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OZ

Glinlimtizde 6nemi hizla artan gezgin ve telsiz (mobil /wireless) iletigim sistemleri (uydu
iletisimi, gezgin radyo, "indoor” iletigim) iletisim kanalimin neden oldugu toplamsal Gauss
glriltistne ek olarak soniimlemeden (fading) ve faz seyirmesinden de biiyiik élgiide etkilen-
mektedir. Bu tir sistemler i¢in, gerek kullamca sayisinmn artmasi ve gerekse gezgin anten
boyutlar: ve uydunun 1gmim sinirlamalari nedeniyle band ve giic verimliligi yitksek iletigim
tekniklerinin gelistirilmesi gerekmektedir. Gezgin iletigim sistemlerinde kanalin neden oldugu
sontmleme etkisini azaltmamn diger bir yolu da cesitleme (diversity) yontemlerinden yarar-
lanmaktir. Cegitleme sisteme degisik gekillerde, Grnegin frekans ya da zamanda konabilir.
Cesitlemenin dogal olarak varoldugu durumlarda ise, orngin gok yollu yansimada, yapilacak
gey uygun bir aher ile varolan cesitlemeden yararlanmaktir. Bu amagla son bir kag yil
iginde, kafes kodlamal: modiilasyon tekniginin bir genellemesi gibi diigiinebilecegimiz, "uzay-
zaman kodlama (space-time coding)” adiyla yeni bir teknik ortaya atilmigtir. Kodlamanin,
modiilasyonun ve cegitlemenin optimum bir sekilde birlestirildigi bu yontemle tasarlanmig
gezgin iletisim sistemlerinin bagarimlarinda biyik tyilesmeler sagladigi goriilmiigtiir.

Diger taraftan genis bandh gezgin iletisim sistemlerinde, 6zellikle frekans secici kanallar
uzerinden iletimde yiksek basarimlarindan dolay1, "¢ok tagiyicili (multicarrier)” sistemler
gunumizde yaygin olarak kullanilmaya baglamigtir. Bu sistemlerin OFDM diye adlandirlan
versiyonu, tiim iletigim kanalim belli sayida, alt-kanallara bélerek bilgiyi birbirine dik (orthog-
onal) se¢ilmig alt-tagiyic: frekanslarla iletme ilkesine dayanmaktadir. Bu sekilde frekans secici
bir kanalin ¢ok-yollu ve séniimleme etkileri en aza indirilmig olmaktadir. Ancak, OFDM sis-
temlerinin gerek tagiyic: frekans ve gerekse faz kaymalarina, cok duyarli oldugu bilinmektedir,
Bu nedenle OFDM sistemlerinde frekans ve faz egzamanlama (senkronizasyonu) probleminin
bu duyarhg: da agacak sekilde ¢éziilmesi gerekir,

Projenin amaci uzay-zaman kodlama teknigi ile OFDM tekniginin birlestirildigi ve siirekli
faz modilasyonunun kullanildigi yeni bir "uzay-zaman kodlamalh OFDM tumlesik, genis

bandli gezgin iletisim sisteminin” verici ve ahel kisimlarmin tasarlanmas: ve boyle bir sis-
tem igin gerekli egzamanlama algoritmalarinin geligtirilmesidir. Daha sonra tasarlanan sis-
temin hata bagarimlar gerek analitik yontemlerle ve gerekse benzetim yoluyla incelenecek-
tir. Bagarnim analizlerinde bit hata olasihklarimn iist sirlarmin belirlenmesi amaclanacak

ve diger sistemlerle kargilagtirlmas: yoluna gidilecektir,

Anahtar Kelimeler: Gezgin iletigim, Uzay zaman kodlamasi, OFDM, tagiyica egzamanlamasi,

kanal kestirimi.




ABSTRACT

Mobile /wireless communication systems are largely effected by the fading and phase shift
as well as the additive Gaussian noise caused by the transmission channel. These kinds of
systems require development of power and band eflicient transmission techniques for some
reasons such as the increase in the number of users, dimensions of the mobile receiver antenna
or the radiation limitations of the satellite. In mobile communication systems one way to
reduce the effects of fading is to make use of diversity techniques, which can be adapted to
the system in various forms such as frequency or time diversity. Sometimes diversity may
also exist naturally, in such situations it is convenient to make use of this diversity via an
appropriate receiver structure. For this purpose, space-time coding, a generalization of trellis
coded modulation technique, is recently developed. A substantial amount of improvements
have been observed in the performance of mobile communication systems that utilize this
technique having optimal combination of coding, diversity and modulation.

“On the other hand in wide band transmission systems, especially in the presence of the
frequency selective channels, multicarrier systems are being employed extensively because of
their high performance. A version of multicarrier systems that is called OFDM divides the
transmission channel into a number of sub-channels and transmits information from these
sub-channels over orthogonal sub-carriers. This helps to minimize the multi path and fading
effects of the frequency selective channel. However, OFDM systems are very sensitive to
frequency and phase shifts. So in these systems frequency and phase synchronization issue
must be dealt in a way to overcome this sensitivity as well.

The objective of this project is to design receiver and transmitter structures and develop
synchronization algorithms for a new "space-time coded OFDM integrated wide band mo-
bile communication system” that utilizes a combination of space-time coding and OFDM
with continuous phase modulation. The performance of these developed structures will be
examined by analytical means and computer simulations. The performance analysis will be
presented by means of the upper limets of the bit error rate(BER) and the BER performance

will be compared with other systems.

Key Words: Mobile communications, space-time coding, OFDM, carrier synchronization,

channel estimation.




Boliim T
GIRIS

1.1 Konu

Bu projede, giintimiizde cok dnem kazanan gezgin-telsiz (mobil/wireless) iletisim alamnda
son yillarda yaygin olarak kullanilmaya baglanan uzay-zaman kodlama ve OFDM tekniklerinin
birlestirildigi ve stirekli faz modiilasyonunun kullanildigl, yeni bir “uzay-zaman kodlamal
OFDM tiimlesik genis bandh gezgin iletisim sistemi” nin verici ve alicr kisumlarininin tasar-
lanmast ve boyle bir sistem icin gerekli egzamanlama ve kanal kestirim algoritmalarimin

geligtirilmesi ongoriilmektedir.

1.2 Literatiir Ozeti

Guntimiizde 6nemi hizla artan gezgin ve telsiz iletisim sistemleri (uydu iletisimi, gezgin
radyo, “indoor” iletigim), iletisim kanalinin neden oldugu toplamsal Gauss giiriiltiisiine ek
olarak soniimlemeden(fading) ve faz seyirmesinden de bityitk 6lgiide etkilenmektedir. Bu
tur sistemler igin, gerek kullamer sayisimin artmas: ve gerekse gezgin anten boyutlar veya
uydunun 1gmim sirlamalar nedeniyle band ve gug verimliligi yiiksek iletigim tekniklerinin
geligtirilmesi gerekmektedir. Bu amacla, kafes kodlamalh modiilasyon (Trellis Coded Modula-

tion(TCM)) yontemi ile kismi yanith (Partial Response) sinyal igleme teknigi, daha énceden,

grubumuz tarafindan tiimlesgtirilerek QPR-TCM (Quadrature Partial Response TCM) adim
verdigimiz yeni bir kodlu modiilasyon yapis: onerilmis, bu yapiyi iceren bir sistemin bagarim
analizi toplamsal beyaz Gauss giiriiltisi ve Rician fading etkileri altinda analitik olarak in-

celenmistir. Daha sonra, bu bagarimin lyilestirilmesine yénelik yeni kod tasarim olgiitii elde
edilmis ve referans sistemlere gére tistiinliigii ortaya konmustur [1,2]. Kismi yanith iletigimin
M-PSK modiilasyon teknikleriyle tiimlegtirilmesi (3] ve M-PSK TCM in cesitli séniimleme
etkileri altinda bagarim analizleri de yine grubumuzca gergeklegtirilmistir [4,6,17,18,19,21 ,23].

