N (0, Ch).

In the the receiver, the initial MMSE channel estimate
is obtained by using T preamble bits while channel
covariance matrix Cp, is assumed to be known. Initial
MMSE estimate of F' data bits is computed from the
observation of y while assuming the channel coefficients
have already been estimated. We refer to this method
for obtaining h and b as MMSE separate detection
and estimation (MMSE-SDE) scheme. If the output of
the (MMSE-SDE) is applied to a parallel interference
cancelation (PIC) receiver or the SAGE receiver, the
resulting receiver structures are referred to the Com-
bined MMSE-PIC and the SAGE-SDE, respectively. All
of these schemes are based on separate detection and
estimation methods and their performances are limited
by the number of preamble bits, employed. Moreover, we
also determined the performances of the MMSE-SDE,
Combined MMSE-PIC and SAGE-SDE receivers for the
perfect channel state information case that are referred
to CSI-MMSE, CSI-Combined MMSE-PIC, CSI-SAGE-
SDE respectively.

Fig.1 compares the BER performances of the proposed
EM-JDE, SAGE-JDE approaches with the MMSE-SDE,
Combined-MMSE-PIC, CSI-MMSE, CSI-Cornbined
MMSE-PIC and the CSI-SAGE-SDE schemes. For
fair comparison, we simulated Combined-MMSE-PIC,
SAGE-SDE, EM-JDE, SAGE-JDE, CSI-Combined
MMSE-PIC and CSI-SAGE-SDE receivers employing
only 6 iterations. It is observed that the proposed JDE
outperforms the all the SDE approaches while channel
is unknown by the receiver. Moreover, it is observed that
the performances of EM-JDE and SAGE-JDE approach
the performances of CSI-Combined MMSE-PIC and
CSI-SAGE-SDE receivers at higher Eb/No values.

In Figs. 2, the average BER performances of the
EM-JDE and SAGE-JDE receivers are presented as a
function of the number of iterations for the different
number of preamble bits, chosen. It is concluded from
these curves that the BER performance of the EM-based
algorithms converge within 5-6 iterations. Also the cause
of performance differences between these approaches is
twofold. First, that short preamble lengths provide poor
initial estimates, resulting in a more BER performance
degradation in the EM-JDE as compared to the SAGE-
JDE system. Secondly, the channel coefficients are up-
dated only every stage in the EM-JDE scheme, rather

.
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Fig. 1. BER performance in frequency selective channels
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Fig. 2. Convergence of BER with respect to number of iterations
(F=20,L=5,U=16)

that K times as performed in the SAGE-JDE receiver,
However, for longer preamble lengths it is observed
that the performance difference between EM-JDE and
SAGE-JDE tends to decrease. On the other hand it was
shown in [7], [8] that that for longer preamble lengths the
combined MMSE-PIC receiver performance approaches
to that of the EM-JDE and SAGE-JDE methods. As a
result, we conclude that it is more advantages to adopt
the SAGE based algorithms in receivers employing pilots
of short lengths.

V. CONCLUSIONS

We presented two efficient iterative receiver structures
of tractable complexity for joint multiuser detection
and multichannel estimation (JDE) of direct-sequence
code-division multiple-access signals. The schemes re-
sult from an application of EM and SAGE. algorithms,
respectively. The EM-JDE receiver updates the data bit
sequences in parallel, while the SAGE-JDE receiver
reestimates them successively. The channel parameters
are updated in parallel in both schemes. A closed form
expression was derived for the data detection which
incorporates the channel estimation as well as the partial
interference cancelation steps in the algorithm. It was
concluded that few pilot symbols were sufficient to ini-
tiated the EM and SAGE algorithms very effectively. A
comparison with other previously known receiver struc-
tures was also made. In known channel, we observed
that all schemes perform almost similarly. However,
computer simulations demonstrated the effectiveness of
the proposed algorithms in terms of BER performances
when the channel needs to be estimated. We conclude
that the robustness of the EM-JDE and SAGE-JDE which
smartly combine the data detection and channel esti-
mation in multiuser systems, unlike architectures where
both process are implemented separately. On the other
hand, we observed that EM is faster algorithms than the
SAGE
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An Efficient Joint Data Detection and Channel
Estimation Technique for Uplink MC-CDMA
Systems Based on SAGE Algorithm

Erdal Panayirci, Hakan Dogan, Hakan A. Cirpan, Bernard H. Fleury

Abstract

This paper is concerned with joint channel estimation and data detection for uplink multicarrier code-division
multiple-access (MC-CDMA) systems in the presence of frequency fading channel. The detection and estimation
algorithm, implemented at the receiver, is based on a version of the expectation maximization (EM) technique,
called the spece-alternating-generalized-expectation-maximization (SAGE) algorithm which is very suitable for the
the multicarrier signal formats. Application of the SAGE algorithm to the problem of iterative data detection and
channel estimation leads to a receiver structure that also incorporates a partial interference cancelation. Computer
simulations show that the proposed algorithm has excellent BER end estimation performance.

Index Terms: Joint data detection and channel estimation, MC-CDMA Systems, SAGE algorithm.

I. INTRODUCTION

In this paper we consider an efficient iterative algorithm based on the SAGE technique for multi-user data
detection and channel estimation, jointly for uplink MC-CDMA systems in the presence of frequency selective
fading channels. The SAGE algorithm is a broadly applicable approach to the iterative computation of parameters
from intractable and high complexity likelihood functions. An EM approach proposed for the superimposed signals
[1] is applied to the channel estimation for OFDM systems [2], [3] and compared with SAGE version in [4]. As will
be seen shortly, a partial parallel interference cancelation (PIC) is incorporated into the resulting detection algorithm
[5], [6). The work is an extension of [7] in which joint data detection and channel estimation of uplink DS-CDMA
systems were considered in the presence of flat Rayleigh channels. We extend their results for the uplink MC-
CDMA systems with frequency selective channels. The channel estimation becomes more challenging for uplink
systems since each channel between every user and the base station must be estimated rather than estimating a
single channel in case of a downlink transmission.

Notation: Vectors (matrices) are denoted by boldface lower (upper) case letters; all vectors are column vectors;
(.)*, ()T and (.)¥ denote the conjugate, transpose and conjugate transpose, respectively; ||| denotes the Frobenius
norm; I, denotes the L x L identity matrix; diag{.} denotes a diagonal matrix; and finally, ¢r{.} denotes the trace
of a matrix.

II. SIGNAL MODEL

We consider a baseband MC-CDMA uplink system with P sub-carriers and K mobile users which are simul-
taneously active. For the kth user, each transmitted symbol is modulated in the frequency domain by means of a
P x 1 specific spreading sequence c. After transforming by a P-point IDFT and parallel-to-serial (P/S) conversion,
a cyclic prefix (C'P) is inserted of length equal to at least the channel memory (L). In this work, to simplify the
notation, it is assumed that the spreading factor equals to the number of sub-carriers and all users have the same
spreading factor. Finally, the signal is transmitted through a multipath channel with impulse response

L i
hi(t) = ng,z5(t N (1)
k=1
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where L is the number of paths in the kth users channel; gi; and 7y are, respectively, the complex fading processes
and the delay of the kth users ith path. It is assumed that only the second-order statistics of the fading processes are
known to the receiver. Also, fading can vary from symbol to symbol but remains constant over a symbol interval.

At the receiver, the received signal is first serial-to-parallel (8/P) converted, then CP is removed and DFT is then
applied to the received discrete time signal to obtain the received vector expressed as

K
y(m) = Z b (m)CkFhg + w(m) m = 1,2,...,.M V)]
k=1
where bi(m) denotes data sent by the user k within the mith symbol; Cy = diag(ci) with cx = [ck1, Ck1, o) exp]T

where each chip, c;x, takes values in the set {—715, :%F} denoting the kth users spreading code ; F € Cr=L

denotes the DFT matrix with the (k, [)th element given by :%Fe‘ﬂ"“/ P'. and w(m) is the P x 1 zero-mean, i.i.d.
Gaussian vector that models the additive noise'in the P tones, with variance o2 /2 per-dimension.
Suppose M symbols are transmitted. We stack y(m) as y=[y” (1), ..., yT(M)]T. Then the received signal model

can be written as

y= : .. : S I &)
bi(M)C1F - b (M)CkF || hg w(M)

and can be rewritten in more succinct form
y=Ah+w (€]

By using the assumption; hy ~ N(0,Xy,) where Zh, = E[hkhL], we have h ~ N(0,%,) with &), =
diag[zhl PR th].

III. JOINT DATA DETECTION AND CHANNEL ESTIMATION

The problem of interest is to derive an iterative algorithm based on the SAGE algorithm for data detection and
channel estimation jointly employing the signal mode! given by (2). The SAGE algorithm, a generalized form of
the EM algorithm [4], allows a more flexible optimization scheme and sometimes converges faster than the EM
algorithm. Since the SAGE method has been studied and applied to a number of problems in communications over
the years, the details of the algorithm will not be presented in this paper. The reader is suggested to read [8] for
a general exposition to SAGE algorithm and [7] for its application to the estimation problem related to the work
herein.

Our main objective to estimate the transmitted symbols b = {bk(rn,)}f:’j:{m=1 for each user k, based on observed
data y. The complex channel responses {hy} are treated as nuisance parameters. In the SAGE algorithm, we view the
observed data y as the incomplete data. At each iteration 1, only the data sequence by = [br(1),bx(2), - - -, be(M)]
of b indexed k = k(i) = i mod K is updated while keeping the data sequences in the complement set by, fixed. by
is the vector obtained by canceling the components of by, in b. Then a natural choice for the so-called "hidden-data”
set would be x = {(yh hl)‘a (y1h)}

The SAGE algorithm is defined by the Expectation(E) and Maximization(M) steps as follow:

At the ith iteration the E-step computes

Qx (bilb®) = 2 {105 p(x/bi, b1y, b } )

In the M-step,only by is updated as

bt = a.rgmngk(bk[b(i)) 6)
(i.+l) - (i)
b! = b )

Given the complete data set , the loglikelihood function of the parameter vector b to be estimated can be
expressed as ‘

log p(x|b) = log p(y, hib), ®)

where
log p(y, h|b) = log p(y|b, h) + log p(h|b). ©
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We neglect the log p(h|b) term in (9) since the data sequence b and h are independent of each other.
A. Implementation of the Expectation Step (E-Step)

From (2), the term log p(y|b, h) in (9) can be expressed as

M K f K t

logp(ylb,h) ~ > 2R ¢ | Y bi(m)C,;Fh; | y(m)p | { D b;(m)C;Fhy | y(m)|2 (10)
ma==1 j=1 F=1
Inserting (10) in (5), we have for Q(bg|b®)
x (b b) Z b (m)% { (WHYIFICTy(m Z b;(m)(hl F1CT C,Fh,)l (11)
J=1,5#k
where, adopting the notation used in [7],

(B 2 E{nly,b?} (12)
(h{F'CTC,Fhy) 2 E{nlF'CIC,Fhyly,b®} (13)

On the other hand, since w ~ N(0, £%I) and the prior pdf of h is chosen as h ~ N(0,%,), we can write the
conditional pdf’s of h given y and b(® as

p(hly,b®) ~  p(yh,b®)p(h)

~ exp {-—%(y“Ah)T(ymAh) -hTEQIh}. (14)
After some algebra it can be shown that
p(hly, b®) ~ N(u?, 21) as)
where
p = E}EES)A“”)’
=0 - |z, +£§(A(i))TA(i) N (16)

and the matrix A is defined in (3) and (4).
The expectation in (12) can be computed as

(he)¥ 2 E{hgly,b®} = p[x]. (17

To calculate the expectation E{hLFTCECijjiy, b} in (13), define ¥; £ C,F and s; £ ¥ ;h;. It then follows
that

Sy \I’l 0 0 h1
SK 0 0 ‘I’}( hK
£ 2 Elsstly,b®] = E[¥hh! @]y, b®] = 05 @t (19)

Therefore,

E{h]F'CLC,Fh;ly,b"} = Els'sly,b®] = tr {‘-’3( [k, 5]+ p (k] (5] (20)




where, pl) & \Iluf’).
B. Implementation of the Maximization-Step (M-Step)
The M-Step can be performed using eq.(6) and the final result is as follows
K
B () = sgn | R{ | (BDHFICTy(m) ~ Y b (m)(BxF'C C;Fhy)H @1
i=1

where, the quantities (h})/¥ and (hxF1CTC;Fh;)l in (21) are given by (17)and (20), respectively. Note that for
large observations frame M, tr [Zgi)[kz,j]] = 0 compared to tr [u?] [k]uy] [j]f] , [8]. That is

n}Erxm(hkaCEthj)[i} ~ tf[ E}[k]ﬂgl[ﬂf]
= k] W) = (b)) ! @2)

Note that the identity on the right hand side of (22) follows from the facts that ugi) £y /,L}(\f) and \I'L‘I' = —}—,I.
Discarding the second termn, we finally have -

K
b (m) = sgn | R uPT [ym) - Y b (m) Tl l] @

J=1,j¢k

As a conclusion, Equation (23) can be interpreted as joint channel estimation and data detection with partial
interference cancelation. At each iteration step during data detection, the interference reduced signal is fed into a
single user receiver consisting of a conventional coherent detector. As a result, a K -user optimization problem have
been decomposed into K independent optimization problems which can be resolved in a computationally feasible
way. Finally we remark that this paper is an extension of the work presented by [7] to the problem of joint channel
estimation and data detection for the uplink multicarrier CDMA systems operating in the presence of the frequency
selective channels. Fleury and Kocian [7)] investigates the same problem for the uplink Direct Sequence CDMA
systems in the presence of flat fading channels.

IV. SIMULATIONS

In this section, the performance of uplink MC-CDMA systems based on the proposed receiver is analyzed for
frequency selective channels. In computer simulations, we assume that.all users are received with the same power
level. Orthogonal Walsh sequences selected as a spreading code and the processing gain is chosen equal to the
number of subcarriers P = 16. The number of active users are selected as K = 16 and each user sends its data
frame composed of T' preamble bits, and F' data bits, over mobile fading channel. Wireless channels between
mobiles antennas and receiver antenna are assumed to be complex Gaussian channel of length L with N (0, X4).

In the receiver, the initial MMSE channel estimate is obtained by using 7' preamble bits while channel covariance
matrix: X, is assumed to be known;, Initial MMSE estimate of F data bits is computed from the observation vector
y assuming that the channel coefficients were estimated by means of the pilot symbols. We refer to this method for
obtaining h and b as the MMSE Separate Detection and Estimation (MMSE-SDE). In simulations, if the output of
the the MMSE-SDE is applied to the parallel interference cancelation (PIC) receiver which is compared with the
SAGE-JDE, it is referred to the Combined MMSE-PIC Receiver. Moreaver, we also simulated both MMSE-SDE
and Combined MMSE-PIC detectors referred as CSI-MMSE and CSI-Combined MMSE-PIC, respectively for the
perfect channel state information cases.

Fig.1A compares the BER performance of the proposed SAGE-JDE approach with MMSE-SDE, Combined-
MMSE-PIC, CSI-MMSE and CSI-Combined MMSE-PIC. For fair comparison we simulated Combined-MMSE-PIC,
CSI-Combined MMSE-PIC and the EM-JDE receivers for three iterations. It is observed that the proposed EM-
JDE outperforms MMSE-SDE, Combined-MMSE-PIC as well as CSI-MMSE and approaches the CSI-Combined
MMSE-PIC.

To investigate initialization effect on the SAGE-JDE and Combined-MMSE-PIC, we also studied the BER
performance of these algorithms for different preamble lengths presented in Fig.1B It is concluded that low preamble
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Fig. 1. (A) Behavior of #f ; BER performance as a function of used preamble bits (F=20,T=4,L=5)(B)Behavior of the BER performance
as a function of used preamble bits (F=20,L=5)

lengths provide poor initial estimates, resulting in a more BER performance degradation in the Combined-MMSE-
PIC as compared to the SAGE-JDE system. On the other hand for higher preamble lengths it was observed that
performance difference between Combined-MMSE-PIC and EM-JDE decreases because of considerably good initial
estimates of channel coefficients.

V. CONCLUSIONS

The problem of joint data detection and channel estimation for uplink MC-CDMA systems operating in the
presence of frequency selective fading channels was investigated in this work. We presented an iterative approach
based on a version of the SAGE algorithm suitable for superimposed signals. A closed form expression was derived
for the data detection which incorporates the channel estimation as well as the partial interference cancelation steps
in the algorithm. It was concluded that few pilot symbols were sufficient to initiated the SAGE algorithm very
effectively. Computer simulations were presented to demonstrate the effectiveness of the proposed algorithm in
terms of BER performances.
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Joint Data Detection and Channel Estimation for Uplink
MC-CDMA Systems over Frequency Selective Channels

Erdal Panayirci, Hakan Dogan, Hakan A. Cirpan,
Abstract

This paper is concerned with joint channel estimation and data detection for uplink multicarrier code-division multiple-access
(MC-CDMA) systems in the presence of frequency fading channel. The detection and estimation algorithm, implemented at the
receiver, is based on a version of the expectation maximization (EM) technique which is very suitable for the the multicarrier signal
formats. Application of the EM-based algorithm to the problem of iterative data detection and channel estimation leads to a receiver
structure that also incorporates a partial interference cancelation. Computer simulations show that the proposed algorithm has excellent
BER end estimation performance.

Index Terms: Joint data detection and channel estimation, MC-CDMA Systems, EM algorithm, Superimposed signals
I. INTRODUCTION

MC-CDMA transmission through the frequency-selective fading chanmels causes the signal-to-noise ratio (SNR) degradation
and the occurrence of the multiple-access interference (MAI). To eliminate or reduce the resulting performance degradations,
equalization and detection of the received signal can be performed at the receiver based on the complete channel information.
In conventional MC-CDMA systems, MAI mitigation is accomplished at the receiver using single-user or muliti-user detection
schemes [1]. However, multiuser detection scheme is known to increase the bandwidth efficiency of the system drastically,
although its detection complexity grows exponentially with the number of users and the number of multipaths, which makes it
infeasible to implement. Several suboptimal detection techniges have proposed in literature such as linear multiuser detection(2]
and iterative cancelation of MAL either in a successive or parallel way in the received signal prior to data detection (3]. Therefore
data detection and channel estimation should be performed perfectly for a good initialization of the interference cancelation
detector.

In this paper we consider an efficient iterative algorithm based on the Expectation-Maximization (EM) technique for multi-
user data detection and channel estimation, jointly for uplink MC-CDMA systems in the presence of frequency selective fading
channels. As will be seen shortly, a partial parallel interference cancelation (PIC) is incorporated into the resulting detection
algorithm [4]. The work is an extension of [5] in which joint data detection and channel estimation of downlink DS-CDMA
systems were considered based on an EM algorithm in the presence of flat Rayleigh channels. The channel estimation becomes
more challenging for uplink systems since each channel between every user and the base station must be estimated rather that
estimating a single channel in case of a down-link transmission.

Notation: Vectors (matrices) are denoted by boldface lower (upper) case letters; all vectors are column vectors; (.)", (.)T
and (.} denote the conjugate, transpose and conjugate transpose, respectively; ||.|| denotes the Frobenius norm; I, denotes the
L x L identity matrix; diag{.} denotes a diagonal matrix; and finally, tr{.} denotes the trace of a matrix.

I1. SIGNAL MODEL

We consider a baseband MC-CDMA uplink system with P sub-carriers and K mobile users which are simultaneously active.
For the kth user, each transmit symbol is modulated in the frequency domain by means of a P x 1 specific spreading sequence
ck. After transforming by a P-point IDFT and parallel-to-serial (P/S) conversion, a cyclic prefix (CP) is inserted of length
equal to at least the channel memory (L). In this work, to simplify the notation, it is assumed that the spreading factor equals
10 the number of sub-carders and all users have the same spreading factor. Finally, the signal is transmitted through a multipath
channel with impulse response

L
he(t) = Egk,lls(t - Tr,1) 0]
k=1
where L is the number of paths in the kth users channel; gk and 7w are, respectively, the complex fading processes and the
delay of the kth users [th path. It is assumed that only the second-order statistics of-the fading processes are known to the
receiver. Also, fading can vary from symbol to symbol but remains constant over a symbel interval.
At the receiver, the received signal is first serial-to-parailel (S/P) converted, then CP is removed and DFT is then applied to
the received discrete time signal to obtain the received vector expressed as

K
y(m) = 3 b(m)CeFhy + w(m) m=1,2,..., M @

k=1
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where bi(m) denotes data sent by the user k within the mth symbol; Cg = diag(ck) with cx = [ckl,ck;, ...,ckp]T where
each chip, cix, takes values in the set {-—ﬁ, 7‘7;} denoting the kth users spreading code ; F € CP*L denotes the DFT matrix
with the (k,!)th element given by #e'ﬂ"“”’ ; and w(m) is the P x 1 zero-mean, i.i.d. Gaussian vector that models the
additive noise in the P tones, with variance o2 /2 per dimension.
Suppose M symbols are transmitted. We stack y(m) as y=[y7 (1), vy yT(M)]7. Then the received signal model can be
written as
b;(1)C1F -+ bk(1)CkF h w(l)

y= : . : R €)

by (M)C1F --- bx(M)CxF ]| hx w(M)

and can be rewritten in more succinct form
: y=Ah+w @)

By using the assumption; hg ~ N(0, =, ) where 2y, = E[hkh,t], we have h ~ N(0,2y,) with By, = diag[®,,- -, 2k}
[1I. JOINT DATA DETECTION AND CHANNEL ESTIMATION
The problem”of interest is to derive an iterative algorithm based on the EM technique for data detection and channel estimation
jointly employing the signal model given by (2). Since the EM method has been studied and applied to a number of problems in

communications over the years, the details of the algorithm will not be presented in this paper. The reader is suggested to read
[6] for a general exposition to EM algorithm and [7] for its application to the estimation problem related to the work herein.