Hetlglm band verimliligini artirmada genellikle siirekli faz modiilasyonu tekniklerinden yarar-
lamlmaktadir. Bu konuda grubumuz tarafindan yapilan ¢aligmalarda yeni bir takim yapilar
uretilmistir [5,7,15,16,20,22,24,25]. Gezgin iletigim sistemlerinde kanalin neden oldugu soniim-
leme etkisini azaltmann diger bir yolu da Gegitleme (diversity) yéntemlerinden yararlan-
maktir. Cegitleme, sisteme degisik sekillerde, ornegin frekans, uzay ya da zamanda konabilir.

Cesitlemenin dogal olarak varoldugu durumlarda, ise, ornegin ¢ok yollu yansimada, yapilacak




ey uygun bir alicr ile varolan cesitlemeden yararlanmaktir. Bu amagla son yillarda, kafes
kodlamal modiilasyon tekniginin bir genellemesi gibi dusiinebilecegimiz, “uzay-zaman kod-
lama (space-time coding)” adiyla yeni bir teknik ortaya atilmsg ve kodlamanin, modiilasyonun
ve gesitlemenin optimum bir sekilde birlegtirildigi bu yontemle tasarlanmig gezgin iletigim
sistemlerinin bagarimlarinda biiyiik lyilegmeler saglandig gorilmiistiir [8-13). Diger taraftan
genig bandh gezgin iletigim sistemlerinde, dzellikle frekans secici kanallar tizerinden iletimde
yuksek basarmmlarindan dolay1, “cok tasiyicih (multicarrier)” sistemler glniimiizde yaygin
olarak kullanilmaya baslamigtir. Bu sistemlerin OF DM (Orthogonal Frequéncy Division
Multiplexing) diye adlandirilan versiyonu, tim iletisim kanalni belli sayida alt-kanallara
bolerek bilgiyi birbirine dik(orthogonal) olacak bigimde secilmig alt-tagiyic: frekanslarla iletme
ilkesine dayanmaktadir. OFDM sisternlerinde alt tagiyicilarm spektrumlarinin birbirleriyle
ortugmelerinin iletigim agisindan bir problem olusturmamas nedeniyle, sisternin band genisligi
randimanm agisindan biyiik bir tistiinkik saglanmig olunmaktadir. Ote yandan OFDM, tek
tagiyiaali sistemlere nagaran olduk¢a uzun bir sinyallesme peryoduna sahip oldugundan,
ozellikle frekans ‘secici kanalllar iizerinden iletiginilerde,” gok-yollu ve séniimleme etkilerin;
enaza indirmekte ve daha iyi bir bagarima sahip olmaktadir. Ancak, OFDM sistemlerinin
gerek tagiyic1 frekans ve gerekse faz kaymalarima ¢ok duyarl oldugu bilinmektedir. Bu ne-
denle OFDM sistemlerinde frekans ve faz eszamanlama (senkronizasyon) probleminin bu
duyarligi da asacak sekilde goziilmesi gerekir. Panayirer ve Texas A&M Universitesinden
bir aragtirma gurubu, OFDM sistemlerini de frekans ve faz eszamanlamasi igin En Biiyiik
Olabilirlik (Maximum Likelihood) yontemine dayanan hizh ve iteratif yapida yeni algorit-
malar Snermig ve bu algoritmalarin 6zelllikle frekans segicl kanallar igin de ¢ok Iyl sonuclar
verdigini gostermiglerdir [14,26-29].

1.3 Amacg

Proje grubunun yukarida literatiir 6zetinde belirtilen aragtirmalarda edindigi bilgi ve deneyim
birikiminden yararlanarak projede sunlar amaclanmaktadir:

e Uzay-zaman kodlama teknigi ile OFDM teknigini birlegtirerek ve siirekl faz modiilasyo-
nunu da kullanarak, yeni bir tumlegik genis bandl "Uzay-zaman Kodlamal OF DM
Gezgin Ueti@im Sistemi’nin verici ve alici kisimlarinn tasarlanmas:

e Boyle bir sistemin 6zellikle frekans segici kanallar {izerinden iletisim yapmasi duru-
munda bagarim analizinin analitik yontemlerle ve bilgisayar benzetimleri ile gergeklegti-

rilmesi




* Irekans secici ve soniimlemeli kanallarda, uzay- zaman kodlama tekniginin sagladip
cesitlemenin olumlu etkileri ile OFDM tekniginin getirdigi sistemin frekans secici etk-

ilere bagigikliginin incelenmesi ve klasik sistemlerle kargilagtiriimasy

e OFDM sistemi igin onceden gelistirilen frekans ve faz eszamanlama algoritmalarinin
nasil bir modifikasyonla yeni sisteme uydurulacagimn aragtinlmasi ve yeni egzamanlama

algoritmalarinin gelistirilmesi.

Boylece, hem gesitleme saglayan ve hem de kanalin frekans segiciligine duyarl olmayan
yeni bir tiimlegik iletisim sisteminin mimarisi bu projede ortaya konacak ve bagarimi ayrintih

olarak incelenecektir.

1.4 Yontem

Projede gergeklestirmeyi diiglindiigiimiiz tumlesik iletigim sisteminin verici ve alici béliimleri-
nin blok gemalar: Sekil 1.a ve b de gosterilmistir. Sekil 1. a daki sistemin verici bolimiintin
blok semasidan gorillecegi gibi, kaynaktan iiretilen bitler bir konvolusyonel kodlayic: ile
kodlanmakta ve kodlayicr ¢ikigindaki kod sozciikleri iki ayn sinyal esleme(signal mapping)
kural ile bir sayisal modiilasyon tiiriindeki simgelere, (6rnegin M-PSK veya M-QAM) kars:
dusiirilmektedir. Daha sonra bu simgeler OFDM teknigi ile kendi verici antenleri aracilig
ile aliciya iletilmektedir. Sekil 1.b deki alic: blok semasindan da gortilecegi gibi, iki verici an-
teninden gelen sinyaller bir alic1 anten vasitasiyla toplanmakta, demodiilatérle temelbanda
(baseband) indirilmekte, daha sonra OFDM ahas: ve bunu izleyen uygun bicimde tasar-
lanmus bir Viterbi kod ¢éziiciisii ile ¢oziilerek iletilen bitler alicida yiiksek bir dogrulukla elde
edilmektedir.

Bu sistem yapisi temel alinarak projede:

e Tumlegik uzay-zaman kodlamah OFDM sisteminin tasarim olgiitlerinin arastirilmasi
ve bilgisayar arama algoritmalar1 (computer search algorithms) yardimu ile eniyi sistem

yapisinin bulunmasina calisiimakta

e Bit hata olasilig1 list sinir analiz yéntemlerinden yararlamlarak tasarlanmig tiim sis-

temin bagarim analizlerinin analitik olarak elde edilmesi {izerine cahgmalar yapilmakta.
e Tasarlanan tiim sistemin hata basarim bilgisayar benzetimi ile gergeklegtirilmektedir.