The suitable approach for applying the EM algorithm for the problem at hand is to decompose the received signal in (2) into
the sum [sumerimposed signals]

K
y(m):Zxk(m), m=1,2--- M ®)
k=1

where
xe(m) = br(m)CkFhi+ wi(m). 6)

xx(m) represents the received signal component transmitted by the kth user through the channel with impulse response hy. The
Gaussian noise vector, wg(m) n (6) represents the portion of w(m) in the decomposition defined by Ef;l w(m) = w(m),
whose variance is Nofk. The coefficients §i determine the part of the noise power of w(m) assigned to xx(m), satisfying
K B=10<B <1

The problem now is to estimate the transmitted symbols b = {bk(m)},{(__’_];"’m___1 and the complex channel responses hi for
each user based on observed data y. In the EM algorithm, we view the observed data y as the incomplete data, and define the

complete data as x = {(x1,), (%1, h1), ..oy (XK, hg )} Where Xk = [k (1), o Xe(M))T for k=1,2,--+, K.

The EM salgorithm:Given the complete data set as x = {(x1,h1), (%1, h1), s (xx.hk)}, the loglikelihood function of
the parameter vector to be estimated b can be expressed as

K
log p(x|b) = Zlog p(xk, helbk) @)
k=1
where
log p(xk, hi [bx) = log p(xk|bk, i) + log p(hi[bk) @®

and, br = [bx(1), be(2), - - - be (M)]. We neglect the log p(hk[by) term in (7) since the data sequence by and hy, are independent

of each other.
The first step to implement the EM algorithm, called the Expectation Step (E-Step), is the computation of the average log-
likelihood function. The conditional expectation is taken over X given the observation y and that b equals its estimate calculated

at ith iteration.

@ (615 = B {log p(xibly. b} )
Taking into account the special form of log p(x!b) in (7), Eq. (8) can be decomposed as
K
Q (blb®) = 3~ Qu(balb®?) ~ (10)

k=1




where
Qulbulb®) = B {logplxe, hulbily. b } an
— £ {logp(xxlbi, hi)ly, b} - (12

Note that (11) follows from (8).
Neglecting the terms independent of by, From (6), log p(xk|bk, hi) can be calculated as

log p(X bk, hie) ~ EM: R{be(m)bLF'CTxk(m)}. . (13)
m=1
Inserting (13) in (12), we have for Qx{bk|b")
Qx(bklb®) = fj R{bx (m) (BLF! CTxi (m))} (18)
et}
o (h{F' CTxu(m)l9 & B {BLF'CTxu(m)ly, b} (1)

(hLF’Cka(m)){i’ can be calculated by applying the conditional expectation rule as
(bl F' CT x(m))? E{hlE(F' CTxx(m)ly, bV, b)ly,b®}

E{hLF'CT E(xx(m)ly, b, b)ly, b} (16)
The conditional distribution of xx(m) given y, h and b = b is Gaussian with mean
E(x(m)ly,b®,h) = (bx(m))"!CxFhe a7
K
+ B (y(m) - (b (m))["chh,)
=1

where (bx(m))? £ E(bx(m)ly, b, h). Inserting (17) in (16) and using the properties F1F = I and CTCi = 41. we can
rewrite (16) as

i

5 1 d i
(bLF'CTxa () = 5 (ou(m) 4 E{bLhuly, b} + AuB(blly, b NEF'CTy(m)

K
— A S (s(m)E{BLFICIC;Fhyly, b®). (18)
j=1#k
On the other hand, since w ~ N(O'EQI) and the prior pdf of h is chosen as h ~ N(0,Zy), we can write the conditional
pdf’s of h given y and b() as

p(hly,b?) ~ plylh,b)p(h)

1 -
~ exp [—;E(y—Ah)’(y-Ah)—h’Eh’h]. a9
After some algebra it can be shown that ) ) ]
p(hly, b¥) ~ N(ul, =) 20)
where
i 1 i 1
#51) = }?EL)A( )ty
. . -1
=0 = [zh-’ + -;—,(A“))*A“)] on

and the matrix A is defined in (3)and (4).
Now let us compute the terms on the right hand side of Eq. (18). We calculate E{thkly, b{?} as

(e & Binlhaly. b9} =[SO K + w1 ] . (22)

where Ty i, j] denotes the (4, )th element of the matrix £1, Second expectation in (18) can be computed as
(h)¥ 2 B{bily, b} = ) [K]. 23)




Finally, to calculate the last expectation E{hlF'CTC;Fh,ly,b®} in (18), define ¥; 2 Q,F, s; & ¥;h;. It then follows
that .

@ 2 Elsstly, b)) = E[¥hh' ¥ ly,b¥] = v et (24)
Tﬁerefore,
E(bLF' CTC;Fhly, b} = Es'sly,b] = [S(k, ] + n k1 L] (25)

where, u{? 2 \Ilugf)

Maximization-Step (M-Step): The second step to implement the EM algorithm is the M-Step where the parameter b is
updated at the (¢ + 1)th iteration according to

K
b+ = arg mng(b[b‘.) = sz(bklb(i)). (26)

k=1

M-Step can be performed by maximizing the terms Qx (bk]b(i)) individually, as follows
bf“) = ar‘g max Qi (bk|bi) @7
k

Moreover, when no coding is used, it follows from (27) that each component of bf:“) can be separately obtained by
maximizing the corresponding summation in the right-hand expression, as follows

b(;’-{-l)(l) = sgn [SR{(hLFtC{Xk(m))I"l }] (28)
We finally have .
B = sen [8? {%b‘:” () ek BRI (1 = )
K
+ AmPT ym) - Y BTl @
j=1,57k

As a conclusion, Equation (32) can be interpreted as joint channel estimation and data detection with partial interference
cancelation. At each incretion step during data detection, the interference reduced signal is fed into a single user receiver
consisting of a conventional coherent detector. As a result, a K-user optimization problem have been decomposed into K
independent optimization problems which can e solved in a computationally feasible way. Finally we remark that this paper
is an extension of the work presented by Fleury to the problem of joint channel estimation and data detection for the uplink
multicarrier CDMA systems operating in the presence of the frequency selective channels.

IV. SIMULATIONS

In this section, the performance of uplink MC-CDMA systems based on the proposed receiver is analyzed for frequency
selective channels. In computer simulations, we assume that all users are received with the same power level. Orthogonal Walsh
sequences selected as a spreading code and the processing gain is chosen equal to the number of subcarriers P = 16. The
number of active users are selected as K = 8 and each user sends its data frame composed of T' preamble bits, and F data
bits, over mobile fading channel. Wireless channels between mobiles antennas and receiver antenna are assumed to be complex
Gaussian channel of length L with N(0, Zx). For all simulations the weight coefficients in (29) are chosen to be equal, ie.,
B =1/K.

At receiver,the initial MMSE channel estimate is obtained by using T" preamble bits while channel covariance matrix X
is assumed to be known. Initial MMSE estimate of F° data bits is computed from the observation vector y assuming that the
channel coefficients were estimated bi means of the pilot symbols. We refer to this method for obtaining h and b as the MMSE
Separate Detection and Estimation (MMSE-SDE). In simulations, if the output of the the MMSE-SDE is applied to the parallel
interference cancelation (PIC) receiver which is compared with the EM-IDE, it is referred to the Combined MMSE-PIC Receiver.
Moreover, we also simulated both MMSE-SDE and Combined MMSE-PIC detectors referred as CSI-MMSE and CSI-Combined
MMSE-PIC, respectively for the perfect channel state information cases.

Fig.] compares the BER performance of the proposed EM-JDE approach with MMSE-SDE, Combined-MMSE-PIC, CSI-
MMSE and CSI-Combined MMSE-PIC. For fair comparison we simulated Combined-MMSE-PIC, CSI-Combined MMSE-PIC
and the EM-JDE receivers for three iterations. It is observed that the proposed EM-JDE outperforms MMSE-SDE, Combined-
MMSE-PIC as well as CSI-MMSE and approaches the CSI-Combined MMSE-PIC.

To investigate initialization effect on the EM-JDE and Combined-MMSE-PIC, we also studied the BER performance of these
algorithms for different preamble lengths presented in Fig.2. It is concluded that low preamble lengths provide poor initial
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Fig. 2. Behavior of the BER performance as a function of used preamble bits (F=40,L=8,U=8)

estimates, resulting in a more BER performance degradation in the Combined-MMSE-PIC as compared to the EM-JDE system.
On the other hand for higher preamble lengths it was observed that performance difference between Combined-MMSE-PIC and
EM-JDE decreases because of considerably good initial estimates of channe} coefficients.

V. CONCLUSIONS

The problem of joint data detection and channel estimation for uplink MC-CDMA systems operating in the presence of
frequency selective fading channels was investigated in this work. We presented an iterative approach based on a version of the
EM algorithm suitable for superimposed signals. A closed form expression was derived for the data detection which incorporates
the channel estimation as well as the partial interference cancelation steps in the algorithm. It was conclude that few pilot
symbols were sufficient to initiated the EM algorithm very effectively. Computer simulations were presented to demonstrate the
effectiveness of the proposed algorithm in terms of BER performances.
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Abstract—In this work, we propose a joint MAP channel
estimation and data detection technique based on the Expec-
tation Maximization (EM) method with paralel interference
cancelation(PIC) for downlink multi- carrier (MC) code division
multiple access (CDMA) systems in the presence of frequency
selective channels. The EM algorithm derived estimates the
complex channel parameters of each subcarriers iteratively and
generates the soft information representing the data a posterior
probabilities. The soft information is then employed in a PIC
module to detect the symbols efficiently.

Moreover, the MAP-EM approach considers the channel varia-
tions as random processes and applies the Karhunen-Loeve (KL)
orthogonal series expansion. The performance of the proposed
approach are studied in terms of bit-error rate (BER) and
mean square error (MSE). Throughout the simulations, extensive
comparisons with previous works in literature are performed,
showing that the new scheme can offer superior performance.

1. INTRODUCTION

MC modulation technique, known also as OFDM (Orthog-
onal Frequency Division Multiplexing), has emerged as an
attractive and powerful alternative to conventional modulation
schemes in the recent past due to its various advantageous. The
advantages of MC which lie behind such a success are robust-
ness in the case of multipath fading, a very reduced system
complexity due to equalization in the frequency domain and
the capability of narrow-band interference rejection. OFDM
has already been chosen as the transmission method for the
European radio (DAB) and TV (DVB-T) standard and is used
in xDSL systems as well. Supporting multiple users can be
achieved in a variety of ways. One popular multiple access
scheme is CDMA . CDMA makes use of spread spectrum
modulation and distinct spreading codes to separate different
users using the same channel It is well known that CDMA
system has an ability to reduce user’s signal power during
transmission using a power control algorithm so that the user
can communicate using a low level of transmitted signal which
closes to noise power level. As a combination of MC and
CDMA techniques, it combines the advantages of both MC
and CDMA [1], [2], [3].

This work was supported by the Scientific and Technical Research
Council of Turkey (TUBITAK) under Grant 104E166.The work was
also supported by the NEWCOM Network of Excellence, a project
funded by the European Commijsion’s 6th Framework Programme
and the Research Fund of the University of Istanbul through project
T-856/02062006.

1525-3511/07/$25.00 ©2007 IEEE

To evaluate the performance of these systems, ideal knowl-
edge of transmission parameters is often assumed known.
Iterative receivers for Coded MC-CDMA promise a sig-
nificant performance gain compared to conventional non-
iterative receivers by using Combined Minimum Mean Square
Error-Parallel Interference Cancellation (Combined MMSE-
PIC) detector[5] assuming perfectly known channel impulse
response. However, the performance of MC-CDMA based
transmission systems under realistic conditions critically de-
pends on good estimate of the parameters, such as the channel
parameters. In [4], different detection schemes were consid-
ered for Least square estimation case as well as perfect channel
case.

The quality of multiple access interference (MAI), which
can be improved by using channel estimation and data es-
timation of all active users, effects considerably the perfor-
mance of PIC detector. Therefore, data and channel estimation
performance is obtained in the initial stage has a significant
relationship with the performance of PIC. So obviously it is
necessary to make excellent joint data and channel estimation
for initialization of PIC detector. Inspired by the conclusions
in [5] and [4], we include channel estimation into the it-
erative receiver yields further improvements. We therefore
consider iterative channel estimation techniques based on the
Expectation-Maximization (EM) algorithm in this paper.

The EM algorithm is a broadly applicable approach to the
iterative computation of parameters from intractable and high
complexity likelihood functions. An EM approach proposed
for the general estimation from superimposed signals [6] is
applied to the channel estimation for OFDM systems and
compared with SAGE version in [7]. For CDMA systems,
Nelson and Poor [8] extend the EM and SAGE algorithms
for detection, rather than for estimation of continues para-
meters. Moreover, EM based channel estimation algorithms
were investigated in [9] and [10] for synchronous uplink
DS-CDMA and asynchronous uplink DS-CDMA systems re-
spectively. Unlike the EM approaches, we adopt a two-step
detection procedure: (i) use the EM algorithm to estimate
the channel (frequency domain estimation), and (ii) use the
estimated channel to perform coherent detection [11], [12].
The major contribution of the paper is to obtain MAP-
EM channel estimation algorithm. The proposed approach
considers the channel variations as random processes and
applies the Karhunen-Loeve (KL) orthogonal series expansion.
The proposed EM-MAP receiver compared with the combined
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MMSE-PIC receiver in the case of LS, LMMSE and perfect
channel estimation[4].

II. DOWNLINK MC-CDMA

Transmission of MC-CDMA signals from the base station
to mobile stations forms the downlink transmission. The Base
station must detect all the signals while each mobile is related
with its own signal. In the downlink applications, all the
signals arriving from the base station to specific user propagate
through the same channel. Therefore, channel estimation meth-
ods that is developed for OFDM systems can be appliciable
for downlink application of MC-CDMA systems [11].

Let b*’s denote the QPSK modulated symbols that would be
send for kth user within mobile cell k = 1,..., K where K is
the number of mobile users which are simultaneously active.
The base station spread the data b*'s over chips of length N,
by means of specific orthogonal spreading sequences, ck =
(ck, ck, ...,c’,‘\,c)T where each chip, c¥, takes values in the set
{~7r %) Then, the spreaded sequences of all users c*b*
are summed together to-formthe input sequences of the OFDM
block. After summation process, OFDM modulator block takes
inverse discrete Fourier transform (IDFT) and inserts cyclic
prefix (CP) of length equal to at least the channel memory (L).
Pilot tones uniformly inserted in OFDM modulated data for
the initial channel estimation [19]. In this work, to simplify the
notation, it is assumed that the spreading factor equals to the
number of sub-carriers and all users have the same spreading
factor.

At the receiver, CP is removed and DFT is then applied to
the received discrete time signal to obtain the received vector
expressed as

R=HCb+W 1

where C = [c!,...,c®] is the N, x K spreading code matrix,
b = [b,...,b5|T is the K x 1 vector of the transmitted
symbols by the K users. H is the N, x N, diagonal channel
matrix whose elements representing the fading of the sub-
carriers are modeled in the next section, W is the N x 1 zero-
mean, i.i.d. Gaussian vectors that model additive noise in the
N, tones, with variance 2/2 per dimension. Note that due to
the orthogonality property of spreading sequences, cT’Cc =1

In this study, our major focus lies on the development of
MAP-EM channel estimation approach based on observation
model (1). However, in the sequel we will first present the
channel model based on KL basis expansions.

III. CHANNEL: BASIS EXPANSION MODEL

The fading channel between the transmit and the receive
antenna is assumed to be frequency and time selective and the
fading processes is assumed to be constant during each OFDM
symbol. Let H = [Hl,Hg,...,HNC]T denote the correlated
channel coefficients corresponding frequency response of the
channel between the transmit and the receive antenna. The
KL expansion methodology has been applied for efficient
simulation of multipath fading channels [14]. Prompted by
the general applicability of KL expansion, we consider in

this paper the parameters of H to be expressed by a linear
combination of orthonormal bases.

H=YG 2)
where ¥ = [19,,v,,- -+, ¥y.], ¥,’s are the orthonormal basis
vectors, G = [G1, --~,GNC}T, and G; is the vector repre-

senting the weights of the expansion. By using different basis
functions ¥, we can generate sets of coefficients with different
properties. The autocorrelation matrix Cy = E [HHT] can be
decomposed as

Cu = TAY 3)

where A = E{GG'} where A of is a diagonal matrix (i.e., the
coefficients are uncorrelated)(3). Then Eq. (3) represents the
eigendecomposition of Cp. The fact that only the eigenvectors
diagonalize Cy leads to the desirable property that the KL
coefficients are uncorrelated. Furthermore, in the Gaussian
case, the uncorrelatedness of the coefficients renders them
independent as well, providing additional simplicity. Thus,
the channel estimation problem in this study is equivalent
to estimating the i.i.d. Gaussian vector G, namely, the KL
expansion coefficients.

IV. EM BASED MAP CHANNEL ESTIMATION

In MC-CDMA system, channel equalization is moved from
the time domain to the frequency domain i.e. the. channel
frequency response is estimated. Although, it is possible to
estimate the channel parameters from the time-domain channel
model (channel impulse response), in our work, time domain
approach introduces additional complexity mainly because the
frequency domain channel parameters are required and directly
employed in the detection process. Moreover, the frequency
domain estimator presented in this paper was inspired by
the conclusions in [15]-[16], where it has been shown that
time domain channel estimators based on a Discrete Fourier
Transform (DFT) approach for non sample-spaced channels
cause aliased spectral leakage and result in an error floor.
Furthermore, our proposed frequency domain iterative channel
estimation technique employs the KL expansion which reduces
the overall computational complexity significantly.

Equation (1) can be rewritten by using the channel expan-
sion to find MAP estimate of G as follows

R = diag(Cb)¥G + W G
The MAP estimate is then given by
G= arg max p(G|R) (5)

Direct maximization of (5) is mathematically intractable.
However, the solution can be obtained easily by means of the
iterative EM algorithm. A natural choice for the complete data
for this problem is x = {R,b}. The vector to be estimated
is G, and the incomplete data is R. The EM algorithm stated
above is equivalent to determining the parameter set G that
maximize the Kullback-Leibler information measure defined

by

QGIG) = p(R,b,G?)logp(R,b,G)  (©)
b
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where G(@ is the estimation of G at the gqth iteration.
This algorithm inductively reestimate G so that a monotonic
increase in the a posteriori conditional pdf in (5) is guaranteed.

Note that, the term log p(R, b, G) in (6) can be expressed
as,

log p(R,b,G) =log p(b| G)+log p(R| b,G)+log p(G). (7)

The first term on the right hand side of (7) is constant, since,
the data sequence b and G are independent of each other and
b have equal a priori probability. The joint probability density
function of G is known by the receiver and can be expressed
as

p(G) ~ exp(-G'AT'G). ®)

Also, given the transmitted symbols b and the discrete channel
representations G and taking into account the independence
of the noise components, the conditional probability density
function of the received signal R can be expressed as,

p(R|b, G) ~exp [- R—diag(Ch ¥G)E (R —diag(CHTG)
®)
where ¥ is an N, x N. diagonal matrix with X[k, k] = a2,
for k=1,2,---,Nc
Taking derivatives in (6) with respect to G and equating the
resulting equations to zero, we have

> p(R,b, G@YT diaghb! CTIE "' R-diagCHTG)-A~'G)=

b
10)

Note that p(R, b, G(9)) may be replaced by p(b | R, G@)
without violating the equalities in (12). Solving Eq.(12) for G,
after taking average over b, the final expression of reestimate
of G(at1) can be obtained as follows:

Gt = (T y sAHTITR D

where
T@ = diag(CT'?) T,

and T = [r@(1), 1@ (2),..., I'@(K)] represents the a
posteriori probabilities of the data symbols at the gth iteration
step where

@ (k)= > bP(F = bR, G). (12)

beSk

' can be computed for QPSK signaling following the
assumptions b = 0 Cp = I [12], [13]:

2 . j 2 -
r<q)=% tanh %RB(Z(‘”)}F% tanh %Im(z(??} (13)
where V ‘
Z(q) — T(,’fﬂ(q) 'H(q) + 0’21)—17:[T(Q)R.