» “Expectation-Maximization(EM)” optimizasyon yontemi ile tasarlanan sistem icin tag-

yic1 frekans ve faz egzamanlamasmin enbiiytik-olabilirlik (Maximum likelihood) teknigi




ile gergeklestirilmesi Uzerine calismalar yapilmaktadir. Ozellikle OFDM gibi cok tagiy1-
cili bir sisteminin séniimlemeli kanallar iizerinden iletigim yapilmasi durumunda, tiim
alt-tasiyicr frekans ve fazlar farkh kaymalara maruz kalacaktir. Bu durumda eniyi ola-
bilirlik teknigi ile kayan frekans ve fazlarin kestirimlerinin (estimation) yapilabilmesi
matematiksel olarak pek olanakl goziikmemektedir. Bu durumlarda EM optimizasyon
yonteminin ¢ok iyi sonuglar verdigi [14,26-29] calismalarda gosterilmigtir.
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1.5 Katkilar

Séniimlemeli kanallar izerinden gezgin iletisimde, yuksek bagarimla calisan uzay-zaman kod-
lamali OFDM sistemine yonelik calismalardan iiretilen bilimsel sonuclar ve tasarim teknikleri
hem uluslararas: ve hem de ulusal diizeydeki konferanslara sunulup, yiksek sayginhga sahip

dergilerde yaymlanmstir.
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Bolum IT

PROJEDE GERCEKLESTIRILEN CALISMALARIN
OZETLERI

2.1 Giris

Bu bolumiin temel amaci, uzay-zaman kodlamali OFDM tiimlesik bir sistemin tasarim
i¢in projede gerceklestilen tiim caligmalarin bir 6zetinin verilmesidir. Bu gercevede, hemen
izleyen Bolim 2.2 de uzay zaman kodlamali OFDM tiimlesik sistemi {izerinde Minimum
Faz Kaydirmali Anahtarlama (Minimum Shift Keying(MSK))teknigi ile iletisim yapan bir
sitemin tasarimi ele alinmakta ve bu cahgma Bélim 2.3 de ¢oklu MSK modiilasyonlu sis-
temlere genigletilmektedir. Boliim 2.4 ise birden fazla aha anten kullanan dik uzay-zaman
kodlarinin telsiz kanallarda, hata bagariminin arttinlmas: amaciyla kullamlan, giic kontrol
yapilarinin incelenerek soniimlemeli kanallarda yiiksek hata bagarimina sahip bir iletigim sis-
temi onerilmektedir. Boliim 2.5 te ilintili frekans-segici sontimlemeye sahip kanallar izerinden
iletisim igin dik uzay-zaman kodlamali OFDM kullanan tiimlesik iletigim sistemi tasarimlar
ele alinmaktadir. Bolim 2.6 te telsiz kanallarda verici gesitlemesi kullanan iletisim sistemi
igin dizi yeni bir dizi kestirim yontemi onerilmekte ve Bolim 2.7 da da uzay-zaman kodla-
mali OFDM tiimlegik sistemleri i¢in yeni kanal kestirim algoritmalar: teklif edilmektedir. Son
olarak Bolim 2.8 de bu sistemler igin yeni tagiyici frekans ve faz egzamanlama algoritmalar

sunulmaktadir.

2.2 MSK-OFDM Tiumlesgik Sistemn Tasarimi

Bu gahsmada, ¢oklu kafes kodlu MSK(Minimum shift keying) modiilasyonu OFDM iletim
teknigi ile birlestirilerek &zellikle sontimlemeli kanallar igin yiiksek basarima sahip yeni bir
iletisim sistemi Onerilmektedir. Sistemin verici kisminda bilgi dizisi, katlamal kodlayici
yardimiyla kodlanarak ¢oklu kafes kodlu bir MSK sinyalini olusturmak iizere énceden belir-
lenmis kanal simgeleri ile eglegtirilmek- tedir. OFDM sisteminin en belirgin 6zelligi olan dik
tagiyicilart gergeklegtirmek igin uygulamas: kolay ve maliyeti diigiik olan hizhi Fourier (Fast
Fourier Transform, FFT) ve ters hizh Fourier déniigturiicilerden (Inverse Fast Fourier Trans-
form) yararlanilmaktadir. Kodlanmg ve eglenmis simge dizisini alt-tagiyicilara Stelemek
amact ile NV ’lik IFFT blogu kullamlmaktadir. Burada, NV sayis alt-kanal sayisini géstermekte

olup, Fourier iglemlerinin hizli ve etkin yapilabilmesi i¢in N degerinin 2’nin bir iissii olarak
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secilmesi gerekir. IFFT iglemine uygun bigime getirilmek amaciyla kodlanmis sinyal dizisi bir
seri- paralele dontigtiiriicii yardimiyla /N blok uzunlugunda paralel bir diziye déniigtiiriiliir.
IFEF'T blogu ¢ikigt yeniden seri bigime dontigtirtlerek simgeler arka arkaya kanala, gonderilir.
Alicr tarafta ise pegpege alinan her IV kanal simgesi paralele dontigtiiriiliip FFT si alinir. Daha
sonra, FF'T ¢ikisi paralelden seriye donustiriilerek cikigta ¢oklu kafes kodlanmis MSK sinyal
dizisinin kanalin sontimleme ve gurilti etkileriyle bozulmug bicimi elde edilir. Alicinin son
adiminda ise TCM kod ¢oziicii kafes kodlarim en buyik olabilirlikli ¢oziimiinii gerceklestiren
Viterbi algoritmasi kullanilarak iletilen bilginin yeniden elde edilmesine ¢aligilir. Genis bandh
iletisimde en kotu durumlardan birisi de iletigim kanalinimn frekans secici olmasidir. OFDM
teknigi boyle bir kanah ¢ok sayida (/N adet) birbiriyle ortusebilen alt-bandlara bolerek kullan-
may1 saglarken, frekans-secici kanali frekans-segici olmayan yani diizgiin sontimlemeye (flat
fading) sahip N alt-banddan olugmasim saglar. Bdylece, her bir bandtan iletilen sinyaller
alicida daha kolay ¢oziilebilir. Viterbi algoritmasim kullanmay: kolaylagtiran bagka bir etken
ise kanal girigindeki IFFT ve kanal cikisindaki FFT iglemleri nedeniyle soniimlemenin alt-
kanallar tizerindeki etkisinin, px,0 < k& < N — 1 soniimleme katsayilarinin FFT cikigida

kodlanmg simgeleri ¢carpmasi bi¢iminde olugmasidir:
e = ppCr +ng, 0 < k< N —1.

Burada, r,, N ’lik bir iletim gergevesi icersinde k. zaman diliminde kod ¢oziicu girigine
gelen ornektir. Cy bu gergevede k. alt-kanaldan iletilmig olan ¢oklu kafes kodlu MSK sim-
gesini gosterirken, ny sifir ortalamali, boyut bagina Ny/2 varyansh istatistiksel bagimsiz
Gauss dagihmh girilti ornegidir. py ise kanalin k. alt-kanalinin bu gergeve siiresince gegerli
soniimleme katsayisidir ve kompleks Gauss dagilim ile modellenebilir. Boylece, iletimde
problemlere neden olan frekans-segici kanal , alici tarafindan bakildiginda zaman-secici kanala,
déniigtiriilmiis olup sisteme oldukea buyiik bir cesitleme (diversity) eklemigtir.

Calismada, cegitli goklu MSK kafes kodlarin OFDM sistemlerde hata bagarimlan bil-
gisayar benzetimleri yardimiyla incelenmis ve elde edilen sonuglar “MSK modiilasyonlu
OFDM sistemleri” adli bir bildiri ile 25-27 Nisan 2001 tarihleri arasinda Kuzey Kibrns
Tirk Cumhuriyeti'nde diizenlenmis olan 9. Sinyal Igleme ve Uygulamalari Kurultayi’'nda

sunulmustur.