Finally, the data b transmitted by each user can be estimated
at the gth iteration step as

by
0 1

Y

Rx

Pilot Based
Initial estimation

' 1
Calculation of J_ MAP :
Charel |+  PIC

re Estimation

OFDM
Demodulator

.............................................

Fig. 1. Receiver structure for MC-CDMA systems.

1

b(@) = ﬁcsign(f‘("))

(14)

] where “csign” is defined as csign(a+jb) = sign(a)+jsign(b).

Truncation property: The truncated basis vector G can
be formed by selecting r orthonormal basis vectors among all
basis vectors that satisfy Cy¥ = ¥A. The optimal solution
that yields the smallest average mean-squared truncation error
1—\’,: Elele,] is the one expanded with the orthonormal basis
vectors associated with the first largest r eigenvalues as given

1 ok

N, =7 Z As
1=

where €, = G; — Gy ,. For the problem at hand, truncation
property of the KL expansion results in a low-rank approx-
imation as well. Thus, a rank-r approximation of A can
be defined as A, = diag{\1, )2, -, Ar} by ignoring the
trailing N, — r variances {/\l}lN;,, since they are very small
compared to the leading r variances {M}]=1. Actually, the
pattern of eigenvalues for A typically splits the eigenvectors
into dominant and subdominant sets. Then the choice of 7 is
more or less obvious. For instance, if the number of parameters
in the expansion include dominant eigenvalues, it is possible
to obtain a good approximation with a relatively small number
of KL coefficients. '

Complexity: Based on the approach presented in [17], the
traditional LMMSE estimation for H can be easily expressed
as

f = Cy [Cu + S(diag(Ch)' diag(CP) "] ' [diag(Ch)] 'R,

~ -

15)

1 =
Ny Elele;) =

”O(Ng)"comput;;ional complezity

: (16)
Since [Cq + E(diag(Cb)deiag(Cb))“1]—1 change with data
symbols, its inverse can not be pre-computed and has high
computational complexity due to required large-scale matrix
inversion !. Moreover, the error caused by the small fluctua-
tions in Cy and ¥ have an amplified effect on the channel

'The computational complexity of an Ne x Nc matrix inversion, using
Gaussian elimination is O(N3).
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estimation due to the matrix inversion. Furthermore, this effect
becomes more severe as the dimension of the matrix, to be
inverted, increases [18]. Therefore, the KL based approach is
need to avoid large-scale matrix inversion. Using (2) and (11),
iterative estimate of the H with KL expansion can be obtained
as

HED = g(TtT? + ZA-H) TR (7)

However, in this form, complexity of channel estimate is
greater from traditional LMMSE estimate. Therefore, to re-
duce the complexity of the estimator firstly we rewrite equation

(18)

and we proceed with the low-rank approximations by
considering only 7 column vectors of ¥ and T corresponding
to the r largest eigenvalues of A, yielding

HH) = PAATITVA + SA)ATHOR

HEH) = @A, (A, THOTOA, + 3,4,)7 A, TIOR

"O(r3)" computationalcomplexity

(19)
where ¥, in (19) is a r x r diagonal matrix whose elements
are equal to o2, ¥, and T, is an N, x r matrix which can
be formed by omitting the last N, — r columns of ¥ and T
respectively. Equation (19) can be rearrange as folows:

(@) n ETA:l)'_lTI(Q)R.

A = ¢, (11T} (20)

If the number of parameters in the expansion include
dominant eigenvalues (Rank=r), it is possible to obtain an
excellent approximation with a relatively small number of KL
coefficients. Furthermore, the advantage of this algorithm, be-
sides its simple implementation, is that the channel estimation
is instantaneous, since the signal and the pilot are Orthogonal
Code Division Multiplexed (OCDM) and they are distorted at
the same time.

V. PARALEL INTERFACE CANCELLATION (PIC)

Estimated complex QPSK vector b obtained by eq. (14)
passed to a PIC module after last iteration. In this module, the
calculation.of all interfering signals for user k can be writien
as

RJ, =HCb for b*=0. e3))

Interfering signals for user j subtracted from the received-

signal R then passed to the single user detector. Finally, the
PIC detector for jth user can be written as

b = )RR —RE,)] for k=1,..K (22

For the last iteration detected symbols for QPSK modulation
are
Tk 1 . ok
bpic = —ﬁcmgn(bpic) for k=1,...,K (23)
Initialization: Given the received signal R, the EM algo-
rithm starts with an initial value G of the unknown channel
parameters G. Corresponding to pilot symbols, we focus on a
under-sampled signal model and employ the linear minimum
mean-square error (LMMSE) estimate to obtain under-sampled

Society subject matter experts for publication in the WCNC 2007 proceedings.

channel parameters. Then the complete initial channel gains
can easily be determined using an interpolation technique, i.e.,
Lagrange interpolation algorithm. Finally, the initial values
of GE‘O are used in the iterative EM algorithm to avoid
divergence. The details of the initialization process is presented
in {11}, [17].

VI. SIMULATIONS

In this section, performance of MC-CDMA system based
on proposed receivers is simulated for frequency selective
channels. In simulation, we assume that all users receive the
same power. The orthogonal Gold Sequence code selected
as spread code and processing gain equals to the number of
subcarriers. The assumption of a full load system is made
through simulations Fig.[1-2], i.e. the number of active users
K, is equal to the length of the spreading code Ne¢ = 128. We
assume that the rms value of the multipath width is Trme =1
sample for the power-delay profile. With the 7., value chosen
and to avoid ISI, the guard interval duration is chosen to be
equal to 4 sample[17].

The performance merits of proposed structure over other
candidates is confirmed by corroborating simulations. Fig. 2
compares the MSE performance of the EM-MAP channel
estimation approach with a widely used LS and LMMSE pilot
symbol assisted modulation (PSAM)schemes [14], as. wellas
all-pilot estimation for MC-CDMA systems. Pilot Insertion
Rate was chosen as (PIR) =1:8. That is one pilot is inserted
for every 8 data symbols. It is observed that the proposed EM-
MAP significantly outperforms the LS as well .as LMMSE
techniques and approaches the allpilot estimation case for
higher Eb/No values. Moreover, the BER performance of the
proposed system also studied for different detection schemes
in Fig.3. It is shown that BER performance of the proposed
receiver structure is much better that the combined MMSE-
PIC receiver in the case of LS, LMMSE while approaches the
performance of the all-pilot and perfect channel estimation
cases.

The optimal truncation property of KL expansion minimizes
the amount of information required to represent the statistically
dependent data. Thus, this property can further reduce compu-
tational load on the channel estimation algorithm. The optimal
truncation property of the KL expansion is exploited in Fig.4
and BER performances are given versus the number used KL
expansion coefficients for 12 dB. If the number of parameters
in the expansion include dominant eigenvalues (Rank=8), it is
possible to obtain an excellent approximation with a relatively
small number of KL coefficients.

VII. CONCLUSIONS

In this work we have presented an efficient EM-MAP
receiver structure for downlink MC-CDMA systems. This
algorithm performs an iterative estimation of the channel
according to the MAP criterion, using the EM algorithm
employing MPSK modulation scheme with additive Gaussian
noise. Simulation studies have indicated that the MSE and
BER performance of the proposed algorithm well over the
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conventional algorithms and approaches the perfect estimation
case by iterative improvement.
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ABSTRACT

In this paper, we propose EM-based turbo receiver struc-
ture for STBC-OFDM systems in unknown wireless disper-
sive channels, with outer channel coding. The algorithm
iteratively executes joint channel estimation and turbo de-
coding for STBC-OFDM systems. It is clear that good chan-
nel codes are more sensitive to the poorly estimated channel.
With high correlation between the coded bits, a well designed
channel code is more sensitive to channel estimation errors
which might cause severe error propagation in the decoding
process. To understand the behavior of different channel en-
coders, we therefore consider both turbo and convolutionally
coded systems. Moreover, the performance of the proposed
turbo receiver structure is studied for different pilot insertion
rates and doppler frequencies.

1. INTRODUCTION

Iterative procedure based on Expectation-Maximization
(EM) algorithm was also applied to channel estimation prob-
lem in the context of space-time block-coding (STBC) 1, 2]
as well as transmit diversity OFDM systems with or without
outer channel coding (e.g. convolutional code or Turbo code)
13, 4, 5]. In [3], maximum a posteriori (MAP) EM based it-
erative receivers for STBC-OFDM systems with Turbo code
are proposed directly to detect transmitted symbols, as-
suming that fading processes remain constant across sev-
eral OFDM words contained in one STBC code-word.. An
EM approach proposed for the general estimation from su-
perimposed signals [6] is applied to the channel estimation
for transmit diversity OFDM systems with outer channel
code (convolutional code) and compared with SAGE ver-
sion in {4]. Moreover in [5], a modified version of {4] is pro-
posed for STBC-OFDM and space-frequency block-coding
(SFBC)-OFDM systems.

Unlike the EM approaches used in [3, 4, 5}, a non-
data-aided EM-MAP channel estimation algorithm was pro-
posed for SFBC-OFDM sytems assuming channel varies for
every OFDM word [9]. This structure is also generalized for
STBC/SFBC-OFDM systems with mismatch performances
[10]. In this paper, we propose EM-based turbo receiver
structures for turbo/convolutionally coded STBC-OFDM
systems by using EM-MAP channel] estimator.

The main contribution of the paper mainly comes from
the fact that the channel parameter estimation technique
proposed in our paper is for the STBC-OFDM transmitter
diversity systems with outer channel coding. The estima-
tion algorithm performs an iterative estimation of the fad-
ing channel parameters in frequency domain according to
the maximum a posteriori criterion (MAP) as opposed to

This research has been conducted within the NEWCOM Net-
work of Excellence in Wireless Communications funded through
the EC 6th Framework Programme and the Research Fund of Is-
tanbul University under Project T-856/02062006. This work was
also supported in part by the Turkish Scientific and Technical
Research Institute(TUBITAK) under Grant 104E166

the ML approaches adopted in many publications appeared
in the literature. Furthermore, our approach is based on a
novel representation-of the fading channel by means of the
Karhunen-Loeve (KL) expansion and the application of this
expansion to the turbo receiver structures for STBC-OFDM
systems. Note that, KL orthogonal expansion together with
space-time coded system based on the Alamouti orthogonal
design enable us to estimate the channel in a very simple
way without taking inverse of large dimensional matrices,
yielding a computationally efficient iterative analytical ex-
pressions. [9]. Moreover, optimal truncation property of the
KL expansion is exploited in our paper resulting in a further
reduction in computational load on the channel estimation
algorithm. In order to explore the performance of the pro-
posed turbo receivers, we first investigate the effect of a pilot
spacing on the turbo receiver performance by considering av-
erage MSE as well as bit-error-rate (BER). We also analyze
the sensitivity of turbo receiver structures on channel esti-
mation errors.

2. CHANNEL ENCODED STBC-OFDM
TRANSMITTER

As illustrated in Fig.1, the binary information bits {b;}, 1 <
i < N, of random data are encoded by an outer-channel-
code, resulting in a BPSK-coded symbol stream {C}. The
coded symbols are then interleaved by a random permutation
results in a stream of independent symbols {X}of length
2Ng.

The coded symbol vector X can therefore be expressed as
X = [Xo, X1, - ,X2n,-1]T. Resorting subchannel group-
ing, X is coded into two vectors X(2n) and X(2n + 1) by
the space-time encoder as
I

X(2n) = [Xo, Xz, -+, XoNo—4, XoN -2
X(2n + 1) = [X1, Xs, -, Xon, -3, Xone-1]' (1)

]

2.1 STBC-OFDM Systems

In order to compensate for the reduced data rate of turbo
codes, some space-time codes having data rates greater than
one could be employed. However it is well known from liter-
ature that the Alamouti antenna modulation configuration
is the only scheme which retain orthogonality and full rate
when the for complex-valued data as well as the low complex-
ity. As will be seen shortly,orthogonality property is essential
and required condition for the channel estimation algorithm
in our paper. Moreover, orthogonality structure of Alamouti
allows decoupling of the channel and reduces the equalizer
complexity. Furthermore, the Alamouti‘s schemes has been
adopted in several wireless standards such as WCDMA and
CDMA2000. In this paper, we consider the transmit diver-
sity scheme with 2 transmit and 1 receive antennas to provide
a diversity of order 2. The wireless channel is assumed to be
a quasi-static so that path gains are constant over a frame
of Lframe and vary from one frame to another. The channel
frequency response for the kth tone corresponding to the ith
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Figure 1: Transmitter structure for STBC-OFDM with outer
channel coding

transmitter antenna and the receiver antenna is defined to
be channel attenuations H;(k),

Hi(k) = H(k/NT.),k =0,1,--- N, — 1 2)

where Hi(.) is the frequency response of the channel h,(t)
between the lth transmitter and the receiver.

Since the Alamouti’s two branch transmit diversity
scheme with one receiver is employed here, each pair of the
two consecutive received signal can be expressed in vector
form as

R(2n) = X(2n)H.(2n)
+ X(2n+ 1)Hz(2n) + W(2n) (3)
R(2n+1) = -X"2n+1Hi(2n+1)

+ XT(2n)H2(2n+1)+ W(2nr+1)

where R(2n) = [Ro,Ra,---, Rch-le and R(2n + 1) =
[R1, Ra,- -~ ,Rch_I]T and X(2n) and X(2n+1) are an N, x
N, diagonal matrices whose elements X(2n) and X(2n + 1)
respectively. Finally, W(2n) and W(2n + 1) are an N, x 1
zero-mean, i.i.d. Gaussian vectors that model additive noise
in the N, tones and H; = [H;(0), - - -, Hi(N.: ~ 1)]" denotes
the channel attenuations for the N tones between the lth
transmitter and the receiver.

Equation (3) shows that the information symbols X (2n)
and X(2n+1) are transmitted twice in two consecutive time
intervals through two different channels. To simplify the
problem, we assume that the complex channel gains remain
constant over the duration of one ST-OFDM code word, i.e.,
H;(2n) =~ H1(2n + 1) and Hz(2n) =~ H2(2n + 1). In order
to estimate the channels and decode X with the embedded
diversity gain through the rgpeated transmission, for each n,
we define, R = [R” (2n) R¥(2n +1)}J” and write (3) into a
matrix form

R=YH+W (4)
where H = [H] Hj |7, W = [WT(2r) WT(2n + 1)}7 and
X (2 X(2n+1

A = [ —/(\."Z?Zn+1) X£(2n—+)- ) ] ’ (5)

Obviously, channel estimation is very essential for decoding
STBC-OFDM with outer channel encoder. In this paper, a
novel channel estimation algorithm is presented by represent-
ing the discrete multipath channel based on the Karhunen-
Loeve (KL) orthogonal representation and make use of the
Expectation Maximization technique.

3. CHANNEL: BASIS EXPANSION MODEL

Dispersive fading channels are modeled widely by the block
fading channel model|{8}. According to this model, the chan-
nel is assumed to remain constant over a block of a given
size and successive blocks may be correlated or indepen-
dent. This is an approximate model that would be ap-
plied to some of the practical communication systems such
as OFDM, frequency-hopped spread-spectrum (FHSS) and
time-division multiple access (TDMA).

In this paper, it is assumed that the channel is frequency
selective during each OFDM symbol [7] and exhibits time
selectivity over the OFDM symbols according to Doppler
frequency. We consider the Alamouti transmitter diversity
coding scheme, employed in an OFDM system utilizing N,
subcarrier per antenna transmissions. Note that N, is chosen
as an even integer.

Prompted by the general applicability of KL expansion,
we consider in this paper the parameters of H; to be given
by a linear combination of orthonormal bases where H; is
the channel frequency response between the lth transmit an-
tenna and the receive antenna. An orthonormal expansion
of the vector H; involves expressing the H; as a linear combi-
nation of the orthonormal basis vectors as H; = ¥ G, where
U = [y, ,, -, Wy, 1}, ¥;’s are the orthonormal basis
vectors, G = (G 1, -, GI'NE_;]T, and Gy is the weights of
the expansion. By using different basis functions ¥, we can
generate sets of coeflicients with different properties. The au-
tocorrelation matrix Cg, = E [HIHI] can be decomposed
as

Cy, = TAY! (6)

where A = E{GIGI}. The KL expansion is one where A
of (6) is a diagonal matrix (i.e., the coefficients are uncorre-
lated). If A is diagonal, then (6) must be eigendecomposition
of Cy,. The fact that only the eigenvectors diagonalize Cg,
leads to the desirable property that the KL coefficients are
uncorrelated. Furthermore, in the Gaussian case, the uncor-
relatedness of the coefficients renders them independent as
well, providing additional simplicity. Thus, the channel esti-
mation problem in this application equivalent to estimating
the i.i.d. Gaussian vector G; KL expansion coefficients.

The channels between transmitter and receiver in this
paper are assumed to be doubly-selective where, H;(n)’s
have exponentially decaying power delay profiles, described
by 6(n) = Cexp(—7i/7rms). The delays mt are uniformly
and independently distributed over the length of the cyclic
prefix. 7yms, determines the decay of the power-delay profile
and C is the normalizing constant.

For the channel model, normalized discrete channel-
correlations for different subcarriers and blocks of this chan-
nel model were presented in 7] as follows,

1-exp [-L (2= +2mj(k— K'Y N)]

T2 kl = Trms 7
) e Lma N i2n (- BN
ri(nn)=Jo(2n(n — n') fuTy) (8)

where, (k,k’) denotes different subcarriers, L is the cyclix
prefix, N, is the total number of subcarriers. Also in (6)
(n,n’) denotes the discrete times for the different OFDM
symbols, Jo(.) is the zeroth-order Bessel function of the first
kind and fy is the Doppler frequency.

4. TURBO RECEIVER

In recent years, inspired by the development of turbo cod-
ing, various types of iterative channel estimation, detection
and decoding schemes have been proposed in the literature.
These approaches have shown that iterative receivers can

SRR S S R R e

e




offer significant performance improvements over the nonit-
erative counterparts. lterative receiver structure for coded
STBC-OFDM system is illustrated in Fig. 2 [12]. which
uses three submodules to carry on iterative process: Chan-
nel estimation, STBC-OFDM decoding and the MAP outer
channel code decoding.

4.1 EM-Based MAP Channel Estimation

The MAP criterion is used in the fading channel as seen at
the FFT output of the OFDM receiver since the joint prob-
ability density function of the random variables are known
by the receiver and can be expressed as

p(G) ~ exp(~G'ATIGY), 1=1,2. (9)

Given the transmitted signals X as coded according to
Alamouti’s scheme and the discrete channel representations
= [GT,G;]T and taking into account the independence
of the noise components, the conditional probability density
function of the received signal R can be expressed as,

p(RIX,G) ~ exp [—-(R - XTGP E IR - XE'G)] (10)

where I is an 2N, x 2N, diagonal matrix with Xk, k] = a2,
for k=0,1,--+,2N: — 1 and

\f:z[g'?y}. (11)

After long algebraic manipulations, EM-MAP estimate
quﬂ) (1 = 1,2) can be obtained as follows [9]:

[a)

G = (1+xAH) e [x (2n)R(2n)
- X90n+ HREn +1)]
QU = @i xA e [A?T”}(szr 1)R(2n)

+  XPEn)Rn+ 1)) (12)
where it can be easily seen that

I+ A = diag{(1 + 0" /xo)H o, (14 07 Ane-1) 7
and X7(2n) and X?(2n-+1} in (12) is an Ne x N, dimensional
diagonal matrix representing the o posteriori probabilities of
the data symbols at gth iteration step.

Truncation pro : The truncated basis vector Gy
can be formed by ¢ v orthonormal basis vectors
among all basis v fv Cy, ¥ = WA. The opti-
mal solution that Hlest average mean-squared
truncation error one expanded with the

orthonormal basis ve
eigenvalues as given by

Led with the first largest r

(13)
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Figure 2: Receiver structure STBC-OFDM with outer chan-
nel coding

4.2 Tterative Equalization and Decoding

We now consider the STBC-OFDM decoding algorithm and
the MAP outer channel code decoding to complete the de-
scription of the Turbo receiver. Since the channel vectors
or equivalently expansion coefficients are estimated through
EM based iterative approach, it is possible to decode R with
diversity gains by a simple matrix multiplication. Before
dealing with how we resolve decoding, let us first re-express
received signal model (3) as

R=HX+W (14)
where R = [RT(n), R'(2n+1)]7, X = [XT(n), X" (2n+1)]",
W = [W'(n), W'(2n +1)]" and

H1(2n) Ha(2n)
=) sion+1) ~H(@n+1) (15)

where H;(2n) and H;(2n+ 1) I = 1,2 are N. x N. diagonal
matrices
Depending on complexity versus performance tradeoffs,

any linear equalizer can be applied to retrieve X from (14).
In this paper, we consider linear equalizer where the para-
meters are updated using the MMSE criterion. We define
the linear MMSE estimate D of X given the observation R
by

D = X+CxH (HCgH+Cy) ™
x (R -HX) (16)

where X, Cx and Cy, are the mean of 5(, the covariance

matrix of X and the covariance matrix of W respectively.
With a scaled unitary matrix H and approxzmately con-
stant complex channel gains with H2(2n) + H3(2n) ~ 1 as-

sumptions, we can simplify HIH as

HIH= Tan, x2n. (17)

where Ion_x2n, is the 2N x 2NV, identity matrix. Moreover,

following the assumptions used in {13], X =0, Cx =1, (16)
becomes -
=({I+a2D)'HIR . (18)
If we set Cy, = 0 in (16), further simplified form of lin-
ear equahzer called zero forcing (ZF) equalizer is obtained

resulting in B B
D=HR=HHX+n (19)



where n = HIW.

Since we propose a Turbo receiver structure for STBC-
OFDM systems in the paper, it consists of an iterative MAP-
EM channel estimation algorithm, STBC decoder and a soft
MAP outer-channel-code decoder. As shown in Fig.2, first
EM based channel estimator computes channel gains ac-
cording to pilot symbols as described in the initialization
step. Output of the estimator is used in the STBC demod-
ulator (19). Next, the equalized symbol sequence {D} is
passed through a channel deinterleaver, resulting deinter-
leaved equalized symbols sequence {Z}. Finally, {Z} is ap-
plied to a MAP decoder by deinterleaved estimated channel
gains. In the MAP decoder submodule, log likelihood ra-
tio’s (LLRs) of a posteriori probabilities on the coded and
uncoded bits are yielded. In the next iteration, LLRs of
coded bits {T;} are reinterleaved and passed through a non-
linearity. Output of the nonlinearity computes soft value
estimation of X as X in Fig2.

X is used as X9 (2n) and X (2n 4 1) in (12) for next
iteration. Thus, the MAP-EM channel estimator iteratively
generates the channel estimates by taking the received sig-
nals from receiver antennas and interleaved soft value of
LLRs which are computed by the outer channel code de-
coder in the previous iteration. Then, STBC-OFDM decoder
takes channel estimates together-with the received signals
and computes equalized symbol sequence for next turbo iter-
ation. Iterative operation is fulfilled between these three sub-
modules. In all simulations, three iterations are employed.

5. SIMULATIONS

In this section, computer simulations are carried out to eval-
uate performances of the proposed turbo receiver structure
for STBC-OFDM systems. We consider both turbo and con-
volutionally coded STBC-OFDM systems. In case of Turbo
Encoder, two identical recursive systematic convolutional
component codes (RSC) with generator (1,5s/7s) concate-
nated in parallel via a pseudorandom interleaver form the
encoder [14]. For the convolutionally coded system, a (5g,7s)
code with rate 1/2 code was used.

The scenario for STBC-OFDM simulation study consists
of BPSK modulation format. The system has a 2.28 MHz
bandwidth (for the pulse roll-off factor & = 0.2) and is di-
vided inte N, = 512 tones with a total period Ts of 136 us,
of which 1.052 us constitute the cyclic prefix (L=4). The
data rate is 1.9 Mbit/s. We assume that the rms value of
the multipath width is Trms = 1 sample (0.263 us) for the
power-delay profile. In order to choose good initial values
for the unknown channel parameters, the Nps data symbols
{Xk(n)} for k € Sps, in each OFDM frame are inserted
as pilot symbols known by the receiver. The details of the
initialization process is presented in {7}.

Fig. 3 compares the BER performance of the EM-
MAP channel estimation approach with a EM-ML [4]
and widely used LMMSE pilot symbol assisted modula-
tion (LMMSE-PSAM) channel estimation techniques [11]for
turbo coded STBC-OFDM systems in case of pilot insertion
rate (PTR)=(1:8). It can be seen that the proposed EM-
MAP significantly outperforms to EM-ML as well as PSAM
techniques. Moreover, It performs comparable performance
to perfect channel case. On the other hand, it should be
noted that EM-MAP and LMMSE outperforms EM-ML but
require the knowledge of channel statistics. Similar results
was given in figure Fig.4 as MSE performance of Channel
estimator with the modified Cramer Rao Bound (MCRB)
(9}

The sensitivity of a good channel code to imperfect chan-
nel estimation is obvious. With high dependence between
the coded bits, a good channel code is also more sensitive to
channel estimation which might cause severe error propaga-

tion in the decoding process. Therefore, in Fig.5 we inves-
tigate Channel estimation algorithm performances for con-
volutionally coded STBC-OFDM systems. We demonstrate
EM-MAP channel estimation advantage just well over EM-
ML techniques but not LMMSE technique for convolution-
ally coded systems.

Moreover, In Fig.6 and Fig.7 sensitivity to chan-
nel parameter estimation errors is investigated for
Turbo/Convolutionally coded STBC-OFDM systems as a
function of PIRs {1:8,1:16,1:32) for f4 = 50 and fq = 200
respectively. More performance degradation in turbo coded
systems compared to convolutionally encoded systems is ob-
served since lower pilot insertion rates provide poor initial
estimates.
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Figure 3: BER performance of channel estimators for Turbo
coded STBC-OFDM systems (fq = 50, PIR==1:8)

Figure 4: MSE performance of channel estimators for Turbo
coded STBC-OFDM systems (fs = 50, PIR=1:8)

6. CONCLUSION

In this paper, a low-complexity EM based MAP channel es-
timation algorithm based on a novel representation of the
fading channel by means of the Karhunen-Loeve (KL) ex-
pansion has been proposed for Turbo/Convolutionally coded
STBC-OFDM systems. It was demonstrated that the pro-
posed EM-MAP significantly outperforms to EM-ML as well
as PSAM techniques while approaches Perfect Channel sit-
uation for Turbo coded STBC-OFDM systems. Moreover,
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Figure 5: BER performance of channel estimators for Convo-
lutionally coded STBC-OFDM systems (fz = 50, PIR=1:8)
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Figure 6: BER performance of the EM-MAP algorithm for
Turbo/Convolutionally coded STBC-OFDM systems as a
function of PIRs (fa = 50)

sensitivity to channel estimation errors of turbo receivers
are investigated for turbo coded and convolutionally coded
STBC-OFDM systems. As a final remark, it has been shown
that receiver with turbo codes perform well over convolu-
tional coded receiver structures assuming channel estimation
performance is sufficient.
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ABSTRACT

In this paper, a computationally efficient algorithm is pre-
sented for tracing phase noise with linear drift and blind data
detection jointly, based on a sequential Monte Carlo(SMC)
method. TFacing of phase noise is achieved by Kalman fil-
ter and the nonlinearity of the observation process is taken
care of by unscented filter rather that using extended Kalman
technique. On the other hand,SMC method treats the trans-
mitted symbols as “ missing data” and draw samples sequen-
tially of them based on the observed signal samples up to
time t. This way, the Bayesian estimates of the phase noise
and the incoming data are obtained through these samples,
sequentially drawn, together with their importance weights.
The proposed receiver structure is seen to be ideally suited for
high-speed parallel implementation using VLSI technology.

1. INTRODUCTION

The problem of carrier phase synchronization is of great im-
portance in coherent digital communication systems. A con-
siderable amount of research has been carried out for data
detection in the presence of the time-varying phase noise as
well as the fixed phase offset [1]. Estimating the phase off-
set and detecting the data jointly by maximum likelihood
(ML) technique does not seem to be analytically tractable.
Even if the likelihood function can be evaluated offline, how-
ever, it is invariably a nonlinear function of the parameter
to be estimated, which makes the maximization step (which
must be performed in real-time) computationally infeasible.
A number of suboptimal algorithms have thus been proposed,
most of which employ a two-stage receiver structure with a
phase noise estimation stage followed by the data detection
{2]. Phase synchronization is typically implemented by a deci-
sion directed{or data aided) or non-decision directed (or non-
data aided). Decision directed schemes depend on availability
of reliably detected symbol for obtaining the phase estimate,
and therefore, they usually require transmission of pilot or
training data. However, in applications where bandwidth is
the most precious resource, training data can significantly

This research has been conducted within the NEWCOM Net-
work of Excellence in Wireless Communications funded through
the EC 6th Framework Programme. This work was also supported
in part by the Turkish Scientific and Technical Research Insti-
tute(TUBITAK) under Grant 104E166 and the Research Fund of
the University of Istanbul under Project: UDP-732/05052006.

reduce the overall system capacity. Thus blind or noy.

dat,
aided techniques become an attractive alternative {3 4 a
1 .

Unlike data-aided techniques, non-data-aided methodsg do
not require knowledge of the transmitted data, and insteaq
they exploit statistics of digital transmitted signal. ML esti:
mation techniques can also be used in non'dECiSiOWdirected
methods if the symbols transmitted are treated as random
variables with known statistics so that the likelihood function
can be averaged over the data sequence received. Unforty-
nately, except for few simple cases, this averaging process s
mathematically impracticable and it can be obtained only by
some approximations which are valid only either at high or
low SNR values [5].

On the other hand, in order to provide an implementap]e
solution, recently there have been a substantial amount of
work on iterative formulation of the parameter estimation
problem based on the Expectation-Maximization (EM) tech-
nique [6]. It is known that the EM algorithm derives itera-
tively and converges to the true ML estimation of thege un-
known parameters. The main drawbacks of this approach are
that the algorithm is sensitive to the initial starting valueg
chosen for the parameters, it does not necessarily converge to
the global extremum and the convergence can be slow, Fyr.
thermore, in situation where the posterior distribution must,
be constantly updated with arrival of the new data with Imiss-
ing parts, EM algorithm can be highly inefficient, becayse the
whole iteration process must be redone with additionz] data,
The sequential Monte Carlo(SMC) methodology [7] that ha.;
emerged in the field of statistics and engineering has shown
great promise to solve such problems. . This technique can
approximate the optimal solution directly without €ompro-
mising the system model. Additionally, the decision made at
time t does not depend on any decisions made previously, and
thus, no error is propagated in their implementation, More
importantly, the SMC yields a fully blind algorithm and a)-
lows for both Gaussian and non-Gaussian ambijent, noise ag
well as high-speed parallel implementations, Furthermore
the tracking the time-varying phase noise and the data detec.’
tion are naturally integrated. The algorithm is self-adaptive
and no training/pilot symbols or decision feedback are needed
(8]

The main objective of this paper is to investigate the use
of the SMC method to the problem of jointly detecting the
data and tracking the phase noise- with linear drift jp the
presence of white Gaussian noise. The algorithm is based on



a Bayesian formulation. The tracking of phase noise is imple-
mented by a Kalman filter algorithm. Rather than applying
the extended Kalman algorithm, an unscented filter technique
is employed to handle nonlinearity of the observation process.
On the other hand, the basic idea SMC method is to treat the
transmitted symbols as “missing data” and to sequentially
draw samples of them based on the current observation and
computing appropriate importance sampling weights. The
technique does not require iterations and updating with new
data can be done cheaply.

2. SYSTEM DESCRIPTION

We consider a digital communication system in the pres-
ence of random phase noise and the additive Gaussian noise.
The input binary information bit d; are encoded using some
channel code, resulting in a code bit stream b;.. The code
bits are passed to a symbol mapper, yielding complex data
symbols s,, which take values from a finite alphabet set
A = {a1,a2, +,0a,4(}, where |A| represents the cardinality
of the set A. Each data symbol is then transmitted through
a channel whose input-output relationship is given by

Yt =siew‘ + 1, t=0,1,--- (1)

where 3., 84, 0,, are the received signal, the transmitted sym-
bols and the phase noise, respectively, and n: the additive
complex Gaussian noise with mean zero and the variance
o2 = E[jn:|?]. The phase noise process 8, at tth sampling
instant is defined as a Wiener process determined as

6, = Gy1 + e, t=1,2,.-- (2)

6o ~ uniform(-m,+)

where {1} is a sequence of independent and identically dis-
tributed (i.i.d.) zero-mean random variables with variance
equal to 2. Note that as Wiener phase noise is the accumu-
lation of white noise, its variance increase linearly with t. It
is assumed that u, and n,; are independent.

Our main objective is to solve the problem of online de-
tection of the symbols s, and estimation of the phase noise
6, completely blindly, based on the received signals up to
time t, {y:}i=o. Defining the vectors, S; = [s0,51,+++,8¢7,
Ye = [vo, v, - w7, 0 = [60,61, - ,8:]7, the the problem
may be formulated by making Bayesian inference with respect
to the posterior distribution

t

P(8e, SelY 1) o p(B0)p(S0)p(volbo, 50) | | p(8165-1)p(ws165 55)

j=1

1 .
o p(Be)p(S:) exp (";EIUO _ 506390‘2)

t
1 1 i0;
x HGXP (—;3'(9:‘ —8;-1)" - —lvi =8¢ ’|2) :
=1

Although this joint distribution can be written out explic-
itly up to a normalizing constant, the computation of the
corresponding marginal joint distributions p(s:,6:Y":), nec-
essary for online joint symbol detection and phase noise es-
timation involve very high dimensional integration. There-
fore, the task is mathematically infeasible in practice. The

Gibbs samples [9] is a Monte Carlo method for overcoming
this difficulty. However it is not an adaptive procedure and
has difficulty dealing with sequentially observed data. With
new data coming the whole computation must be repeated
to incorporate new information. we now present an adaptive
blind algorithm for the joint symbol detection and the phase
noise estimation which is based on a Bayesian formulation
of the problem called Sequential Monte Carlo(SMC) method
first developed by [9].

Consider the case of uncoded system, where the symbols
are assumed to independent and identically distributed, i.e.,

P(S¢=az|St.—1) :P(Si :a-;),a-; €A . (3)

For simplicity the symbols are chosen from a QPSK con-
stellation.When no prior information about the symbols is
available, the symbols are assumed to take each possible value
in A with equal probability, i.e., P(s; = a;). = 1/{Al. Since
we are interested in jointly estimating the symbol s; and the
phase noise 8;, at time ¢ based on the observation Y, the
Bayes solution requires the posterior distribution

ps1,0:Y1) = /P(MY:ySt)P(Stle)dSt_x. (4)

Note that with a given Sy, the nonlinear (Kalman filter)
model (1), (2) can be solved using the extended Kalman filter
(EKF) technique [10] by linearizing the observation equation
(1) {8]. The EKF is the most widely used estimation algo-
rithm for nonlinear systems. However, the long past experi-
ence has shown that it is difficult to implement, difficult to
tune, and only reliable for systems that are almost linear on
the time scale of the updates. Many of these difficulties are
mainly due to the linearization process inherent in the EKF
technique. To overcome this limitation, the unscented filter-
ing (UF) technique was developed as a method of propagate
mean and covariance information through nonlinear trans-
formation. It was shown that it is more accurate, easier to
implement and uses the same order of calculation as lineariza-
tion. Therefore, we apply in this paper the UF technique for
solving the Kalman filtering part of our problem. However,
before the details of the Kalman algorithm is given, the UF
technique is explained briefly in the following section.

3. THE UNSCENTED FILTERING

The Unscented Filtering is a technique for calculating the
mean and covariance of a random variable which undergoes
a nonlinear transformation. The details of technique can be
found in [14) and is summarized as follows: Suppose that =
is an n x 1 dimensional random vector with mean pg and
covariance Pxz. A second random variable , y is related to
x through the nonlinear function

y = P(z).

The mean pyy and covariance Pyy of y can be calculated as
follows: The n-dimensional random vector x with mean pgp
and covariance Py is approximated by 2n + 1 points x;,
called the sigma-points, and the weights W; given by

Xo = Mz Wo = r/(n+ k)

R




Wi =1/2(n+ k)
Witn = 1/2(n + k)

bz + (v (n+ K)Pzxz),,

i

Xi

Xitn = Hg —(v/(n+ ")sz)g

where &k € R and (y/(n+ x)Pxx): represents the ith row
or column of the matrix square root of (n + «)Pxzx and W;
is the weight which is associated with the ¢th point. The
transformation procedure is as follows:

1. Obtain the set of transformed sigma-points,

yﬁ:w(xi)) 1=0,1,---,2n

2. Compute the mean given by the weighted average of the
transformed points

2n
py = W

i=0

3. Compute the covariance by the weighted outer product of
the transform points,

Pyy =% Wi — ty) (M — big)'
=0

The detailed properties of the algorithms can be found in
{14]. Note that & in the algorithm provides an extra degree
of freedom to adjust the higher order moments of the approx-
imation and can be used to to reduce the overall prediction
errors. It was shown in [14] that when x is Gaussian, a useful
choice of the x is kK =n — 3.

4. KALMAN FILTERING BASED ON
UNSCENTED TRANSFORMATION

The phase noise process (1) is a Gaussian process. Hence,
(61|81, Y1) ~ N(uo, (51),05,(S1)), (5)

where the mean e, (S:) and the variance o3, (S¢) can be ob-
tained as follows. Denoting @;t,l as the estimator of #; based
on the observations Y;—1 = (yo,y1 -, %-1) and

e

~ A
po,(Se) =6y, and 07, (S:) = My, (6)
/91“ and M, can be calculated recursively by using the
Kalman Technique [10, page 449-452] along with the un-

scented transformation, given §; as:

)9\1}1 = @:31—1 + Ky (7)
Mm = Mtxt—l - Kthl’;lc/—lK; (8)
Vo= Y at}t—l (9)
Ky = Mf[‘t’—l(MLU{f—l)-lv (10)
where
Myl = E (v = Ge1) e = Gjer) [V o1
A’Is‘{q = E [(91 - §t[t—l)(yt - @\tlt~1)*tyt~1~]

In order to implement the Kalman filter algorithm given
above, one needs to compute

e Prediction of the new state of the phase noise /H\m_,l and
its variance My

e Prediction of the expected observation yt!t‘l and the in-
novation variance My},

e Prediction of the cross correlation Mf,'{-l.

Note that, since the state equation (2) is linear we can easily
obtain ;1 and My, as follows:

th-l =
Mt[t—l =

B 1y-1

2
Mt[tvl + Ty

Furthermore, it can be easily shown from (1) and (2) that

ﬂt]t~1 E{exp (j0:)]Y 11} (13)
Mijl, = 1+ ok = Tyel? (14)
M = E{8iexp(=38)Y -1} = FusByeey. (15)

The expectations above can be computed by the unscented fI-
tering technique as follows: Since the 8;’s are one-dimensional
and Gaussian, three sigma-points would be sufficient to im-
plement the algorithm. The three sigma points and the cor-
responding weights are chosen according to the general for-
mulation explained in Section 3 as

eiﬂ)_l = l9¢|t—17 WO = K/(l + K)
efqlt)q = gtlt_l + m, Wi =1/2(1 + )
@E;zt)_l = Oyer — /(1 + &) My_y, Wy = 1/2(1 + &).

Note that since 0, is Gaussian, and n = 3, the value of & = 0
as pointed out in Section 3. Therefore Wy = 0 and the only
following two sigma-points are sufficient to implement the
algorithm.

@illt),l = Oyre1 +/ M1, Wi =1/2 (16)
@gft)_.l = i1~/ M1, Wy =1/2 (17)

We now summarize the algorithm to compute the expec-
tations (13) and (15).