2.3 Uzay-Zaman Kodlamali Coklu-MSK Sistem Tasarim

Proje amaci dogrultusundaki diger bir ¢calisma ise, MSK modiilasyonunun band verimliligi ile

uzay-zaman kodlarnin giic verimliligini biraraya getiren goklu MSK modiilasyonlu bir uzay-




zaman kodlamali sistemin alict performansinin analitik yontemlerle incelenmesi ve elde edilen
bagarim sonuglarimn bilgisayar benzetim sonuglan ile karsilagtinlmasindan olugmaktadir.

Minimum kaydirmah anahtarlama (Minimum Shift Keying, MSK) modiilasyonu, siirekli
faz modiilasyonunun 6zel bir bigimi olarak sabit zarf, band verimliligi gibi 6zellikleri nedeniyle
band ve/veya gii sinirh iletigim ortamlan igin oldukca uygun bir modiilasyon teknigidir.
Yapisinda barindirdigy dogal kodlamaya ek olarak band verimliliginden bir miktar Szveride
bulunularak gii¢ verimliliginin kodlama iglemi yardimiyla daha da artirilabiliyor olmasi, bu
modiilasyon teknigini soz konusu iletigim ortamlar igin daha da cekici duruma getirmek-
tedir. Son yillarda yaygin olarak incelenen ve sistemin kodlama kazancinmi artiran bu tur
yontemler genellikle kafes kodlamali modiilasyon (trellis coded modulation, TCM) teknigine
dayamr. MSK modilasyonu, toplamsal beyaz Gauss giiriiltiili kanallarin yanisira ézellikle
gezgin iletigim sistemlerinde karsilagilan séniimlemeli (fading) kanallar igin de ¢ok uygun bir
modiilasyon teknigidir. Kafes kodlamali sistemler icin Gauss giiriiltilii kanallarda, ézellikle
yiksek sinyal-giiriiltii oranlarinda, hata bagarim &lciitii serbest Oklid uzaklifi olmasina
kargin, soniimlemeli kanallarda, yiiksek sinyal-giirtlti oranlarinda én onenili hata bagsarim
olgiiti etkin kod uzunlugu (effective code length, ECL), ikincil olarak da ¢carpimsal uzaklktir
(product distance, dg), Iyi bir kod tasariminda, etkin kod uzunlugunun ve ¢arpimsal uzakhgi-
min olabildigince biiytk yapilmasma ¢aligthr. MSK modiilasyonunda etkin kod uzunlugu ve
carpimsal uzakhg artirmanin bir yolu da goklu kafes kodlamas) (multiple trellis coding) kul-
lamilmasidir. Birden gok kafes adimimin birlegtirilmesi sonucunda olusturulan yeni kafeste her
dala birden fazla simge eglestirilerek kodun etkin kod uzunlugu ve garpimsal uzakhg: oldukca
artinlir. Sonumlemeli kanallarda hata bagarimini artirmanin bir yolu da gesitleme (diversity)
tekniginden yararlanmaktir. Cegitleme, tiim kanallarda birden derin sontiimleme olasihginin
kiigiik olacag: varsayimi altinda, ayni bilgiyi birden fazla bagunsiz kanaldan iletmeye dayanir.
Bu bagimsiz kanallar frekansta, zamanda ve/veya uzayda (farkhi anten) gesitleme yoluyla
yaratihr. Cesgitleme tiirleri birlikte veya ayr1 ayri bir iletigim sisteminde kullamlabilir. Za-
man cesitlemesinde, gonderilen sinyalin en az zayiflaris bir kopyas: farkli iletim anlarindan
birinde elde edilirken frekans gesitlemesinde bu kopya aym zaman arahginda farkh frekans
bolgelerinden birinden elde edilir. Uzay ya da anten gegitlemesi ise birden ¢ok verici ve/veya
alici anten kullanilarak hata bagariminin artirilmasina dayanir.

Alicr anten sayisini artirarak cesitleme saglama literatiirde yeterince incelenmis bir konu
olmasina kargin cegitleme i¢in verici anten sayisini artirmak ve bu antenleri kod tasarimi
sirasinda birlikte goz oniine alarak her biri i¢in farkh kodlayieilar geligtirmek yeni bir konudur.
Bu yeni teknige uzay-zaman kodlamasi denmektedir. Bu ¢alismada, uzay-zaman kodlama

teknigi MSK modulasyonuna uygulanmakta, iki verici ve bir alicr anten igin iki, dort ve
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sekiz durumlu uzay-zaman kodlamal ¢oklu MSK sistemler onerilmektedir. Bu sistemlerin
tasarimlarinda, diizgiin ve yavag sonumlemeli kanallarda uzay-zaman kodlarinin tasarim
6lgiitlerini olugturan rank ve determinant olgiitlerinin eniyilegtirilmesi yoluna gidilmig ve
bu amacla geligtirilen bir kod arama algoritmasindan yararlanilmistir. Onerilen kodlarm
hata baganmlan gelistirilen bir bilgisayar benzetim programi yardimiyla incelenmis, tek
verici anten kullanilmas: ve her iki verici antende aym MSK kafes kodunun kullanilmas:
durumlarina olan tstiinliikleri Rayleigh séntmlemeli kanallar igin ortaya konulmustur. Bu
caligma bu yil 25-27 Nisan 2001 tarihleri arasinda Kuzey Kibris Tiirk Cumhuriyeti'nde
diizenlenmis olan 9. Sinyal f§leme ve Uygulamalar Kurultayr’nda “Uzay-zaman kodla-
mali coklu MSK modiilasyonu” adh bildiriyle sunulmugtur. Bu konuyla ilgili olarak elde
edilen uzay-zaman kodlamali ¢oklu MSK yapilarinin hizh Rayleigh soniimlemeli kanallar
{izerinde hata bagarimimi incelemek amaciyla, bundan once kafes kodlamali yapilarin yol
ciftleri hatasini ve bit olasiliklarini kestirmek amaciyla ortaya atilan teknikler, uzay-zaman
kodlamali ¢oklu yapilara genellegtirilmig ve daha Once elde ettigimiz uzay-zaman kodla-
mal goklu MSK yapilarna uygulanmigtir. Caligmanin bu béliimiiniin sonuglarnni da igeren
genigletilmig bigimi 25-29 Haziran 2001 tarihleri arasinda Rethymno, Yunanistan’da duzenlen-
mis olan 8th International Conference on Advances in Communications and Control (COM-
CON)da ”Space-time coded multiple MSK” adl bildiriyle sunulmugtur.

2.4 Dik Uzay-Zaman Kodlarinda Gug¢ Kontrolu

Bu caligmada literatiirde bir alic1 antenli dik uzay-zaman kodlar: igin ortaya atilan gug kon-
trol yapisi birden fazla alici anten kullanan dik uzay-zaman kodlamalh iletigim sistemleri
igin genellegtirilerek séntimlemeli kanallarda yiiksek hata bagarimina sahip bir iletigim sis-
temi 6nerilmistir. Kanal kazanglarimn alicida hatal kestirilmesi durumunda yiiksek bagarim
saglayan iki ve iig alic1 antenli iletigim yapilan tasarlanarak giig kontrolii uygulanmadigi du-
ruma gore olan kazanclar bilgisayar benzetimleri yardimiyla sunulmugtur. Gezgin kanallar
iizerinden bilginin hizli ve giivenli iletimini engelleyecek gesitli etkenler bulunmaktadir. Band
geniglifi ve iletim giicii smirlamalan, kullamlacak iletigim sisteminin tasarminda onemli
olciitler olarak ortaya cikmakta iken kanaldaki toplamsal giiriiltii ve 6zellikle de gok-yollu
iletigim yapisinin ortaya gikardig: soniimleme etkisi hata bagarimini oldukga kotiilestirmektedir.
Giderek artan gezgin birimlerin hareketliligi sonucunda 6nemli boyutlara varan soniimleme
etkisi iletisim kalitesini diigiiren baghca etkendir. Séniimlemenin gezgin iletigim sistemleri
tizerindeki etkisini azaltmamn en iyi yolu gesitleme tekniklerinden yararlanmaktir. Uzay,