1. Select the two sigma points 65?2_1,65;1}“1 according to
(16) and (17).

2. for i = 1, 2, compute the transform sets

YO = exp(jOf_)
Z() (%) NG
z = @a;t-leXp("]@ut)—J

3. Compute

2
Peprer = Z w,y®
i=1

2
[ S ~ -~
qu—l = Z"Viz( . yl[f.—lgt[t—l
i1
Hier = 140l = gy



5. SMC TECHNIQUE FOR BLIND DETECTION
AND ESTIMATION

We can now make timely estimates of §; and detection of s,
based on the currently available observation Yy, up to time t,
blindly, as follows. With the Bayes theorem, we realize that
the optimal solution to this problem is

= / [/ 91?(91,151,},{,)(191:' p(St‘Yl),dSl‘
S LJa, )
re, (S¢)
It then follows that
b= BOIY ) = [ o (SOSIY OIS (19
t

Similarly, the data can be detected by the hard decisions on
the symbol s;: by

8 = arg max P(sy = ailYy) (20)
a; €

where

P(st=a,'|Yg)=E{l(st=a,~)lY¢} . (21)

1{.} in (21) is an indicator function defined as
1 if Sy = Q4
st = ai) { 0 otherwise.

In most cases, an exact evaluations of the expectations (19)
and (21) are analytically intractable. SMC technique can
provide us an alternative way for the required computation.
Specifically, following the notation adopted in [11], if we can
draw m independent random samples {S fj )};7;1 from the dis-
tribution p(S:|Y:), then we can approximate the quantities
of interest E{6]Y,} and E{1(s: = a:)|Y;} in (11) and (13),
respectively, by

BlOIY ) = — 5 i (SP) (22)
E{1(s¢ = a))[Y o} = % Sus =a)  (29)

But, usually drawing samples from p(S:|Y ) directly is usu-
ally difficult. Instead, sample generation from some trial
distribution may be easier. In this case, the idea of impor-
tance sampling can be used. Suppose a set of random sam-
ples {S?’};":l is generated from a trial distribution q(S:|Y":),
which

-is strictly positive, ¢(.{.) > 0, and

¢ has the domain as p(.|.).

By associating the weight

W) = PEPIYY

Y asPlyy) 29

to the samples, the quantities of interest, E{1(s; = a;)|Y ¢}
and E{6;]S:} can be approximated as follows.

0
l)_.
NE
¥
X
g

t v
1 m

E{i(se=a)lY} = g D 1 =a)u, i=12,.,14
j=1

with W, = waj), The pair (SEj),wfj)),j =1,2,---,m is
called a properly weighted sample with respect to distribution
p(8:]Y1). Note that the samples Ssj) can be drawn from the
distribution ¢(S.|Y ;) sequentially as follows. We can choose
g(.) to satisfy

q(S¢_1|Y1) = Q(Si—l‘yt—l)‘
Then, it can be easily shown that
Q(St|yl) = Q(St|Yt,St—l)q(st-1|yt~1),

and one can draw samples sij) from a trial distribution
q(stlYi,SE{)l) and let SE” = (sij),S&)l) for t = 0,1,
Specifically, it was shown in {11] that a suitablechoice for the
trial distribution is of the form:

a(s]Y 1, 89) = p(s.]Y1,82) . (26)

For this trial distribution, it is shown in {11} that the impor-
tance weight is updated according to

w? = w? p|Y 1, 87), t=01,- (27)

The predictive distribution in (27) is given by

(Y o1, SP) S puelYeo1, 8P, 5¢ = @) P(se = ail ¥ i1, S7y)

a; €A

=Z p(a|Y o1, 8P, s = ai)P(si = ai)
ai€A

“where (28) holds because s; is independent of S;-; and Y.

Furthermore, it can be shown from the state and observation
equations in (1) and (2),respectively, that

plY i1, 82, se = ai) ~ N(u$) (3), 030 (0))  (29)
with mean and variance given by
w6 = E{wlY i, 87, s = ai}
= a(Hpl +Qu) (30)
3 (i) Var{ge|Y -1, 57, s = ai}
= azf{)l +ol4 0,2, (31)

where the quantities g () and 0,25 in (30)and (31) can

be computed recursively for the Extended Kalman equations
given in (7-8). The trial distribution in (30) can be computed
as follows:

PwelY o1, 87, 50 = i)
x P(se = aiY -1, 89)))

plse = aiY(, 57)

]

{1

9 (32)

(25)




where it follows from (2) that

() 2
) 1 lly: — ug Gl )
) = - exp | — P(sy = a;). (33
Y a0 () ( o290 (3) (= 0 159

We now summarize the SMC blind data detection and
phase noise estimation algorithm as follows:
Step 1- Initialization:
o Injtialize the Kalman filter: Choose the initial mean and
the variance of the estimated ; as the mean and the vari-
ance of a uniform distribution defined on -, +) as

W = W=
o = M) =712, j=1,2,--,m. (34)

o Initialize the importance weights: All importance weights
are initialized as w =1,7=1,2,---,m. Since the data
symbols are are assumed to be mdependent, initial sym-
bols are not needed be generated.

Step 2- Compute E("}.
For each a; € A compute the (i), 020 (i) and Eff? from
(30), (31) and (33),respectively.

Step 3- Draw samples s{,j =1,2,-
Draw s’ from the set A with probabxlmes

P(s? = a)) 55?1.), a; € A

Append sgj) to Si{)l to obtain ng).

Step 4- Compute the importance weights:

Z 6(]).

a,€EA

Step 5-Detect the symbol sy:

Detect the symbaol s, from (23).

Step 6-Update the a posteriort mean and variance of the
phase noise:

If the samples drawn up to time t is S; in Step 2, set

) A )
po(SP)y 2 p@ =0

2(5 1 oy .
Uﬂf])(sgi}) & 03(]) M(J) i=1,2,

and update according to the Kalman equations (7), (8).
Step 7- Do the restamping as described in Section 6.

6. RESAMPLING METHOD

A major problem in the practical implementation of the
SMC method described so far is that after a few iteration
most of the importance weights have negligible values that
is wf’ ) 2 0. A relatively small weight implies that the sam-
ple is drawn far from the main body of the posterior distri-
bution and has a small contribution in the final estimation.
Such sample is said to be ineffective. The SMC algorithm
becomes ineffective if there are too many ineffective sam-
ples. The common solution to this problem is resampling.

Restampling is a an algorithmic step that stochastically elim-
inates those samples with small weights. Basically, the re-
sampling method takes the samples, to be generated sequen-
tially 2, = {S(J),uéi), 2(j)};" 1 with corresponding weights
{wﬂ)}J *, as an input and generates a new set of samples Z; =
{S(J) ZZ(J) ~2(1)}J *, with equal wexghts ie {w? =1/m)7,,
(J) = 1. A simple

m, to

assuming they are normalized to
procedure to achieve this goal is, for each j =1,2,---,
choose (5., 59 F20) = (89, D 529) wi A

¢ Mg, s (87, 1g, @4, ') with probability
wt®

In this paper, a resampling technique suggested by [12]
is employed This technique forms a new set of weighted

samples =y = {551),!7(1)’”2(1)

algorithm. (assume that 3" w] = m)

1= 1 according to the following

1. For j = 1,2 -7-,m, retain ¢; = wf copies of the samples
(Sﬁj),,ué:), Bti)). Denote L, =m — E;’;l £;

2. Obtain L. ii.d. draws from the original sample set
{(Sm,uot N 2<’ y}iw1, with probabilities proportional to
(w] —€;),7 = 1,2,

3. Assign equal weights, that is, set w{ = 1, for each new
sample.

It is shown in [12} that the samples drawn by the above
procedure are properly weighted with respect to p(S:[Y),
provided that m is sufficiently large. Note that resampling
at every time step is not needed in general. In one way the
resampling can be done every ko recursions where ko is a
prefixed resampling interval. On the other hand, the resam-
pling can be carried out whenever the effective sample size,
approximated as

Negy = (36)

1
s S
Ej:l (wi )

goes below a certain threshold, typically a fraction of m. In-
tuitively, ﬁe” reflects the equivalent size of i.i.d samples
from the true posterior densities of interest for the set of m
weighted ones. It is suggested in {13} that resampling should
be performed when ﬁgff < m/10. Alternatively, one can con-
duct the first approach to conduct resampling at every fixed-
length time interval say every five steps.

7. SIMULATION RESULTS

In this section, we provide some computer simulation exam-
ples to demonstrate the performance of the proposed SMC
and UF approach for joint blind phase noise estimation and
data detection. The phase process is modelled by AR pro-
cess driven by a white Gaussian noise with o2 = 0.0314. Tt is
assumed BPSK modulation is employed. In order to demon-
strate the performance of the adaptive SMC approach, we
first present the performance (in terms of the phase error
(k) =6, — b, ) during one simulation run for different initial
phase crrors ¢(k) = 0,7/4,7/2,37/4, 7. The phase error for
several values of ¢(0) at SNR = 10dB is shown in Fig. 1.
The performance of the proposed algorithm is further ex-
ploited by the evaluation of average BER over observed block
for different SNRs and different intial phase errors. The un-




coded average BER performance of this adaptive approach is
plotted in Fig. 2.
Our simulations indicate that

o as the initial phase error ¢(0) approaches m, the probabil-
ity that the phase error converges to the dual equilibrium
point becomes very high

e as the initial phase error ¢(0) approaches x, the BER
increases, for ¢(0) = #/2, the BER is almost equal to 1
(due to ambiguity).

8. CONCLUSIONS

We have developed a new adaptive Bayesian approach for
blind phase noise estimation and data detection based on
sequential Monte Carlo methodology. The optimal solutions
to joint symbol detection and phase noise tracking problem
is computationally prohibitive to implement by conventional
methods. Thus the proposed sequential approach offers an
novel and powerful approach to tackling this problem at a
reasonable computational cost.

#(K) for several values of #0) at SNR=10dB & 5°=0.0314

4 . r - .
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Figure 1: Tracking performance for different initializations at
SNR=10dB
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Abstract

We consider the design of turbo receiver structures for space-frequency block coded (SFBC-) OFDM systems
in unknown frequency selective fading channels. The Turbo receiver structures for SFBC-OFDM systems under
consideration consists of an iterative MAP Expectation/Maximization (EM) channel estimation algorithm, soft
MMSE SFBC decoder and a soft MAP outer-channel-code decoder. MAP-EM employs iterative channel estimation
and it improves receiver performance by re-estimating the channel after each decoder iteration. Moreover, the
MAP-EM approach considers the channel variations as random processes and applies the Karhunen-Loeve (XL)
orthogonal series expansion. The performance of the proposed approaches are studied in terms of mean square error
and bit-error rate. Through experimental results, the effect of a pilot spacing on the channe! estimator performance
and sensitivity of turbo receiver structures on channel estimation error are studied.

1 Introduction

The continued increase in demand for all types of ser-
vices further necessitates the need for higher capacity
and data rates. In this context, emerging technology
that improves the wireless systems spectrum efficiency
is error control coding. Recent trends in coding favor
parallel and/or serially concatenated coding and prob-
abilistic sofi-decision iterative (turbo-style) decoding.
Such codes are able to exhibit near-Shannon-limit per-
formance with reasonable complexities in many cases
and are of significant interest for communications ap-
plications that require moderate error rates. In addi-
tion to outher channel code transmit diversity OFDM
system can be applied to further improve the receiver
performance. We therefore consider the combination of
turbo codes with the transmit diversity OFDM systems.
Especially we address the design of iterative channel
estimation approach for an transmit diversity OFDM
systems employing an outer channel code.

Channel estimation for transmit diversity OFDM
systems has attracted much attention with pioneering
works by Li [1], [2]. However, most of the early work
on channel estimation for transmit diversity OFDM sys-
tems focused on uncoded systems. Since most practical
systems use error control coding, more recent work
has addressed coded transmit diversity OFDM systems.
Among many other techniques, an iterative procedures

This. research has been conducted within the NEWCOM Network
of Excellence in Wirsless Communications funded through the EC
6th Framework Programme, This work was also supported in part by
the Turkish Scientific and Technical Research Institute (TUBITAK)
under Grant 104E166.

based on Expectation-Maximization (EM) algorithm
was also applied to channel estimation problem in the
context of space-time block-coding (STBC) [3], [4]
as well as transmit diversity OFDM systems with or
without outer channel coding (e.g. convolutional code
or Turbo code) [6], [7], [8], [9]. In [6], maximum
a posteriori (MAP) EM based iterative receivers for
STBC-OFDM systems with Turbo code are proposed to
directly detect transmitted symbols under the assump-
tion that fading processes remain constant across sev-
eral OFDM words contained in one STBC code-word.
An EM approach proposed for the general estimation
from superimposed signals [5] is applied to the channel
estimation for transmit diversity OFDM systems with
outer channel code (convolutional code) and compared
with SAGE version in [8]. Moreover in [9], a modi-
fied version of [8] is proposed for STBC-OFDM and
space-frequency block-coding (SFBC)-OFDM systems.
Unlike the EM approaches treated in [6], [7], [8],
[9], we propose Turbo receiver based on MAP-EM
channel estimation algorithm for SFBC-OFDM systems
employing outer channel coding.

The Turbo receiver scheme under consideration em-
ploys iterative channel estimation and it improves re-
ceiver performance by re-estimating the channel af-
ter each decoder iteration. Moreover, the proposed
approach considers the channel variations as random
processes and applies the Karhunen-Loeve (KL) or-
thogonal series expansion. Orthogonality of the SFBC
system based on the Alamouti orthogonal design as
well as the Karhunen-Loeve expansion of the multipath
channel result in a simple iterative EM based channel
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Fig. 1. Transmitter structure for turbo coded SFBC-OFDM
systems.

estimation algorithm in frequency domain.

2 Turbo Coded SFBC-OFDM

We consider a SFBC-OFDM system with outer channel
coding. Turbo code is applied in addition to the SFBC
to further improve the error performance of the SFBC-
OFDM system. A block diagram of a turbo coded two-
branch SFBC-OFDM system is shown in Fig. 1.

2.1 Turbo Encoder

Turbo codes are a class of powerful error correction
codes that enable reliable communications with power
efficiencies close to the theoretical Shannon channel
capacity limit. In particular, a turbo code is formed from
the parallel or serial concatenation of codes separated
by an interleaver.

As illustrated. in Fig. 1, the binary information bits
{b;},y1.£4 < N./2 of random data are encoded by
an outer-chantiel-code using a Turbo encoder, resulting
in a BPSK-coded symbol stream {C(n)}. The coded
symbols are then interleaved by a random permuta-
tion results in a stream of independent symbols. A
code-bit interleaver reduces probability of error bursts
and removes correlation in coded symbol stream. The
coded, interleaved symbols yield an independent sym-
bot stream (of length N./2) is designated {X(n)}
Finally, the modulated BPSK symbols are encoded
by an SFBC encoder and ransmitted from 2 transmit
antennas at a particular OFDM subcarriers.

In general, Turbo codes are low-rate codes which
require considerable bandwidth expansion for high rate
data transmission. In order to improve spectral effi-
ciency, it is necessary to combine turbo ‘codes with
a bandwidth efficient transmit diversity systems. Thus
combinations of implicit (turbo coding) and external
(i.e. multiple transmit antenna) diversity can be used to
improve the performance of the communication system
in fading environments.

2.2 SFBC-OFDM Encoder

In this papet, we consider a transmitter diversity OFDM
scheme in conjunction with inner channel coding. The
use of OFDM in transmitter diversity systems also
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Fig. 2. Turbo Receiver Structure for SFBC-OFDM systems.

offers the possibility of coding in a form of space-
frequency OFDM [12]. In [12], under the assumption
that the channel responses are known or can be es-
timated accurately at the receiver, it was shown that
the SFBC-OFDM system has the same performance as
a previously reported STBC-OFDM scheme in slow
fading environments but shows better performance in
the more difficult fast fading environments. Also, since,
SFBC-OFDM transmitter diversity scheme: performs
the decoding within one OFDM block, it onlyTequires
half of the decoder memory needed for the STBC-
OFDM system of the same block size. Similarly, the
decoder latency for SFBC-OFDM is also half that of the
STBC-OFDM implementation. In SFBC-OFDM sys-
tems, the set of OFDM subchannels is first divided into
groups of subchannels. This subchannel grouping with
appropriate system: parameters does preserve diversity
gain while simplifying not only the code construction
but decoding algorithm significantly as well [12]. Fol-
lowing to notation of {12], let N.x 1 asa turbo coded,
interleaved and BPSK modulated be denoted as a vector
X(n)= [X(nNc), X(nN: + 1), -+, X(nNe 4+ Ne —
1)]7, where Xi(n) denote the kth forward polyphase
component of the serial data symbols, ie, Xp(n) =
X (nN, + k) for k= 0,--+,Ne — 1. Polyphase com-
ponent X (n) can also be viewed as the coded symbol
to be transmitted on the kth tone during the block
instant n. The coded symbol vector X (n) can therefore
be expressed as X(n)= (Xo(n), X1(n), -+ Xne=1]"-
Resorting subchannel grouping, X(n) is coded into
two vectors Xe(n) and X, (n) by the space-frequency
encoder as

X, () = [Xo(n), Xa(n), -, X, -4(n), Xn—2(m)] ,

Xo(n) = [Xl(ﬂ)axs('ﬂ),"',XNC~3(71),XNC~1(")IT, m

where " X, (n) and X, (n) -actually corresponds to
even and odd polyphase component vectors of X(n).
Then the space-frequency block code transmission ma-
trix may be represented by,

T x.
X.(n) -Xo'(n @
space | [xo(m X" (n) ]

where * stands for complex conjugation.
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3 Channel: Basis Expansion Model

In wireless mobile communications, channel variations
evolve in a progressive fashion and hence fit in some
evolution models. It appears that a basis expansion
approach would be natural way of modelling the chan-
nel variation. A convenient choice for basis expansion
of random processes is Karhunen-Loeve (KL) series.
Moreover, the KL expansion methodology has been
also used for efficient simulation of multipath fading
environments [10]. Prompted by the general applica-
bility of KL expansion, we consider in this paper
the parameters of H,(n) to be given by a linear
combination of orthonormal bases where H,, (n) is the
channel frequency response between the uth transmit
antenna and the receive antenna at the nth time slot.

An orthonormal expansion of the vector H,(n)
involves expressing the H,(n) as a linear combina-
tion of the orthonormal basis vectors as Hy(n) =
VG, (n) where ¥ = [Pg, W1, PN, 1) P:’s are
the orthonormal basis vectors, G,(n) = [G.1(n),

- GunN.-1(n)]T, and G, 4(n) is the weights of the
expansion. By using different basis functions ¥, we can
generate sets of coefficients with different properties.
The autocorrelation matrix Cy,, = E [H HT] can be
decomposed as

Cu, = UAY! (3)

where A = E{G,G],}. The KL expansion is one
where A of (3)isa dlagonal matrix (i.e., the coefficients
are uncorrelated). If A is diagonal, then (3) must be
eigendecomposition of Cg,. The fact that only the
eigenvectors diagonalize Cp, leads to the desirable
property that the KL coefficients are uncorrelated.
Furthermore, in the Gaussian case, the uncorrelated-
ness of the coefficients renders them independent as
well, providing additional simplicity. Thus, the channel
estimation problem in this application equivalent to
estimating the i.i.d. Gaussian vector G, KL expansion
coefficients.

4 Received Signal Model

At the receiver, the signals are received from re-
ceiver antenna. After matched filtering and sym-
bol rate sampling, the discrete Fourier transform
is then applied to the received discrete time sig-
nal to obtain R(n). If the received signal sequence
is also parsed in even and odd blocks of N
tones, Re(n) = [Ro(n), Ra(n), -+, Bn,—2(n)]” and
R,(n) = [Rl(n),R3(n),--~,RNC_1(n)]T, the re-
ceived signal can be expressed in vector form as

R, (n)=X,(n)H, .(n) + Xo(n)Hy(n) + We(n) (4)
R, (n)=—X}(n)Hi o(n) + X} (n)Hz,0(n) + W,(n)
where X,(n) and X,(n) are N;/2 x N./2 diagonal

matrices whose elements are X, (n) and Xq(n) respec-
tively and ! denotes conjugate transpose. Hy o(n) =
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(Hpo(n), Huz(n), -, Hun.-2(n)]T and Hyo(n) =
[Hoa(n), Hya(n)- -, Hu,Nc~1(71)}T are N./2 length
vectors denoting the even and odd component vectors
of the channel attenuations between the uth transmitter
and the receiver. Finally, W.(n) and W,(n) are an
N_/2x 1 zero-mean, i.i.d. Gaussian vectors that model
additive noise in the IV, tones, with variance ¢2/2 per
dimension.

Equation (4) shows that the information symbols
X.(n) and X,(n) are transmitted twice in two con-
secutive adjacent subchannel groups through two dif-
ferent channels. In order to estimate the channels and
decode X with the embedded diversity gain through
the repeated transmission, for each n, we can write the
following from (4):

R.(n)] | Xe(n) Xo(n) |[Hye(n W.(
{Ra(n)}n{——)\ﬁ(n) xt(n) ][Hzg (n) H J
where the complex channel gains between adjacent
subcarriers are assumed to be approximately constant,
i.e, Hyo(n) =~ Hy,(n) and Hy . (n) = H, ,(n). The
effect of this assumption allows us to omit dependence

of H; .(n) and Hz .(n) on even channel components.
Using (5) and dropping subscript *.”, we have

R.(n) | Xe (n) X,(n) || Hi(n) W (n)
sk SlEaH %)
or in more succinct form

R(n) = X(n)H(n) + W(n) . @)

5 Iterative Channel Estimation

In recent years, inspired by the development of turbo
coding, various types of iterative channel estimation,
detection and decoding schemes have been proposed in
the literature. These proposed approaches have shown
that iterative receivers can offer significant performance
improvements over the noniterative counterparts. In this
section, we therefore consider EM based MAP itera-
tive KL coefficient estimation for turbo coded SFBC-
OFDM systems.

The prior probability density function (PDF) of the
KL expansion coefficient r.v.’s of the fadmg channel can
be expressed as p(G) ~ exp(—GTA G) where G =
[GT,GIIT, A = diag(A A), T is an N, x N, diago-
nal matrix with Sk, k] = o2, for k=0,1,--,N. 1
and ¥ = diag(¥ ¥). In the MAP estimation approach
we choose G to maximize the posterior PDF or

Gmap = arg mgxp(G‘R) . (®

To find MAP estimator, we must equivalently max-
imize p(R|G)p(G). Hence, the MAP estimator (8) is
equivalently takes the form

Gumap = arg max InpR|G)+Inp(G)] . 9
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Given the transmitted signals X" as coded according
to transmit diversity scheme and the discrete channel or-
thonormal series expansion representation coefficients
G and taking into account the independence of the
noise components, the conditional PDF of the received
signal R can be expressed as,

p(RIX, G)~exp [—(R - X%G)IST R - X@G)] .
(10)
Obtaining MAP estimate of G from (10) is a com-
plicated optimization problem and does not yield to a
closed form solution. Fortunately, the solution can be
obtained easily by means of the iterative EM algorithm.
The basic idea of the EM algorithm is to solve esti-
mation problems iteratively according to Expectation
and Maximization steps respectively. Basically, this
algorithm inductively reestimate G so that a monotonic
increase in the a posteriori conditional pdf in (10) is
guaranteed. The monotonic increase is realized via the
maximization of the auxiliary function

QGIG) =Y p(R, ¥,G9)logp(R, X,G) (11)
X

where G is the estimation of G at the gth iteration.

Note that p(R, X, G) ~ p(R|X, G)p(G) since the
data symbols X = {Xk(n)} are assumed to be iid.
distributed and the fact that they are independent of
G. Therefore, (11) can be evaluated by means of the
expressions p(G) and (10).

Given the received signal R, the EM algorithm
starts with an initial value G° of the unknown channel
parameters [11]. The (g+ 1)th estimate of G is obtained
by the maximization step described by

Gt = arg max Q(G|GY). (12)
The expression of the reestimate G (u=1,2)
for SFBC-OFDM can be obtained as follows:

Gk mah) el VR, ()~ Ro(n)]
Gk (1+§3A—‘)—‘\Iﬂ[{fj(ﬂm(n)-i—z\?e(@ﬂm(")](13)

where it can be easily seen that (I + ZA™)~! =
diag([(1+02Xo) ", -+, 1+ Uzz\gﬁ,__l)“l]) and X9,
X8 in (13) are an &= x %" dimensional diagonal
matrix representing a a posteriori probabilities of the
data symbols which are computed at the gth iteration. If
only a few expansion coefficients is employed to reduce
the complexity of the proposed estimator, then the MSE
between channel parameters becomes large. However, if
the number of parameters in the expansion is increased
to include dominant eigenvalues, we are able to obtain
a good approximation with a relatively small number
of KL coefficients. For instance, by replacing 256 x 256
diagonal A in (13) with 8 x 8 diagonal A, decreases
computational complexity enormously. This enables

feasibility of the proposed receiver.
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6 Iterative Equalization and Decod-
ing
We now consider the SFBC-OFDM decoding algorithm

and the MAP outer channel code decoding to complete
the description of the Turbo receiver.

6.1 SFBC-OFDM Decoding Algorithm

Since the channel vectors or equivalently expansion
coefficients are estimated through EM based iterative
approach, it is possible to decode R with diversity
gains by a simple matrix multiplication. Before dealing
with how we resolve decoding, let us first re-express
received signal model (4). as follows (4) to write
R(n) = [RI (n), RY(n))7 as

R(n) = H(n)X(n) + W(n) (14)

where X(n) = [XT(n), XT ()]T, Wk(n) = [WZ(n),
Wi(n)|T and

[ Hie(n) Hae(n)
HW‘[HLM)~1AM]

where H,.(n) and H,o(n) p = 1,2 are N./2 x
N, /2 diagonal matrices whose elements are H,.(n)=
[H, ,U(n)’Huﬂ(n)’ Tt Hu.Nc‘Z(n)}T and H,, ,(n) =
(H,1(n), Hu3(n) -+, Hun—1(n)]7 respectively.

Depending on complexity versus performance trade-
offs, any linear equalizer can be applied to retrieve
X(n) from (14). In this paper, we consider linear
equalizer where the parameters are updated using the
MMSE criterion. We define the linear MMSE estimate
D(n) of X(n) given the observation R(n) by

(15)

X + CxH(n) (H(n) CgH(n) + Cy) ™!
(16)

where X, Cx and Cy, are the mean of X(n), the
covariance matrix of X(n) and the covariance matrix
of W(n) respectively.

With a scaled unitary matrix H(n) and approxi-
mately constant complex channel gains with Hi, +
M3, = 1 assumptions, we can simplify H (n)H(n) as

HE, +H3 0
M= 0™ g 143

D(n) = (
x  (R(n) - H(n)X(n))

]'—‘ Inxn

an
where Iy n is the N x N identity matr;ix. Moreover,
following the assumptions used in [13], X=0,Cg=
1, (16) becomes

D(n) = I+ 02I)'HR(n) . (18)

If we set Cyi, = 0 in (16), further simplified form of
linear equalizer called zero forcing (ZF) equalizer is
obtained resulting in

D(n) = H (A)R(n) = H' (W)H(n)X (n) + n(n)

19
where n(n) = Hi(n)W(n).
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Channet Estimation MEE performance K=8, SF-X-0FDM

5 & 7 B ) 1
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Fig. 3. MSE performance of SF-X-OFDM turbo receivers, Pilot
insertion rate=8

Channal Estimation MSE performance K=18, 57~X~DFDM

Fig. 4. MSE performance of SF-X-OFDM turbo receivers, Piot
insertion rate=16

Since we propose a Turbo receiver structure for
SFBC OFDM systems in the paper, it consists of an
iterative MAP-EM channel estimation algorithm, SFBC
decoder and a soft MAP outer-channel-code decoder.
As shown in Fig.2, first EM based channel estimator
computes channel gains according to pilot symbols as
described in the initialization step. Output of the esti-
mator is used in the SFBC demodulator (19). Next, the
equalized symbol sequence {D(n)} is passed through a
channel deinterleaver, resulting deinterleaved equalized
symbols sequence {Z(n)}. Finally, {Z(n)} is applied
to a MAP ‘decoder by deinterleaved estimated channel
gains. In the MAP decoder submodule, log likelihood
ratio’s (LLRs) of a posteriori probabilities on the coded
and uncoded bits are yielded. In the next iteration, LLRs
of coded bits {Y;} are reinterleaved and passed through
a nonlinearity.25 Output of the nonlinearity computes
soft value estimation of X (n) as X(n) in Fig2.

X(n) is used as X9 and 2P in (13) for next
iteration.- Thus, the MAP-EM channel estimator iter-
atively ‘generates the channel estimates by taking the
received signals from receiver antennas and interleaved
soft value of LLRs which are computed by the outer
channel code decoder in the previous iteration. Then,
SFBC decoder takes channel estimates together with
the received signals and computes equalized symbol
sequence for next turbo iteration. Iterative operation is
fulfilled between these three submodules.
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Fig. 5. MSE performance of SF-Turbo-OFDM as a function of
Pilot Density

BER porformanca veraus Phot Density, SF~X~0FDM

Fig. 6.
Pilot Density

BER performance of the EM algorithms as a function of

BEF pertorrmance K=8, 8F-X-OFDM

Fig. 7. BER performance of the turbo receiver structures as a
function of average Eb/No, Piiot insertion rate=8

BER parformance Kx16, BF-X-0OFDM
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Fig. 8. BER performance of the turbo receiver structures as a
function of average Eb/No, Pilot insertion rate=16




Turbo - Coding - 2006

7 Simulations

In this section, computer simulations are carried out to
evaluate performances of the proposed turbo receiver
structure for SFBC-OFDM systems. We consider both
turbo and convolutionally coded SFBC-OFDM sys-
tems. In case of Turbo Encoder, two identical recur-
sive systematic convolutional component codes (RSC)
with generator (1,55/7g) concatenated in parallel via a
pseudorandom interleaver form the encoder [14]. For
the convolutionally coded system, a (9g,73) code with
rate 1/2 code was used.

The scenario for SFBC-OFDM simulation study con-
sists of BPSK modulation format and the number of
transmitting and receiving antennas are chosen as T=2
and R=1 respectively. The system has a 2.28 MHz
bandwidth (for the pulse roll-off factor & = 0.2) and
is divided into N. = 512 tones with a total period
Ts of 136 s, of which 1.052 ps constitute the cyclic
prefix (L=4). The data rate is 1.9 Mbit/s. We assume
that the rms value of the multipath width is 7 = 1
sample (0.263 ps) for the power-delay profile. In all
simulations, 3 iterations for the whole receiver process
are used.

Fig. 3 and Fig 4. compare-the channel estimation
MSE performance of EM-based Turbo receiver struc-
tures for SFBC-OFDM systems with different pilot
densities respectively [11). Slightly better MSE perfor-
mance is observed in convolutional codes compared to
turbo code due to punctured structure of turbo codes.
Moreover, the effect of pilot densities on the channel
estimation MSE performance is presented in Fig. 5 for
Turbo coded SFBC-OFDM systems. Although slight
MSE performance difference for chosen different pilot
densities is observed in Fig. 5, its effect on BER
performance is more obvious especially for high SNR
values in Fig.6.

The sensitivity of a good channel code to imperfect
channel estimation is obvious. With high dependence
between the coded bits, a good channel code is also
more sensitive to channel estimation which might
cause severe error propagation in the decoding process.
Therefore, it is expected that BER performance of turbo
coded structure degrades more than convolutionally
coded structure. Thus, low pilot densities providing
poor initial estimates result in more BER performance
loss in turbo coded systems compared to convolution-
ally encoded systems. This effect is demonstrated in
Fig.6.

BER performances of the proposed systems are pre-
sented together with initial values for pilot densities
K = 8 and K = 16 in Fig.7 and Fig.8 respectively.
All pilot cases for turbo coding are included as well.
Due to its structure, turbo decoding evidently provides
more reliable priori information for iterative process-
ing compared to convolutional decoding. Therefore, in
Fig.7, BER performance improvement observed due to
iterative turbo coding structure is 1.3 dB for Pe =
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10~*, meanwhile it is 0.3 dB for convolutionally coded
systems.

Although overall performance degrades by decreas-
ing pilot density, iterative decoding provides better
performance improvements on each iteration for lower
pilot densities (e.g. K = 16). From simulation studies,
it is observed that iterative performance gain is in-
creased for K=16 as 2.3 dB and 1 dB in Fig. 8 for turbo
and convolutionally coded systems respectively. As
previously mentioned, turbo coding is more sensitive
to channel estimation performance than convolutional
coding, iterative performance gain increment for turbo
coded structure is therefore lower than convolutionally
coded systems.
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Bu ¢ahismada’', frekans segici kanallar iizerinden ¢alisan asag:
link MC-CDMA" sistemleri igin alicida kanal bilgisinin ol-
mamast durumunda, alict tasarim: problemine yaklasimda
bulunuimustur. Alicidaki paralel kansim engelleyicinin (PIC)
diizgiin galigmass i¢in gerekli birlesik MAP kanal kestirimi ve
bilgi sezimi isleminin "Beklenti-Enbiiyiikleme (EM)” algorit-
mas1 tabanli olarak yapilmasi 6ngériilmiigtiir. Ayrica, algorit-
manin karmagikliginin azaltilmas: igin kanal degigimleri rast-
gele bir siire¢ olarak modellenip Karhunen-Loeve (KL) dik
seri agthmi uygulanmistir. Yapilan bilgisayar benzetimlerinde
Gnerilen algoritmanin baganm daha Gnce 6nerilen algorit-
malarin basarimlanyla karsilastiriimis ve KL agilim: sayesinde
algoritmanin karmagiklifinin azaltilabilecegi gosterilmigtir.

Abstract

The quality of multiple access interference (MAI), which can
be improved by using channel estimation and data estimation
of all active users, effects considerably the performance of PIC
detector. Therefore, data and channel estimation performance
is obtained in the initial stage has a significant relationship with
the performance of PIC. So obviously it is necessary to make
excellent joint data and channel estimation for initialization of
PIC detector. In this work, to initiate PIC module efficiently
a joint MAP channel estimation and data detection technique
based on the Expectation Maximization (EM) method has been
proposed.

Moreover, the MAP-EM approach considers the channel
variations as random processes and applies the Karhunen-Loeve
(KL) orthogonal series expansion. The performance of the pro-
posed approach are studied in terms of bit-error rate (BER).
Throughout the simulations, extensive comparisons with pre-
vious works in literature are performed, showing that the new
scheme can offer superior performance.
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mektedir (T-856/02062006). Bu ¢alismanin bir kismu “IEEE Wireless
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1. Giris

OFDM ve CDMA sistemlerinin kombinasyonunu 6ngéren MC-
CDMA sistemleri her iki sistemin avatajlarin: kullanabilmek
igin 1993 yilinda énerilmistir [1]. 1ik dénemde bu sistemlerin
baganimi kanal parametrelerinin alicida tamamen bilinmesi du-
rumunda incelenmistir. Yapilan ¢ahigmalarda, MC-CDMA sis-
temlerinde bilgi sezimi i¢in en kiigiik karesel kestirimei ve PIC
sistemlerinin birlestirilmesini 6ngdren (Timlesik MMSE-PIC)
iteratif yontemlerin iteratif olmayan yontemlerden Ustiinligi
gosterilmistir [2].

Kanal bilgisinin alictda bilinmemesi durumunda ise,
mevcut Onerilen bilgi sezim yOntemlerinin basarimian fraji
tarafindan incelenmistir[3]. Pilot tonlar yardimiyla yapilan
en kiigiik karesel kanal kestiriminin (LS) basarimi, kanalin
tamamiyle bilinmesi durumundaki bagarimlarla karsilastirimis
ve PIC alicnin basariminin sistemnin ilklendirilmesinde kul-
lanilan kanal kestirim ve bilgi sezimi islemiyle oldukea ilgili
oldugu gorilmiistiir. Kuhn ve Jraji’nin yaptigi bu gahgmalardan
kanal kestirim igleminin iteratif bir bigimde alict yapisma
katilmast gerektigi goriilmiistiir. Bu sebeble, PIC alicinin ilk-
lendirilmesi isleminde, genel sinyal modeline ait birlesik bilgi
ve kanal kestirim isleminin gerekliligi ortaya ¢ikmisti. EM
algoritmasi, yiiksek karmasikli ve ¢ozimi olduk¢a zor olan
olasitik fonksyonlarmn en biiyiiklemesi igin onerilen iteratif
bir yontemdir. Kanstirilmis sinyallerin genel kestirimi igin
6nerilen yap1 OFDM sistemlerinde yapilacak kanal kestirimi
igin onerilmis SAGE bigimi ile kargilastinlmigtir[4]. Ayrica
turbo kodlanmis uzay-frekans biok kodlamali OFDM sistem-
leri igin MAP kanal kestirimide bu y6ntemle gergeklegtirilmigtir

[5].

EM algoritmasi CDMA sistemleri igin Nelson ve
Poor tarafindan siirekli zaman kanal parametrelerinin
kestinminden ziyade bilgi sezimi isleminin gerceklestirilesi
onerilmis ve genellestirilmis yapist olan SAGE bigimi ile
karsilagtinimistir[6]. Bu g¢alismada ise yapilan galismalardan
farkli olarak MC-CDMA sistemleri igin Gnerilmis PIC alict
yapisinin ilklendirilmesi igin frekans spektrumunda ¢alisan EM
tabanli MAP kanal kestirimci 6nerilmistir.



2. Asag link MC-CDMA

Baz istasyonundan kullanicilara bilgi akigmi saglayan iletigim
yonii agag: link olarak tammlanmaktadir. Sistemdeki her bir
kullanici baz istasyonundan gelen sinyal dizisi iginden kendine
ait bilgi dizisini ¢6zmek zorundadirki bu ¢6ziim isleminde alic
baz istasyonu ve kullanict arasindaki kanal: kestirmek yaninda
diger kullanicilara ait génderilen sembolleride bilmelidir.
Mobil hiicre igerisinde k. kullaniciya ait gdnderilecek
MPSK modiileli sembol b* ile gosterilmek iizere; toplam ak-
tif kullanic1 sayisimin K adet oldufiu varsayilmaktadir. Baz is-
tasyonu, N. boyunda birimdik yayici seri yardimiyla b* sem-
boliinii yaymaktadir. Her bir kullaniciya ait birimdik yayici
seri ¢& = (c’f,cg,.,.,cﬁyc)T vektori ile gosterilmek izere,
vektdriin her bir elemam cf, {MWI:, 7’7:} degerlerini al-
maktadir. Biitlin kullanicilara ait yayilmig semboller topla-
narak ters ayrik Fourier doniigiimii (IDFT) alinir ve daha sonra
gonderilecek sinyale kanalda meydana gelebilecek gecikmeden
fazla olacak sekilde gevirimli 6n ek eklenmektedir. Yapilacak
kanal kestiriminin baglangig degerlerinin elde edilmesi igin
OFDM blogu igine esit araliklarla pilot tonlar eklenir. Bu
caligmada, notasyon ve sinyal modelini basitlegtirmek igin kul-
lanicilara ait yayma miktarlanmin aym oldugu ve OFDM siste-
minde kullanilan alt band sayisina esit oldugu varsayilmigtir.
Gonderilen igaret, frekans segici kanal fizerinden aliciya
geldiginde, igarete ait 6nek kaldinlarak aynk Fourier dntigtimi
(DFT) uygulanir. Yapilan bu iglemlerden sonra, kod yayma
matrisi N. x K boyutlu C = [¢!,...,c¥] ile, K adet kul-
lamciya ait iletilecek sembolleri gosteren b = [b*,..., 457
vektdrit K x 1 boyutlu olmak iizere elde edilen sinyal modeli

R=HCb+W (n

geklinde ifade edilebilir Burada M elemanlar1 her bir alt-
banda ait karmagik sdniimleme katsayilanini ifade eden N. x N,
boyutlu kdsegen kanal matrisi, W ise kanalda eklenen toplam-
sal giiriiltiiyli ifade eden N. x 1 boyutlu sifir ortalamal: ve
boyut bagina o? /2 degisintiye sahip Gauss dagihmli vektorii
ifade etmektedir. Yayma dizilerinin dikligi ise CTC = I
olarak yazilabilir Bu galiymada gozlemlenen sinyal modeli
(1y’e gbre MAP-EM kanal kestirimi Onerilecekti. MAP-EM
kanal kestirimi aym zamanda bilgi sezimi isleminin iteratif ol-
rak iyilesmesini saflamaktadir [5].

3. Kanal Frekans Cevabinin KL Agilimi

Alicr ve verici anten arasindaki soniimlemeli kanahn her bir
OFDM sembolii igin degigmedigi, difer zaman aralifinda ise
degistigi kabul edilmistir. Kanahn frekans cevabr frekans
se¢ici olarak modellenmiy ve iligkili altbandlara ait frekans
cevabim gosteren H = [Hy, Hz,..., Hn.]T vektorii KL
agilum yardiumiyla modellenerek birimdik taban fonksiyon-
larinin dogrusal kombinasyonu sayesinde ifade edilebilmek-
tedir. Birim dik taban fonksiyonlan 1§, ile ve bu agilima
ait agirhk katsayillanda G; ile gosterilmek {zere, ¥ =

W’u?f’z,'“ sznch] ve G = [Gl, sGNclT vekibrieri
tanimlanarak alici ve verici arasmdaki mobil iletisim kanal
H=9G 2)

seklinde yazilabilir Farkli ¥’larm (taban fonksiyonlarinn)
kullaniimas1 sonucu farkli 6zelliklere sahip kanallar model-
lenebilir. Kanala ait 6zilinti matrisi Cg = F [HHT] olmak

Pilot Tabaniy
Kestirim
- =
: ‘a3 ;
oo : I MAP |
Demodilator | Kanal 7 Re
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¥
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Sekil 1: MC-CDMA sistemleri igin Alic: Yapist.

izere

Cu = PAY' €
seklinde 6z deger ve 6z vektorlerine aynistiniabilir. Burada A
agirlik katsayilarinin degisintilerini gdsteren kégegen matristir
ve A = E{GG"} seklinde ifade edilmektedir(3).