zaman ve frekans cegitlemesini de igeren ¢esitleme tekniklerinin amaci, iletim ortaminda
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bagimsiz kanallar ortaya gikararak aym bilgiye iliskin gesitli sinyallerin aliciya ulagmasim
saglamaktir. Boylece, kullamlan bagimsiz kanallardan biri lizerinden iletilen bilgi derin
soniimleme etkisi sonucunda aliciya ¢ok zayiflamig olarak ulagsa bile bir diger kanaldan aliciya
ulagabilecek daha az zayiflamig kopya alicinin hata basariminm arttiracaktir. Uzay gesitlemesi
tekniginde, alic1 ve/veya vericide birden fazla anten kullamlmaktadir. Uzayda olugturulan
bu kanallarin bagimsizhigini saglamak amaciyla, kullanilan antenler birbirlerinden yeterince
uzaga yerlestirilirler. Alici tarafta birden fazla anten kullamimi ve bu yapiyla birlikte kul-
lanilan sinyal igleme tabanli gegitleme/birlestirme teknikleri literatiirde yogun sekilde iglemig
ve yitksek hata bagarimina sahip cesitli yapilar geligtirilmigtir. Ancak, giiniimizde kullanilan
hiicresel telefon sebekeleri gibi iletigim sistemlerinde, alial tarafta (gezgin birimde) birden fa-
zla anten kullanmak, gezgin birimin boyutlarini ve maliyetini arttiracaktir. Sisteme kayith
her gezgin birimde bdyle bir boyut ve maliyet artisi yerine ¢oklu anten gesitlemesini verici
tarafta (baz istasyonda) kullanmak ayni hata bagarimim saglayabilecegi gibi diger sisteme
oranla oldukca dugltik maliyetlidir. Verici anten cesitlemesi son yillarda giderek artan bir
éneme sahip olmus ve dikkatleri tizerine ¢ekmigtir. Cok verici/cok alici antenli yapilarla kanal
sifasinn arttigimin gosterilmesi ile baglayan bu siireg, Tarokh et al [1)'in uzay-zaman kodla-
mast teknigini ortaya atmalan ile literatiirde onemli bir yere oturmugtur. Tarokh et al [1]
caligmalarinda birden ¢ok verici/alic anten kullanilmasi durumunda elde edilecek iletigim sis-
teminin hata olasihig1 tist sinir1 ifadelerini elde ederek kod tasarim 6lgtitlerini vermislerdir. Bu
olciitlere dayanilarak tasarlanan iletisim sistemleri tam cesitleme kazanc ve yiiksek kodlama.
kazancina sahip olabilmektedirler. Ote yandan, Alamouti [2], karmagikhig: az olan dik verici
cesitlemesini (OTD) ortaya atmagtir. iki verici, M alic1 anten kullanan bu yap: tam cesitleme
kazanci saglamaktadir. Alieida kanal kazanglannin kestiriminin hatah yapilmas: durumunda
Alamouti'nin [2] onerdigi yapimin bagarimi oldukca diigmektedir. Alicida gergeklestirilen
birlestirme iglemi sonucunda iki antenden iletilmis kanal simgelerinin birbirinden ayrilmasim
saglayan diklik 6zelligi kanal kestirim hatas: nedeniyle kaybolmakta ve simgeleraras: girigime
neden olmaktadir. Ortaya ¢ikan simgelerarast girisim nedeniyle iletigim sistemi ytksek
sinyal-giiriiltii oranlarinda bile yiiksek hata miktariyla caligmaktadir. Bu sorunu gidermek
amaciyla Fan et al[3] iki verici, bir alicx anten kullanan dik uzay-zaman kodlar1 igin bir gug
kontrol yapis1 6nermistir. Vericide kullamlacak iletim enerjisinin daha iyi kanal kazancina
sahip verici antene yogunlagtirilmas: ile gergeklestirilen bu yap: oldukga yiiksek bagarima
sahiptir. Cok alici antenli dik uzay-zaman kodlarina ait simgeler aras1 girigimi bastirmak
amaciyla ihtiyac duyulan giig kontrol yapisi oldukea karmagiktir. Bunun nedeni, istatistik-
sel bagimsiz soniimlemeden etkilenen alict antenlerin birine ilk antene iliskin kanal kazanc:

daha yiiksek goriiniirken; digerine ikinci antene iligkin kanal kazanci daha yitksek goriinebilir.

12




Bu kararsiz durumu da goz oniine alabilmek amaciyla 2 bitlik bir geri besleme kanah kul-
lanilarak kontrol yapisimin durum sayisi dorde gikarilmigtir. Bu galismada, iki ve tig aha
antenli dik uzay-zaman kodlar: igin hata bagarimini arttiran bir gii¢ kontrol teknigi ortaya
atilmigtir. Hazirlanan bilgisayar benzetimleri yardimiyla elde edilen yapilarin gesitli kanal
kestirim hatasi degerleri igin hata bagarimlari elde edilmig ve referans yapilara gore olan
tistiinliikleri ortaya konmusgtur. Bu ¢aligmanmn sonuglari, bu yil 13-15 Haziran 2002 tarih-
leri arasinda Pamukkale, Denizli’ de diizenlenmig olan 10. Sinyal Isleme ve Uygulamalar
Kurultayi'nda “Cok ahci antenli dik uzay-zaman kodlan i¢in gii¢ kontrolu” adh bildiriyle
sunulmugtur. Konferans kitabinda yayinlanan bu ¢aligmanin bir kopyasi iligikte goriilebilir.
Ayni zamanda 15-18 Eylil 2002 tarihleri arasinda Lizbon, Portekiz’ de diizenlenen olan 13th
International Symposium on Personal, Indoor and Mobile Radio Communications (PIMRC-
2002) konferansinda “Power control for orthogonal space-time coding with multiple receive

antennas” adh bildiriyle sunulmugtur.

2.5 ilintili Frekans-Secici Soniimlemeli Kanallar I¢in Dik Uzay-
Zaman Kodlamali OFDM Tumlesik Iletisim Sistem Tasarim

Bu cahsmada OFDM kullanan iletigim sistemlerinde uzay, zaman ve frekans gesitleme teknik-
leri birlikte uygulanarak kanaldaki ilintili séniimleme ve toplamsal beyaz Gauss giiriilltustne
karsin yitksek hata bagarnimina sahip bir timlegik iletigim sistemi ¢nerilmektedir. Bu yapida
uzay ve zaman gesitlemesini saglamak amaciyla son zamanlarda uygulamalar sikhikla kargim-
za gikan dik uzay-zaman kodlar kullamlmstir. Alamouti tarafindan ortaya atilan bu yap: iki
verici, M alici anten kullanarak tam cegitleme kazanci saglamaktadir. Genigbandh iletisim
sistemlerinde, ozellikle frekans segici kanallar iizerinden iletimde yiiksek bagarimlarindan
dolay1, cok-tagiyicili sistemler giiniimiizde yaygin olarak kullamlmaktadir. Bu sistemlerin
OFDM olarak adlandirilan bigimi, genisbandl iletisim kanalim belli sayida alt kanallara
bolerek bilgiyi birbirine dik segilmis alt tagiyic: frekanslarda iletme ilkesine dayanmaktadir.
Geleneksel frekans bolmeli cogullamal sistemler ile karsilagtirildiginda, dik alt kanallarin
drtilgmesine izin verildiginden band verimliligi agisindan bir istiinluk saglamaktadir. Ilintili
séniimlemeye sahip alt kanallar tizerinde gesitleme saglamak amaciyla sistemin girigine kafes
kodlamali modiilator eklenmistir. Boylece, kafes kodlamal modiilasyonun i¢inde barindirdig:
zaman gesgitlemesinden de yararlamlmaktadir. Ancak, kullanilan IFFT iglemi nedeniyle kafes
kodlamah modiilasyonun sahip oldugu bu 6zellik tasarlanan iletigim sisteminde frekans boyu-
tunda cesitleme saglayarak ilintili soniimlemeye kargin yiiksek hata bagarimi saglamaktadir.