4. EM tabanh MAP kanal kestirimi

MC-CDMA sistemlerinde frekans domeninde
gergeklestirilebilen kanal  denklestirme  islemi  kanaiin
frekans cevabina ihtiya¢ duymaktadir. Zaman izgesinde kanal
kestirim iglemi ger¢eklestirilebilse de, aynk Fourier donigiimii
(DFT) tabanli zaman izgesinde yapilan kanal kestirimeilerin
6rneklenmeyen uzayli kanallar igin izge sizintisina sebep
oldufu ve hata diizlemi olusturdugu bilinmektedir[7]. Diger
taraftan kanalin frekans cevabuuin denklegtirme isleminde direk
kullanilmas1 zaman domeninde yapilan kestirimin tekrardan
frekans domenine gegirilmesini zorunlu kilmaktadir. KL
agilim yardumyla (1) denklemi

R = diag(Ch)PG + W 4)

seklinde tekrar yazilabilir. (4) denkleminde G’ye ait MAP ke-
stirim iglerni N
G = argmaxp(G[R) {5

seklinde yazilabilir. (5) denkleminin enbiyiikleme igleminin
matematiksel olarak ¢béziimlenmesi olduk¢a zordur. EM al- -
goritmas: yardimiyla ¢oziim iteratif olarak gergeklestirilebilir.
(Cozimlenmesi gereken bu problemde fam olan bilgi x =
{R, b}, kestirilecek vektdr. G ve eksik (tam olmayan )bilgi ise
R seklinde tammlanmaktadir. Bu durumda G ye ait kestirim
iglemi

QGIGW) =" p(R,b,G) log p(R,b,G)  (6)
b

Kullback-Leibler denkleminin iteratif clarak en biyiikleme
problemine déniismektedir.  Burada G® ifadesi, G’nin
q. adimdaki kestirim iglemini gostermektedir. (5) denkle-
minde verilen kosullu olasihk fonksyonunun en biiytikleme
islemindeki monotik artiy saglanabilir.  (6) denklemindeki
log p(R, b, G) ifadesi, Bayesian kural1 yardimiyla,

log p(R,b,G) =log p(b | G Hog p(R| b,G}og p(G). (7)

seklinde ifade edilebilir. (7) denklemindeki soldan ilk terim, b
ve G vektorlerinin bagimsiz olmasi ve b’lerin esit olasilikl ol-
masmdan dolay1 en bityiikleme iglemini etkilememektedir. Son




2. Asagi link MC-CDMA

Baz istasyonundan kuilanicilara bilgi akigim saglayan iletigim
yonil agagi link olarak tamimlanmaktadir. Sistemdeki her bir
kullanici baz istasyonundan gelen sinyal dizisi i¢inden kendine
ait bilgi dizisini ¢6zmek zorundadirki bu ¢dziim isleminde alici
baz istasyonu ve kullanici arasindaki kanaly kestirmek yaninda
diger kullamcilara ait génderilen sembolleride bilmelidir.
Mobil hiicre igerisinde k. kullaniciya ait gdnderilecek
MPSK modiileli sembol &* ile gosterilmek iizere, toplam ak-
tif kullamer sayisun K adet oldugu varsayilmaktadw. Baz is-
tasyonu, N. boyunda birimdik yayici seri yardmuyla b* sem-
boliinii yaymaktadr. Her bir kullamciya ait birimdik yayici
seri ¢ = (ck,ck,...,ch )7 vektord ile gosterilmek iizere,
vektoriin her bir elemam cF, {—V}I, 7175:} degerlerini al-
maktadir. Biitin kullamcilara ait yayilmis semboller topla-
narak ters ayrik Fourier déniigiimii (IDFT) alinir ve daha sonra
gonderilecek sinyale kanalda meydana gelebilecek gecikmeden
fazla olacak sekilde ¢evirimli 6n ek eklenmektedir. Yamlacak
kanal kestiriminin baslangi¢ deBerlerinin elde edilmesi icin
OFDM blogu icine esit araliklarla pilot tonlar eklenir. Bu
galismada, notasyon ve sinyal modelini basitlegtirmek igin kul-
lanicilara ait yayma miktarlarinin aym oidugu ve OFDM siste-
minde kullanilan alt band sayisina esit oldugu varsayilmgtir,
Gonderilen isaret, frekans segici kanal fizerinden aliciya
geldiginde, igarete ait 6nek kaldinlarak aynik Fourier doniigimii
(DFT) uygulanir.  Yapilan bu islemlerden sonra, kod yayma
matrisi N. x K boyutlh C = [c},...,c¥] ile, K adet kul-
lanicrya ait iletilecek sembolleri gdsteren b = [b%,...,5%]T
vektorit K x 1 boyutlu olmak iizere elde edilen sinyal modeli

R=HCb+W (N

seklinde ifade edilebilir Burada H elemanlarn her bir alt-
banda ait kanmasik séniimleme katsayiann: ifade eden N. x N,
boyutlu kégegen kanal matrisi, W ise kanalda eklenen toplam-
sal giiriiltiyii ifade eden N. x 1 boyutlu sifir ortalamal ve
boyut bagmna /2 degisintiye sahip Gauss dagihmlr vektori
ifade etmektedir. Yayma dizilerinin dikligi ise CTC = I
olarak yazilabilir Bu galismada- gzlemlenen sinyal modeli
(1)’e gore MAP-EM kanal kestirimi Onerilecekti. MAP-EM
kanal kestirimi aym zamanda bilgi sezimi isleminin iteratif ol-
rak iyilesmesini saglamaktadir {5].

3. Kanal Frekans Cevabimin K1 Acilimi

Aher ve verici anten arasmdaki snfimlemeli kanalm her bir
OFDM sembolii igin degismedifi, difer zaman araliginda ise
degigtigi kabul edilmigti. Kanahin frekans cevabr frekans
segici olarak modelenmis ve iligkili altbandlara ait frekans
cevabim gdsteren H = [Hy,Ha,...,Hn |7 vektori KL
agiltmi yardimiyla modellenerek birimdik taban fonksiyon-
larmin dogrusal kombinasyonu sayesinde ifade edilebilmek-
tedir. Birim dik taban fonksiyonlar: ; ile ve bu agihma
ait agurhk katsayilanda G; ile gosterilmek fzere, ¥ =
[¢17¢2,"' :¢Nc] ve G = [Gl, )GNc]T vektorleri
tanimlanarak alici ve verici arasindaki mobil iletisim kanalh

H=YG )

seklinde yazilabilir. Farkli ¥’lann (taban fonksiyonlarinin)
kullamlmas: sonucu farkli 6zelliklere sahip kanallar meodel-
lenebilir. Kanala ait zilinti matrisi Cu = E [HH'] olmak

Sekil 1: MC-CDMA sistemleri igin Alict Yapisi,

lizere

Cu = PAY! 3)
seklinde 6z deger ve 6z vektorlerine ayngstinlabilir. Burada A
afiirlik katsayilarimin degigintilerini gdsteren kdgegen matristir
ve A = E{GG'} seklinde ifade edilmektedir(3).

4. EM tabanh MAP kanal kestirimi

MC-CDMA sistemlerinde frekans domeninde
gerceklestirilebilen  kanal  denklestirme islemi kanalin
frekans cevabina ihtiyag duymaktadir. Zaman izgesinde kanal
kestirim islemi gergeklestirilebilse de, aynik Fourier doniigiimii
(DFT}) tabanh zaman izgesinde yapilan kanal kestirimcilerin
Oomeklenmeyen uzayh kanallar igin izge sizintisina sebep
oldugn ve hata diizlemi olusturdugu bilinmektedir{7]. Diger
taraftan kanaln frekans cevabinin denklestirme isleminde direk
kullamlmas1 zaman domeninde yapilan kestirimin tekrardan
frekans domenine gecirilmesini zorunlu kilmaktads. KL
agilimi yardimiyla (1) denklemi

R = diag(Cb)¥G + W o)

seklinde tekrar yazilabilir. (4) denkleminde G'ye ait MAP ke-
stirim iglemi N

G = argmaxp(G[R) (5)
seklinde yazilabilir. (5) denkleminin enbiyiikleme islerninin
matematiksel olarak ¢oziimlenmesi olduk¢a zordur. EM al- -
goritmas: yardumyla ¢5ziim iteratif olarak gerceklegtirilebilir.
Cozimlenmesi gereken bu problemde tam olan bilgi x =
{R, b}, kestirilecek vektdr G ve eksik (tam olmayan )bilgi ise
R seklinde tanimlanmaktadir. Bu durumda G ye ait kestirim
islemi

Q(GIG) =) " p(R,b,G?) log p(R,b,G)  (6)
b

Kullback-Leibler denkleminin iteratif olarak en biiyiikleme
problemine ddniigmektedir.  Burada G ifadesi, G’nin
g. adundaki kestirim iglemini gostermektedir. (5) denkle-
minde verilen kosullu olasilik fonksyonunun en biiyiikleme
iglemindeki monotik artis saglanabilir.  (6) denklemindeki
log p(R, b, G) ifadesi, Bayesian kuralt yardimiyla,

log p(R.,b,G) =log p(b | GHog p(R| b,G}Hog p(G). (7)

seklinde ifade edilebilir. (7) denklemindeki soldan ilk terim, b
ve G vektérlerinin bagimsiz olmasi ve b’lerin esit olasilikh ol-
masindan dolayi en biliyiikleme iglemini etkilememektedir. Son




terim G’nin alicidaki birlegik olastlik yogunluk iglevi
p(G) ~ exp(-G'AT'G). ®)

seklinde ifade edilebilir. Denklemdeki ikinci terim ise, iletilen
semboller b, ayrik kanal tammlanmasi G’ler ve bagimsiz
giriiltd bilesenleri gdz éniine alinirsa, alicida gézlemlenen R
sinyaline ait kosullu olasilik yogunluk islevi

p(Rb,G) ~exp [m~diag(@)wc)b“‘m~diag(0b)~rc)]

®
seklinde yazilabilin. ¥ burada N, x N. boyutlu ve her bir
elemant B[k, k] = o® k = 1,2,--- , N, olmak iizere kanalda

cklenen giirtiltiiniin degisintilerini ifade etmektedir. (8) ve
(9) denklemleri yardimiyla, (6) denkleminin G’ye gire tiirev
almarak sifira esitlenmesi sonucu

> PR B G diag b'CTIE R-diag (DPC-A'G)=0
b P
(10)

denklemi elde edilir. (10) denkleminde, denklem egitligi bozul-
mayacak sekilde, p(R, b, G?) ifadesi yerine p(b | R, G
ifadesi konulabilir. b’ler iizerinden ortalamasi alinan (10)
denkleminin ¢ + 1 iterasyon igin G’'ye ait ¢dziimiinii ifade
eden GV, T = [0 (1), T (2), ... T (K)] vektori
¢. adimda bilgi sembollerine ait sonsal olasiliklar ggstermek
iizere

GEtY = (I LmA-yIpt YR ()
T = diagCr@)w, (12)
seklinde ifade edilebilin T* vektdriiniin elemanlart olan
p(q)(k)
(k) = 3" bP* = bR, G)). (13)
bES)

seklinde ifade edilebilir. Génderilen sembol dizisi igin b = 0
C, = I [5] varsayimlar: yapilarak I'*? ifadesi QPSK modiileli
sinyaller igin

29T /Y 4 PR,

olmak tizere
I‘(")::%—i tanh gRe(Z(Q))}—,L-j—.; tanh %Im(z(ﬂ)] (14

hesaplanabilir. Son olarak g. adimda herbir kullanicilara ait
giden sembol dizisini ifade eden b’vektdrii, “csign” ifadesi
csign(a+jb) = sign(a)+ jsign(b) seklinde tanimlanmak iizere

b = %csign(l‘(q)) (15)

seklinde hesaplanabilir,
Tslemsel Karmagiklik: Kanal kestirimi H i¢in Gnerilen ge-
lencksel LMMSE kestirimi [8]

-1

H=Cy [CH + E(diag(Cb)fdiag(Cb))"‘] [diag(CH)] 'R,

-
TO(N3Y'islemsel karmasikhk

olarak hesaplanabilir. (18) denklemindeki

[Cu + %(diag(Ch)'diag(Cb))~'] ™" ifadesi, gonderilen

bilgi sembollerine bagli oldugundan énceden hesaplanamaz ve
alicidaki hesaplama iglemi matris tersi alinmas: gerekliliginden
dolayy, islemsel karmagikl1g1 oldukga fazladir, ? Ayrica Cy ve
3 degerlerinde yapilabilecek kiigiik hatalar, matris ters alma
isleminden dolay: kanal kestiriminde biiyiik degisimlere neden
olabilmektedir. Dahasi bu etki, tersi alinan matrisin boyu-
tuyla orantil olarak artmaktadir [9]. Bu agidan KL agilimli
yaklagim, biiyiik digekli matris alma isleminden kurtulmak igin
Snerilmistir. (2) ve (11) denklemleri ile H ait iteratif kestirim
islemi

HOY = o1 mA- TR (16)

seklinde ifade edilebilir. Ancak elde edilen bu form, OFDM
sistenlerindeki gibi direk ters alma isleminden kurtulabilmeyi
saflayamamaktadir ve mevcut LMMSE kestiriminde elde edile-
cek iglemsel karmagikliktan da az degildir[?]. Bu acidan elde
edilen denkiem tekrardan

ﬁ(q+]) - ‘IJA(AT“q)T(q)A T EA)»IATT(Q)R a7

seklinde yaziip A matrisinin en biiyilk r adet elemanina
(Ar = diag{A\1, 2, -+ ,A\;}) karsthk gelen ¥ ve T
matrislerinin siitun elemanlan “almarak olusturuimus N, x r
boyutlu ¥, and T, matrisleri yardimuyla diisiik rankh yaklagim
HY =@ A (AT TOA, + 2.A,)7 A TR

“

#O(r3)tislemselkarmasiklik
(18)
seklinde hesaplanabilir. Burada . elemanlani o2 egit olan r xr
boyutlu kdsegen matristir. Bu durumda (18) denklemi

(a3} +a)
r

i+l ‘I’r(TlmTr 4 ETA:1)~1T R, (19)

seklinde yazilabili. ~ Agilimdaki etkin 6z deferlerin kul-
lanimiyla elde edilen (18) denklemine gére, kanal kestiri-
minde tersi alinmasi gerekli olan matrisin’ boyutu oldukga
kiglilmektedir. ~ Aynica génderilen her bir OFDM sem-
boliinde pilot tonlarlarla birlikte bozulan OFDM &mekleri
sayesinde algoritma kanaldaki degisimlere gabuk cevap vere-
bilme dzelligine sahiptir.

S. Paralel Karisum Engelleyici (PIC)

Gonderilen sembollerin kestirimini ifade eden b vektérii PIC
alict bloguna girer. Bu blokta k. kullamcs harig diger kul-
lanicilara ait sinyallerin toplami

RE, =HCb for i =0 (20)

seklinde yazilabilir k. kullaniciya gére kangim sinyal-
lerini ifade eden RY,, vekiorii, gozlemlenen R sinyalinden
Gikartilarak tek kullanici sezicisine girerse k. kullaniciya ait

PIC alicisi, b;ic degerlerini

bhie = () IR -REY)] for k=1,...,K (1)

seklinde hesaplayabilir. Son iterasyonda QPSK modiilasyonu
i¢in sezilen semboller

bhie = —lf—icsign(b‘;ic) for k=1,. K (22)

seklinde bulunabilir.

IN. x Ne¢ bayutlu bir matrisin ters alma islemi Gaussian elimi-
nasyon yontemi ile O(NJ) bir karmagikhiga sahiptir.




Sekil 2: Farkh kanal kestirim algoritmalarinim kullanilmas:
sonucu gesitli alici yapilarinim BER baganmlan

6. Bilgisayar Benzetimleri

Frekans secici kanallar iin bilgisayar benzetimi yapilan MC-
CDMA sistemleri igin herbir kullamcinin- esit miktarda gii¢
aldigi varsayilmstir,. Kodlan arasinda diklik ozelligi bulunan
Gold dizisi, boyutu kanalda kullanilan altband sayismna esit ola-
cak sekilde her bir kullantci igin tammlanmigtir. Sekil 2-3 igin
sistemin tamamen kullanildig1 yani toplam kullanici sayismin
kullanilan yayma kodunun uzunluguna esit oldugu varsayilarak
sistemin benzetimi yapilmigtir (K = N.). Aynca algoritmanin
ilklendirilmesi igin, sekiz OFDM 6mek aralifmda bir adet pilot
ton kullamlmigtir (PIRy= 1:8.

Sekil 2'de, EM-MAP tabanli alic1 yapismin BER bagartmy,
daha énce dnerilen LS ve LMMSE kanal kestirimlerinin kul-
lantldigt MMSE ve tiimlegik MMSE-PIC alic1 yapilanmn BER
bagarmmlariyla kargilastinimigtir. Yapilan bilgisayar benzetim-
lerinde, EM-MAP kanal kestirimine dayali alict yapistmn LS
ve LMMSE kanal kestirimci tabanli diger alici yapilarindan
Gistiinliigh gozlemlenmistir. Ayrica EM-MAP alicmm kanalin
alicida tamamen bilinmesi (Knl.Bil) ve génderilen OFDM sem-
boliiniin tamamen pilot tonlardan olusmas: durumunda (Tdm
Pilot) yapilan kanal kestirim basarmmmna (tiim pilot) yakinsadig
gbrilmistir.

KL agiliminda kullamlan katsay1 kesme 6zelligi istatistik-
sel bagimli olan kanal parametrelerini ifade etmek icin gerekli
olan bilgi miktarm en kig¢ikleyebilir. KL agilimmda verilen
diigiik rankh kanal kestirim yaklasomi, Sekil 3°te 12 dB igin
incelenmistir. Kullamlan KL katsayisma gére EM-MAP alic1
yapismin BER bagarmminda benzetimi yapilmis kanal yapisi
icin, 8 adet KL katsayisinin yeterli oldugu seklin detayl: verilen
bolimilinde goriilmiigtiir. Yapilan yaklagimla, 128 x 128’1k ma-
tris ters alma iglemi yerine 8 x 8 "lik matris ters alma igleminin
yeterli olabilecegi goriilmiigtir.

7. Sonug

Bu ¢ahismada, PIC alici yapisinin baglangig degerlerini bulmak
icin EM-MAP tabanh alic1 yapis1 dnerilmigtir. Onerilen alict
yaps, daha dnce Snerilen LS, LMMSE tabanl: kanal kestirimci
yapilanyla karsilagtirilarak EM-MAP algoritmasimn stiinligi
gosterilmigtir. Algoritmanmn, kanalm alicida tamamen bilindigi
durumdaki basanmna yaklashg: gozlemlenmistir. Aynica, al-
goritmanmn karmagikliinin azaltilmas: igin kanal degisimleri

JVM&WM
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Algoriimais kullsnitan toplam KL achim sayisl

Sekil 3: Kullanilan KL katsayisina Algoritmanmn BER bagarim:

rastgele bir siire¢ olarak modellenip Karhunen-Loeve (KL)
dik seri agilim uygulanmugtir.  Yapilan KL agilimi sayesinde
alnmas: gerekli olan matris ters alma isleminin boyutunun
kiigiiltGlebildigi gosteribmistir.
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(")zetg:e

Bu calismada, frekans segici kanallarda galisan yukari link MC-
CDMA sistemleri igin birlesik kanal kestirimi ve bilgi sezimi
islemini gergeklestirebilecek alici tasarimi problemi Gizerinde
calisiimistir. Beklenti-Enbiiyiikleme (EM) algoritmasi, her bir
kullamciya ait bilgi sezimi ve kanal kestirim igleminin ortak
olasilik fonksyonunu en bilyiikleme islemi igin kullanilmug ve
problemin kapalt formda ¢éziimii gergeklestirilmistir. Onerilen
EM tabanl: alicmin BER bagarimi literatirde daha Once
énerilen alict yapilariyla kargilastirlmis ve &nerilen alict
yapismin basarim {stiinliigii gosterilmigtir.