Onerilen tiimlegik yapida, bir cergevede 2N ikili simgeden olugan bilgi dizisi kafes kodlamah
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modiilator ile kodlanarak kodlanmig simge dizisini olugturmaktadir. Dagitici, girisine ver-
ilen kanal simgelerini iki verici antene ait OFDM cercevelerine dagitmaktadir. Kodlanmig
simgeler tek indisli OFDM gergevelerine yerlegtirilirken, eglenikleri Alamouti’'nin onerdigi dik
cesitlemeli iletim yapisim koruyacak bigimde ¢ift indisli OFDM cercevelerine yerlegtirilir. Her
bir anten icin olugturulan bu gergeveler IFFT blogundan gegirilerek iki verici anten izerinden
kanala iletilirler. Alici tarafta FET blogunu takip eden birlegtirici blogu, dik uzay-zaman
kodlarinin ¢oziilmesi igin gerekli birlestirme iglemini yaparak elde ettigi kestirim orneklerini
kod ¢bézme islemini gerceklestirmesi igin Viterbi algoritmas: bloguna iletir. Burada, alinan
ornekler kullamlarak iletilmis olan bilgi dizisine iligkin optimum kestirim metrigi kullamlarak
gergeklegtirilir.

Bu caligmada, frekans-segici kanallar {izerinde yiiksek hata bagarimina sahip dik uzay-
zaman kodlamali OFDM sistemi onerilmistir. OFDM alt kanallarma iligkin séniimleme
etkilerinin ilintili oldugu durumda onerilen timlesik iletigim sistemine ait bilgisayar ben-
zetimleri yapilmig ve cesitli sinyal-giiriiltii oranlar igin hata bagarimlar: elde edilerek ilintisiz
sontimleme durumuyla karsilagtirlmigtir.  Bu galigmamn sonuglan, bu yil 13-15 Haziran
2002 tarihleri arasmnda Pamukkale, Denizli’ de diizenlenmis olan 10. Sinyal Isleme ve Uygu-
lamalar Kurultay) nda "1lintili soniimlemeli kanallarda dik uzay-zaman kodlamah OFDM?”

adh bildiriyle sunulmustur.

2.6 Telsiz Kanallarda Verici Cesitlemesi Kullanan Tletisim Sis-
temi igin Dizi Kestirimi

Bu cahgmada EM (Expectation-Maximization) algoritmas kullamlarak ilintili sontmlemeli
telsiz kanallarda calisan verici gesitlemeli iletigim sistemleri i¢in dizi kestirimi ele alnmigtir.
Tki verici anten kullanan yap: igin Onerilen yontem incelenmis ve gerekli karar metrikleri
analitik hesaplar yardimiyla ortaya konarak hazirlanan bilgisayar benzetimleri yardimiyla
hata bagarimi elde edilmigtir. Verici gesitlemesi, ¢ok-yollu telsiz kanallarda ortaya gikan
soniimleme etkisi ile baga ¢ikmanin etkin bir yoludur. Telsiz kanallar iizerinden yiiksek
veri izl iletigime olanak veren uzay-zaman kodlamali sistemler yakin zamanda Tarokh
et alll] tarafindan ortaya atilmigtir. Uzay-zaman kodlarmn alicida ¢oziilmesi igin ideal
kanal durum bilgisine gereksinim duyulurken pratikte kanalin ideal olarak kestirimi oldukga
zordur. Tarokh et al ’in caligmasinda kanal durum bilgisinin ahcida ideal olarak kestir-
ilebildigi varsayilmigtir. Bu cahigmamn sonrasinda, Alamouti (2] iki verici anten kullanan
bir verici gegitlemeli yapi one strmigtiir. Daha sonralan ikiden gok verici anten durum-

larina da genisgletilen bu yapy tam cesitleme kazancina sahiptir. Kanal durum bilgisinin
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ideal olarak bilindigi varsayim altinda bu yapmun ahas: yapmin icerisinde barindirdigy
diklik nedeniyle en biiyik olabilirlikli kod ¢ozme metrigini ikiye bolerek her bir antene
iligkin kanal simgesinin ayri ayri ¢ozilmesini saglamaktadir. Ote yvandan, kanal durum
bilgisinin ahcida ideal olarak bilinmedigi durumda kaybolan diklik nedeniyle bu yapinin
hata basarimi oldukca kotilesmektedir. Bu galhgmada, kanal durum bilgisinin ideal ke-
stirilememesi durumunda hata basarimini iyilestirmek amaciyla EM algoritmasindan yarar-
lanimasi énerilmektedir. EM algoritmas: iteratif kod ¢ozme gergeklegtirerek hem kanal du-
rum bilgisini hem de iletilen kanal simgelerini kestirebilmektedir. EM algoritmasimin iteratif
olarak en biiyiik olabilirlikli karara yakinsamasi i¢in baglangicta kanalin durumunu bilmelidir.
[k anda gerceklestirilecek bu kanal kestirimi ne kadar bagaril ise EM algoritmasi o kadar
cabuk (az iterasyonla) yakinsayacaktir. [letisim sisteminin bu asamasmda kanaln kestir-
imi PSAM (Pilot Symbol Assisted Modulation) teknigi ile gergeklestirilmektedir. Kanaldan
iletilecek simgelerin arasma ahci tarafta degerleri dnceden bilinen pilot simgeler eklenerek
kanalin bu simgelerin iletildigi arahiklardaki kazanclan kestirilebilir. Daha sonra, bilgi tagiyan
simgelere iliskin kanal kazanglarini kestirmek amaciyla pilot simgelere iliskin kazanglara La-
grange aradegerleme iglemi uygulanmaktadir. EM algoritmasi, bir sonraki adimda, PSAM
ile kestirilmig kanal kazanc degerlerini kullanarak en biiyiik olabilirlikli karar metrigini mak-
simize edecek sekilde iteratif yontemle ¢aligmaktadir. Bu gahgmanim sonuglart AZU de 2003

yilinda yaymnlanacaktir.

2.7 Uzay-Zaman Kodlamali OFDM Tiumlesik Sistemi igin Yeni

Kanal Kestirim Algoritmalari

Ozellikle, uzay-zaman kodlanmig ve OFDM sinyaller tarafindan uyarilmg soniimlemel (fad-
ing) kanallarin kestirimi, telsiz iletigim sisternlerinin ahicilarinin tasarimlannda biytuk onem
tasimaktadir. Bu tiir siistemlerin alicilarinda demodiilasyon ve sezim (detection) iglemleri
ancak kanal parametrelerinin bilindigi varsayilarak gergeklegebilmektedir. Bu nedenle ahcida
demodiilasyon ve bunu izleyen sayisal sinyalin sezimi iglemine baglamadan 6nce kanal kat-
sayllarimn bir gekilde kestirilmesi gerekmektedir. Bunu izleyen altbéliimlerde kanal kestirimi
icin yapilan aragtirmalar Szetlenmekte ve elde edilen bir takim enteresan ve yeni sonuglar

vurgulanmaktadir.
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2.7.1 Uzay-Zaman Kodlanmis Sinyaller Tarafindan Uyarilmig Kanallarin Gozu-
Kapali Kestirimi

Sinirh radyo spektrumunu miimkin oldugu kadar verimli kullanmasini saglayacak fiziksel
katmanla ilgili yeni tekniklerin geligtirilmesi gerekmektedir. Bu amaca ydnelik olarak kap-
asitenin onemli oranda artmasim saglayan cegitleme tekniklerinin kullanilmasi onerilmistir.
Cesitleme teknikleri gokyollu iletimin neden oldugu soniimleme etkisini azaltmakla beraber
karisim toleransimi geligtirmekte ve dolayisiyla sistem kapasitesini arttirmaktadir. Mobil
iletisim sistemlerinin tagmabilir birimlerinde en fazla bir yada iki antenin yerlegtirilmesi
miimkiin oldugundan, baz istasyonlarinda anten dizilimi kullamlarak gergeklestirilen verici
cegitlemesine ilgi hizla artmigtir. Ayrica verici gesitlemesi ile kanal kodlamasini birlegtiren
bir yaklagimla gergeklestirilen bir uzay-zaman kodlama yontemi onerilmistir. Uzay-zaman
kodlamas) yonteminin soniimlemeli kanallarda. frekans bandi verimli bir gsekilde kullanilirken
ayni zamanda 6nemli oranda sistem kapasite kazanci sagladig) gosterilmigtir.

Uzay-zaman kodlamasmin kullanildig: sistemlerde gesitleme kazancimn saglanabilmesi
icin kanal parametrelerinin bilinmesi veya kestirilmesi gerekmektedir. Dolayisiyla uzay-
zaman kodlamali sistemin uygulanabilir olmas: igin kargilagilan 6nemli bir problem kanal ke-
stirim yonteminin gelistirilmesidir. Bu ¢ahsmada uzay-zaman kodlanmis igaretlerin iletildigi
cokyollu telsiz iletigim senaryosu goz oniine alinarak, soniimlemeli kanal katsayilari matrisi
ile iletilen igaretlerin ortak kestirimi igin gozii kapali(blind) bir yontem Onerilmistir. Bu
yontem kodlanan isaretlerin bagimsiz, dzdeg dagihml olasiliksal diziler oldugu varsayimi ile
elde edilen kosulsuz olabilirlik islevininin enkiigiiltmesine dayanmaktadir. Bu amagla uzay-
zaman kodlanmig isaretlerin sonlu alfabeden degerler alma ozelliginden faydalanilir. Ancak
elde edilen kogulsuz olabilirlik iglevinin dogrudan enkiigiiltmesinin hesaplama karmagikhig
oldukca fazladir. Bundan dolay:, gozii kapali kestirim yaklagimi Markov zinciri modeli
temel alinarak kosulsuz en biiyik olabilirlik ¢atis1 igerisinde gelistirilmigtir. Onerilen yontem
séniimleme kanal katsayilan matrisi ile iletilen igaretlerin ortak en biiyiik olabilirlik kestirim-
lerini elde ettiginden, en buyik olabilirlik kestirimeilerinin birgok ozelligini saglamaktadir.
Ayrica, dnerilen kanal kestirim yonteminin bagarimi gesitli kanal 6rnekleri {izerinden bilgisa-
yar simulasyonlar: denenerek elde edilen sonuglar grafikler halinde dzetlenmigtir.

Bu caligma, 25-27 Nisan 2001 tarihlerinde Kuzey Kibris Tiirk Cumhuriyeti'nde duzenlen-
mig olan 9. Sinyal Isleme ve Uygulamalar1 Kurultay: nda ” Uzay-Zaman Kodlanmg Sinyaller
tarafindan Uyanlmg Kanallarin Gozi-Kapah Kestirimi” adl bildiriyle sunulmustur. Kon-
ferans kitabinda yayimlanan bu ¢aligmanin bir kopyas: ilisikte goriilebilir.

Baum-Welch algoritmasi ile kogulsuz en biiyiik olabilirlik iglevinin enkiigiiltmesine dayal

yaklagimindan elde edilen sonuglar kismen, 28 Nisan-2 Mayis 2002 yilinda tarihlerinde New
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York, USA de yapilan IEEE International Conference on Communications (ICC-2002) kon-
feransinda, ”Blind Channel Estimation for Space-Time Coding Systems with Baum-Welch
Algorithm” adiyla sunulmustur. Konferans kitabinda yayinlanan bu ¢ahgmanin bir kopyas:
ilisikte goriilebilir.

Ayrica, soniimlemeli kanal katsayilar matrisi ile iletilen igaretlerin ortak kestirimi igin
onerilen gézii kapal(blind) kosulsuz en bilyiik olabilirlik yaklagimina kargihk kosullu en
bityiik olabilirlik yontemi de onerilmig ve bagarim analizi yapilmigtir.

Kosulsuz en biiyiik olabilirlik yaklagimna ait sonuglar, 7-11 Kasim 2001 tarihinde Bursa-
Tiirkiye’de diizenlenen “Second International Conference on Electrical and Electronics En-
gineering” konferansinda “Blind Maximum Likelihood Channel Estimation for Space-Time
Coding Systems” adli bildiriyle sunulmugtur. Konferans kitabinda yayinlanan bu ¢alismanin
bir kopyas: iligikte goriilebilir. Bu gahigmalarin sonuglar: “EURASIP JOURNAL ON AP-
PLIED SIGNAL PROCESSING” dergisinin yayinladigi “Special Issue on: Space Time Cod-
ing and Its Applications-Part II” adl ézel baskisinda “Maximum Likelihood Blind Channel
Estimation for Space-Time Coding Systems” bagligiyla Mayis 2002 tarihinde yayinlanmugtir.

Yukaridaki paragrafta dzetlenen calismalar daha sonra genigletilerek siirdiiriilmiis ve teklif
edilen kestirim algoritmalan ile kestirimcilerin bagarimlarna ait Cramer-Rao alt sinirlar
analitik olarak elde edilmistir. Onerilen kogullu ve kogulsuz en bilyiik olabilirlik yaklagimlar:

kargilagtirilmig ve birbirleriyle olan iistiinlitkleri tartigilmigtir.

9.7.2 OFDM Sistemler tarafindan Uyarilmig Zamanla-Degigen Kanallar igin
EM-Tabanli Egitim Verilerine(Non-Data-Aided) Gereksinim Duymayan

Kanal Kestirim Algoritmasi

Bu gahsmada M-PSK sinyal ile iletisgim yapan OFDM sistemleri i¢in EM (Expectation-
Maximization) yontemine dayanan, hesaplama yoéniinden gok hzh, bir MAP(Maximum a-
posteriori) kanal kestirim algoritmasi geligtirilmektedir. lletilen M-PSK wverileri iizerinden
istatistiksel bir ortalama alinarak, kestirim algoritmasimin egitim verilerine gereksinim duy-
mayacak bicimde tasarlanmas: gergeklegtirilmektedir (Non-data-aided). Ayrik, gok-yollu
soniimlemeli kanah belirleyen, ilintili(correlated) ve ¢ok sayida kanal parametreleri, Karhunen-
Loeve dik acilimindan yararlamlarak ilintisiz(uncorrelated) ve az sayidaki kanal parame-
trelerine dontigtiriilmekte ve bu parametreler de yukarida belirtilen hizh algoritma ile kestir-
ilmektedir. Gelistirilen algoritma daha sonra QPSK sinyalleri ile modiile edilmig OFDM sis-
temlerine uygulanmus ve kanal parametre kestirimi igin kesin analitik sonuglar elde edilmigtir.