Abstract

This paper is concerned with joint channel estimation and
data detection for uplink multicarrier code-division multiple-
access (MC-CDMA) systems in the presence of frequency fad-
ing channel. The detection and estimation algorithm, imple-
mented at the receiver, is based on a version of the expecta-
tion maximization (EM) technique which is very suitable for
the multicarrier signal formats. Application of the EM-based
algorithm to the problem of iterative data detection and channel
estimation leads to a receiver structure that also incorporates
a partial interference cancelation. Computer simulations show
that the proposed algorithm has excelient BER end estimation
performance.

1. Giris

Geleneksel MC-CDMA  sistemlerinde  kullamcilar  arast
karigimin (MAI) engellenmesi tekli kullanici veya goklu kul-
lanic1 sezimi kullamilarak saglanmaktadir{1]. Coklu kullanici
sezim iglemi geleneksel RAKE alicilarina gére bant genisligini
etkili kullanmakla birlikte alict yapisinin karmagikligy sis-
temdeki aktif -kullanicr ve iletisimin gergeklestigi kanala
ait coklu yolun sayistyla birlikte iissel olarak artmaktadir.
Literatiirde, dogrusal coklu kullanict sezimi ve iteratif olarak

email: bflekom.auc.dk

MALI yok edilmesi igin ‘optimum olmayan sezim teknikleri
dnerilmigtir[2],[3].

Bu ¢aligmalar genel olarak asagi link ve yukars link olarak
iki ana grupta toplanmuistir. Omegin, asap1 link MC-CDMA
sistemleri igin data kestiriminde pargal: paralel kangim en-
gelleyici onerilmistir[4]. Yukar1 link MC-CDMA sistemleri
iginse MAI engellenmesi kanalin alicida bilindigi varsayilarak
¢oklu kuflanici sezim yéntemiyle gergeklestirilmistir. Ancak bu
yontemlerden farkli olarak Kocian ¢alismasmda [5], Rayleigh
kanallar iizerinden ¢alisan yukan link DS-CDMA sistemleri
icin EM tabanh birlesik bilgi sezimi ve kanal kestirimi iglemi
gergeklestiren alict tasarimini ortaya koymustur.

Diger taraftan birlesik bilgi sezimi ve kanal kestirimi iglemi
frekans segici yukari link sistemlerinde daha karmasik bir hale
gelmektedir.  Literatiirde bu kanal modelleri igin yapilacak
bilgi sezimi ve kanal kestirimi iglemini ayrt ayr1 gergeklestiren
alic1 tasarimlart yapimistir, Bu galismada, Kocian'min  diz
soniimlemeli DS-CDMA iizerine &nerdigi EM algoritmasi,
frekans segici kanallar iizerinden calisan yukari link MC-
CDMA sistemlerinde ¢oklu kullanici bilgi sezimi ve kanal ke-
stirimi islemini gergeklestirebilmek i¢in genisletilmigtir.

Notasyon: Makalede vektorler genis kiigiik harflerle ifade
edilirken matrisler biiyiik genis harflerle ifade edilmistir. Ayrica
()%, (O ve ()H.].] ise sirasiyla konjuge, devrik, Hermityan
ve Frobenius normunu ifade etmektedir. I ifadesi L x L
boyutlu birim matrisi ifade ederken, diag{.} ifadesi kdsegen
matrisi, tr{.} ise matrisin izini vermektedir.

2. Sinyal Modeli

Temel bandda caligan P adet tasiyiciya sahip yukar link
MC-CDMA sistemi igin K adet aktif kullanicimmn oldugu
varsayllmigtir.  Sistemdeki k. kullanicinin iletecegi sem-
bol frekans domeninde P x 1 boyutlu yayici dizi olan c
ile yayilmaktadir, Yayici kodla yayilan iletilecek sembol, P
noktali IDFT isleminden sonra paralelden seriye gevrilir ve
yayilmus diziye kanalda meydana gelebilecek gecikmeden daha




fazla olacak sekilde gevirimli dnek eklenir. Bu ¢aliymada,
notasyon ve sinyal modelini basitlestirmek igin her bir kui-
lanicmm gonderecegi sembolleri yayan yayict kodun uzunluk-
lartnin aym ve sistemde kullanilen alt band say1sina egit oldugu
varsaytlmistir. Vericiden gikan k. kullamiciya ait sinyal L adet
goklu yola sahip kanal iizerinden iletilmektedir. Kanal kat-
sayilarinin bir sembol boyunca degismedigi ancak sembolden
sembole degigmekte ve alicida kanala ait ikinci dereceden ista-
tistiksel dzelliklerin bilindigi varsayilmaktadir.

Alicidan ahinan sinyal, ilk olarak seriden paralele gevirilir
ve onek kaldinlarak DFT istemi uygulamr. & (m), k. kul-
lanictya ait m. semboli, ¥ € CP** olmak dzere (k,1).
elemam —s=e~727*/P seklinde tanimlanan DFT matrisini
gbstermek fizere, sinyal modeli

K
y(m)=z b (m)CkFhe + w(m) m=1,2,.,. M (1)

k=1

seklinde yazilabilir. Burada w(m), P x 1 boyutlu sifir orta-
lamali ve boyut basina o2 /2 degisintiye sahip gauss dagilimh
kanalda eklenen toplamsal giiriiltityii ifade eden vektorii, Ci =
diag(cx) ise k. kullamcrya ait yayma kodunu gdsteren eleman-
lart {~, 5} degerlerini alan cx = [ck1, Ch1y ey k)T
seklinde tanimlanmisar. Toplamda K adet kullamicinin M adet
sembolii géndermek tzere gozlemlenen y(m) sinyalini vektor
formunda y={y® (1), ..., yT (M)}T yazarak alinan sinyal mod-
eli

h(1)CiF -+ bk(1)CkF h, w(l)
y=| o RN
b (M)CiF - bx(M)CkF hy w(M)
@
seklinde yazilabilir. Bu denklem daha basit formda
y=Ah+w 3)

olarak yazlabilir. Burada ¥, = E[hehl] olmak iizere her
bir kanalm dagilimu hy ~ N(0, En,) seklinde modellenmig
ve (3) denklemindeki biitiin kanallan ifade eden h vektoriine
ait dagilm ise By, = diag[Ey, -, k] olmak lizere h ~
N(0, =) seklinde yazitabilmektedir.

3. Tiimlesik Bilgi Sezimi ve Kanal Kestirimi

Bu ¢ahsmada, (1) denkleminde verilen sinyal modeli igin
tiimlegik bilgi sezimi ve kanal kestirimini gergeklestirecek EM
tabanl iteratif algoritmanin gikanmi yapilmistir. (1) denkle-
mindeki karistmlmg sinyallerin toplamim ifade eden sinyal
modelininin ¢oziimlenmesi EM algoritmasiyla miimkiindir{6].
Toplamsal olarak elde edilen y(m) sinyalinin ¢hziimlenmesi

. K
ym) = Yxm), m=12--.M @&
k=1

xk(m) = bk(m)Cthk+wk(m). (5)

geklinde yazilabilin. Burada xx(m), gdzlemlenen sinyalde k.
kullamicinmn birim basamak cevabi hy ile ifade edilmig kanal
{izerinden gdnderdifi sembole ait parcasim gostermektedir.
wy(m), sisteme etki eden w(m) giiriltistinin k. kul-
lamciya ait kismum  gdstermekte olup herbir kullanicaya

diisen giiriiltiilerin toplam degisintileri NofBx olmak iizere
K  wk(m) = w(m) seklinde tammlanmistic. NoBx
degerleri, 5 | 8x = 1,0 < B« < 1 kosullanm saglamak
iizere xx (m) sinyali igin belirlenmis giriiltit giciniin parcasini
belirlemektedir.

Bu durumda  ¢Oziimlenmesi  gereken  problem,
gozlemlenen y bilgisinden her bir kuilamcinin sinyalini
gonderdigi hx kanalmmn ve iletilen sembol dizisinin
b = {b(m)}¥,._, bulunmasidr. EM algorit-
masinda gbzlemlenen y dizisi “eksik” bilgi olarak,
xe = [Ke(D)yeonxeM)T k = 1,2,-- K ise “tim”
bilgi olmak izere, x = {(x1,h1), (x1, 1), .., (XK, i)}
seklinde tammlanmustir.

EM algoritmas:: Verilen #im bilgiden x =
{(x3,h1),(x1,h1), ..., (XK, hK)},  b'nin  kestirimi igin
kogullu olasihik fonksiyonu

K
log p(x[b) = _ log p(xk, hi[bx) 6)

k=1

seklinde tanimlanmistr. Burada by = [bi (1) ,bx @), - - , be(M)]
olmak iizere p(xx, hi|bi) ifadesi Bayesian kuralindan

log p(xk, hk|bk) = log p(xk|bk, he) + log p(hi[bk) (7)

olarak yazlabilir. ~ Génderilen bilgi dizisi bx ve kanal
cevab hy birbirinden bagimsiz oldugu igin (7) denklemindeki
log p(hi [bk) ihmal edilebilir. Bu durumda EM algoritmasinda
yapilmas: gereken ilk iglem “beklenen deger bulma” iglemi
olup logaritmik-olasilik fonksiyonun ortalamasimin alimasidir.
Gozlemlenmis y’den x "e ait kosullu beklenti hesabr yapilirsa
i. iterasyon igin b’nin degeri

@ (bio®) = E {1og p(xibly, b’} ®)

seklinde yazilabilir. (7) denklemindeki log p(x|b) ifadesinin
dzel formunu dikkate alarak (8) denklemi

K
Q (bIb®) = >~ Qu(bxlb") ©)

k=1

seklinde aynstnlabilmektedir. Buradaki Q« (bk|b®) ifadesi
Bayesian kurali ve (7) denklemi goz dniine almarak

Qulbelb®) = E{log plxelb, h)ly, b} (10

seklinde tekrar yazilabilir. (5) denkleminde mevcut by dan
bagumsiz terimler ihmal edilerek log p(x |bx, h, ) ifadesi

M
log p(xx[bk, hi) ~ 3 R{bx(m)hLF'Clxi(m)}. (1)

m=l

olarak yazilabilir. (11) denklemindeki ifade, (10) denkleminde
yerine koyulursa

([ F'CTxe(m))? 2 E {n{F'CTxu(m)ly, "} (12

olmak fizere, Qx (bx [b™) ifadesi

M
Qe(beb®) = 3 R{be(m)(M{F! Cixi(m))}  (13)
m=1




seklinde yazilabilir. (12) denklemindeki sarth beklenti kuralinin
uygulanmasi durumunda

(b} F'Cixim))! = BB F'Clxk (m)ly,b® h)|y,b™}

= B{WF'CL E(xx(m)ly,b®, h)ly,bP}  (14)

denklemi elde edilir Verilen y, h ve b = b® i¢in
xi (m)’e ait kogullu dagilim Gauss olmaktadir ve (b (m))t &

E(bi(m)ly, b*}, h) olmak iizere

E(xx(m)]y,b™, h) = (b (m))!CFhy (15)
K
+ B (y (m) ‘Z(bj(m))mcjfhj)

seklinde hesaplanabilir.  (15) denklemindeki ifadeler, (14)
denkleminde yerine koyulursa FTF = I and C{ Cy = +1

olmak iizere, (14) denklemi tekrardan
i 1 i i
(b} F Clxi(m))™ = 5 (b (m)) " E{hlhly, b®}

+8:E{h}ly,b}F'Cly(m)
K
=B Y (b;(m)YE{R[F'C{C;Fhyly,b™}. (16)
J=1,5#k
olarak yazilabilir. Sistemdeki giriiltiinin dagilminn w ~
N(0,22I), h’m 6nciil pdf’i ise h ~ N(0, ) oldugu igin,
verilmis y ve b"*)’e gore h’m kosullu pdf’i

p(hly,b™) ~ p(y[h, b@)p(h)
~ exp %U—li(y—Ah)T(y—Ah) -hTz;,lh] an

seklinde yazilabilir. Kosullu pdf p(hly, b™)’in

9 _ 1w, i s, L anta@]
“i):;&_zg‘)A( )Ty’ E;)zlizh 1+;-2-(A( ))TA( )] (18)
olmak iizere Gauss dagilimina sahip oldugu gdsterilebilir. (16)
denklemindeki sagdan ilk terimdeki E{hlh|y, b} ifadesi,
Znli, 7], Zh matrisinin (4, 7). elemanin gostermek iizere

(el 2 B(hihely bO} =t [50 1k, k] + 0 e (k)]
(19
seklinde hesaplanabilir. (16) denklemindeki ikinci beklenti
hesabi
(h)? £ E{hi]y,b®} = u (k). 20)
seklinde bulunabilir.  (16) denklemindeki son terim olan
E{hIF'CTC,;Fh;ly,b®} ifadesinin hesaplamasi igin
U, £ C,F,s; & ¥;h; tanimlamalar yapilirsa

=® 2 Elss'ly, b?) = E[@hh' ¢'ly, b = ox{7 ¢t

, @l
seklinde ifade edilebilir. Buradan (21) denklemi, u§’> e ufl'
olmak iizere

E{hlF'CY C,Fh,ly,b?} = E[s's|ly, b®]
=[S0k, 5] + n W[5 @)

olarak bulununur. o

En Biiyiikieme Adim: (M-Adim): EM algoritmasim
gergeklestirebilmek igin ikinci adimi olusturan M-Adumr’na
gore b ifadesi (7 + 1). iterasyonda

K
B = argmax Q(blb:) = Y- Qu(bib®).  (23)
k=1

olarak yazilabilir. (23) denklemindeki her bir Qx(bx|b®)
ifadesi igin en Dbiyiiklenme iglemi sistemde kodlama
kullanmilmamigsa ayri ayn

bV () = sgn [ER{(hLFTCsz(m))“]}] (24

seklinde gergeklenebilir  EM algoritmas1 sonucunda kul-
lanicilara ait génderilen bilgi bit dizisi kestirimi

800 = sen [R{ om0 - 80

K
+ BT y(m)— 3 ol m)®, i) 25)
Je=1,57k

seklinde hesaplanabilir. Sonugta (25) denklemi, birlesik kanal
kestirimi ve pargali karigim yoketmeli ‘bilgi sezimi olarak
diiiiniilebilir. Alict yapisindaki her bir bilgi sezimi igin ge-
len sinyalden, ilgili kullanicidan harig, diger kullamicilara ait
sinyallerin karigimi azaltilarak tek kullanicr i¢in 6nerilmis alict
yapisina uygulanmaktadir. Sonugta K kullanicili optimizasyon
problemi, ¢dziim iglemi daha kolay olan K adet birbirinden
bagimsiz optimizasyon problemine déniigmektedir.

4. Bilgisayar Benzetimleri

Bu béliimde, frekans segici kanallar iizerinden galisan yukar
link MC-CDMA igin oOnerilen alict yapisinin bagarimi, her
bir kullanicinin aym seviyede gii¢ miktan aldif1 varsayilarak
incelenmigtir.  Her bir kullanici igin, kodlan arasinda dik-
lik 6zelligi bulunan Walsh dizisi, boyutu kanalda kullanilan
altbant sayisina egit olacak sekilde tanimlanmugtir: P = 16.
Sistemde aktif kullamci sayis1t K = 8 segilmis ve her bir
kullanicinin gonderdigi bilgi gercevesi T' adet pilot, F' adet
bilgi semboliinden olusmaktadir. Verici antenler ve alict an-
ten arasindaki kablosuz haberlesme kanallarnin L uzunlufunda
karmagik katsayilardan olusan N(0, X)) dagiimii oldugu
varsayilmaktadir. Kanal 6ziliski matrisi olan 35’1n alicida
bilindigi varsayilmistir. Literatiirde daha 6nce 6nerilen ahici
yapilarina gore; gelen bilgi gervesindeki T adet pilot sem-
bolii kullanilarak MMSE kanal kestirimini gergeklestiren alici,
buldugu bu kanal katsayilar1 yardimiyla gelen gergevedeki F'
adet bilgi semboliinin MMSE kestirimini gergeklestirmektedir.
h ve b’nin ayn iki adet MMSE kestirimci yardimiyla bu-
lundugu igin bu alict yapiss MMSE-SDE (separate detec-
tion and estimation) olarak tammlanmistir. Ayrica MMSE-
SDE’nin ¢ikigimn PIC  alicisina uygulzinfnasx durumunda,
aliciya tiimlesik MMSE-PIC denilmistir. Birlesik bilgi sezimi
ve kanal kestiritn iglemini gergeklegtiren EM-JDE (Joint De-
tection and Estimation) algoritmasmin basarimlari MMSE-SDE
ve Tiimlesik-MMSE-PIC alici yapilanyla kargilagtiniimistir.
Kanala ait bilgilerinin alicida tamamen bilinmesi duru-
munu gosteren CS1 (Channel state information) durumlan




Sekil 1: Frekans Segici Kanallarda Ahecr Yapilaninin BER
Basarimlan (T= 4,F=40,L= §,U= 8)

da CSI-MMSE ve CSI-Tiimlesik MMSE-PIC olarak aynca
incelenmigtir. Kanalin-tamamen bilinmesi durumunda gelen
bilgi dizisinin en iyi kestirimi yapilarak PIC yapisma uygu-
lanacag icin CSI-Timlesik MMSE-PIC egrisi bize mevcut
iletigim sartlar1 igin alt-sinin vermektedir.

Sekil 1’de EM-JDE™nin BER bagarim yukanda bahsedilen
MMSE-SDE, Tiimlesik-MMSE-PIC, CSI-MMSE ve CSI-
Timlesik MMSE-PIC sistemleri ile karsilagtinlmistir. Adaletli
bir kargilasttrma ig¢in Timlegik-MMSE-PIC, CSI-Tiimlesik
MMSE-PIC ve EM-JDE alic1 yapilan ii¢ iterasyon igin
calistinimugtir. Sekil- I'de  EM-JDE ahicisimin  basarimi
MMSE-SDE, Tiimlesik-MMSE-PIC, CSI-MMSE alicilarmin
basanmlarindan daha iyi oldugu ve CSI-Timlesik MMSE-PIC
durumundaki basarima yaklastifi gozlemlenrnigtir,

Sekil 2°de kullanilan farkli pilot sembol sayilarina gore
yapilan ilklendirme isleminin EM-JDE ve Tiimlesik MMSE-
PIC alic1 yapilannm baganimlaring olan etkisi incelenmistir.
Yapilan bilgisayar benzetimlerinde az sayida pilot kullanimmin
yapilan ilklendirme iglemini etkileyerek sistemin bagarmim
azalthg, ancak baganmdaki bu diigiigiin Timlesik-MMSE-PIC
’de EM-JDE’ye gore daha fazla oldugu goriilmiistiir. Diger
taraftan yapilan ilklendirme islemi igin kullamlan pilot sem-
bollerin sayisiun artiritmas1 durumda yapilacak kestirimin
oldukea iyilesmesinden dolay1 Tiimlesik-MMSE-PIC ve EM-
JDE arasmndaki basanim farkinm azaldig1 gézlemlenmistir.

5. Sonug

Bu ¢alismada, frekans secici kanallarda ¢aligan yukart link MC-
CDMA sistemleri igin birlegik bilgi sezimi ve kanal kestirim
islemi problemine yaklagimda bulunulmustur.  Kocian’min
diiz sonlimlemeli Rayleigh kanallar Gizerinden ¢alisan yukan
link DS-CDMA sistemler igin Gnerdigi EM tabanlt ahc
yapis1 genellegtirilerek probleme uygulanmis ve kullanicilara
ait bilgi dizilerinin sezimi i¢in pargah karnistm engelleyici
ve kanal kestirimci kullanilarak kapali formda ¢oziim elde
edilmigtir. Yapilan bilgisayar benzetimlerinde kullamlan az
sayidaki pilotun EM algoritmasim ilklendirmek igin yeterli
oldugu ve daha 6nce 6nerilen MMSE-SDE, Tiimlesik-MMSE-

=B T=Z Tomiesk MMSE-PIC|

=0 Tud Tomiesk MMSE-PIC|

== TmG, TOmbenik MMSE-PIC]

—6— T«2 EM-JOE

—8— Tu=d EM~JDE

e — T=§ EM-JDE

- ry n 3 L L 1
4 5 [ 7 L] 9 10 11 12 13 4

Sekil 2: Kullamlan Snek uzunluklarina gére BER basarminin
incelenmesi (F= 40,L= 8,U= 8)

PIC alici yapilarindan istiinliigii gdsterilmistir.  iterasyonla
birlikte -yapilan kestirim- iglemlerinin -diizeltildigi ve kanal-
lara ait bilgilerin ahcida tamamen bilinmesi durumundaki
Tiimlesik MMSE-PIC alict yapisinm basanimina’ yaklastigt
gbzlemlenmistir.
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