Bu cahgma, Non-Data Aided EM-Based Channel Estimation for OFDM Systems with
Time-Varying Fading Channels adl bildiriyle 26-28 Eyliil 2002 tarihleri arasinda Almanya
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da yapilan 2001 Third International Workshop on Multi-carrier Spread-Spectrum(MC-SS
2001) and Related Topics te sunulmugtur.

Onerilen EM-Tabanh egitim verilerine gereksinim duymayan kanal kestirimeisinin bagarim
analizi, Cramer-Rao analitik sinirlarimn gikanlmasiyla genigletilmis ve elde edilen sonuglar
K. Fazel ve S. Kaiser’in editorligiini yaptigy Kluwer Academic Publishers tarafindan 2002
yilinda basilan “Multi-Carrier Spread Spectrum & Related Topics” kitapda “Non-data aided
EM-based channel estimation for OFDM systems with time-varying fading channels” baghgiyla
kitap bolumi olarak yer almstir.

Onerilen EM (Expectation-Maximization) yontemine dayanan MAP(Maximum a-posteriori)
kanal kestirim algoritmas: sadece altkanallar arasindaki ilintiden faydalanacak sekilde yeniden
geligtirilmistir. Bu calismadan elde edilen sonuglar 5-7 Kasim 2001 tarihlerinde Antalya,
Tiirkiye'de diizenlenen The Sixteenth International Symposium on Computer and Informa-
tion Sciences konferansinda "Maximum A Posteriori Multipath Fading Channel Estimation
for OFDM Systems” adh bildiriyle sunulmusgtur.

Bu calismalarin sonuglar;, “European Transactions on Telecommunications” dergisinin
yaymladigi “Special Issue on Multi Carrier Spread Spectrum & Related Topics” adl ozel
baskisinda “Maximum A Posteriori Multipath Fading Channel Estimation for OFDM Sys-
tems” bashgiyla Eylil/Ekim 2002 sayisinda yayinmugtir.

2.7.3 Cokyollu Séniimlemenin Varhginda, Uzay-Zaman Blok Kodlanmg OFDM

Sistemler i¢in Kanal Kestirimi

Bu giine kadar kanal parametresi kestirimi icin literatiirde tirld teknikler Onerilmig bu-
lunmaktadir. Ozellikle OFDM sistemler icin, tekil deger ayristirmas: veya frekans bolgesi
stizgeglemesine dayali kanal kestirim teknikleri ve ayrica kanal kestirimcisinin bagarimini
daha iyiye gotiirmek icin, zamanla degisen ayirgan kanahn, zaman-frekans ilintisini en 1yl
kullanan en kiigiik ortalama karesel hata (MMSE) kanal kestirimeileri, giiniimuzde bagari
ile uygulanmaktadir. Bu teknik sonradan, verici gegitlemeli ve uzay zaman kodlamas1 kul-
lanan OFDM sistemleri icin genigletilmistir. Verici gesitlemesi, mobil, gokyollu, telsiz kanal-
Jardaki soniimlemeyle bagetmek igin etkili bir yontemdir. Son dénemlerde, yiksek veri
hizinda telsiz iletigim icin, uzay-zaman kodlamas geligtirilmis, ve OFDM sisternlerde in-
celenmigtir. Bununla birlikte, uzay-zaman kodlarimin ¢éziimu, elde edilmesi gii¢ olan kanal
bilgisini gerektirir. Yakin zamanda Alamouti, iletim igin, iki verici antenin kullanildig,
dikkate defer bir iletim gegitleme yontemi onermigtir. Bu yontem daha sonradan keyfi
sayida verici anteni igin genellestirilmig, ve verici-alicr anten cifti ile elde edilebilen en yuksek

cesitlemeyi bagsardify gorillmiigtir. Uzay-zaman kodlarimin dikey yapisi, en biiyiik olabilir-
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lik kod ¢bziimiiniin, sinyalin birlegik algilanmasindan daha basit olarak, farkll antenlerden
iletilen sinyalin ayrigtinimas: yoluyla uygulanmasin mumkin kilmaktadir. Bildirinin tam
metninde de goriilecegi gibi, uzay-zaman blok kodlama, kanal kestirimini oldukga kolay
hale getirmektedir. Bu caligmada, uzay-zaman blok kodlamas: kullanarak, verici gesgitlemeli
ortogonal frekans bolmeli gogullama (OFDM) sistemleri igin, hesaplamasal olarak verimli,
veri desteksiz bir MAP (maximum a posteriori) kanal kestirim algoritmas: onerilmektedir.
Bu amacla Alamouti'nin iki verici antenli iletim gegitleme yéntemi kullamlmig ve OFDM
sistemler icin genellegtirilmigtir. Algoritma, ayrk gokyollu séniimlemeli kanalin, uygun
Karhunen-Loeve dikey agilimi ile uygun modellenmesini gerektirir, ve bilinmeyen kanahn
gercek MAP kestirimine yakinsayarak beklenti enbiiytkleme (EM) yontemiyle her alt tagiyicr
icin, 6zyineli sekilde, karmagik kanal katsayilarinm kestirir. Bilinmeyen kanal parametreler-
ine iligkin giivenilir baglangig degerleri segmek icin, pilot simgeler kullanilmigtir, Onerilen
MAP kanal kestirimcisinin, degistirilmig Cramer-Rao alt simri igin analitik bir ifadesi elde
edilmigtir. Ayrica kestirimcinin, kanal ilintisi ve igatet /gurilti oranindaki degigimlere dayanik-
Ll da analiz edilmistir. QPSK sinyallesme kullanan bir sistem i¢in bagarim, ortalama
karesel hata ve simge/hata oram araciligiyla gosterilmigtir. Kapsaml bilgisayar benzetimleri,
Snerilen kanal kestirimeisiyle birlikte verici cesitlemeli OFM (orthogonal frekans gogullamasi)
kullanan uzay-zaman blok kodlamasy, telsiz mobil kanallarda ytiksek verimlilikte veri iletimi
i¢in umut vadedici bir teknik oldugunu gostermistir. Bu caligma, Channel Estimation for
Space-Time Block Coded OFDM Systems in the Presence of Multipath Fading adh bildiriyle
Kasim 2002’de Taiwan'da diizenlenen GLOBECOM 2002’de sunulmustur.

2.7.4 OFDM Sistemi i¢in Ortak Kanal Izleme ve Sembol Sezim Yoéntemi

Bu cahsmada ¢ok yollu soniimlemeli kanalda pilot sembol yardimh OFDM sistemi igin or-
tak kanal izleme ve sembol sezim yontemi Gnerilmistir. Onerilen yontem hem kanal kestir-
imi hem de sembol sezimi icin Kalman filtresi kullanarak iki iglemi bir alict yapisi altinda
birlestirmektedir. Cok yollu sontimlemeli kanalin olasiliksal stireg (AR) olarak modellenmesi
durum-uzay modelinin olugturulmasm ve dolayisiyla kanal parametrelerinin Kalman filtresi
ile izlenmesine izin vermektedir. Ancak, onerilen yontem ile kanal degigimlerinin izlenmesi
icin iletilen sembollerin bilinmesini gerekmektedir. Bundan dolay: kanal degigimlerinin izlen-
mesi ile birlikte iletilen sembollerin sezimi igin iteratif bir algoritma olugturulmustur. Son
olarak olugturulan yontemin performans: simulasyon sonuglar ile desteklenmigtir.

Bu caligma, 10-11 Eyliil 2002 tarihlerinde Hamburg, Almanya’da diizenlenmig olan 7th In-
ternational OFDM-Workshop(InOWo’02) Kurultayinda " Joint Channel Tracking and Sym-
bol Detection for OFDM Systems with Kalman Filtering” adli bildiriyle sunulmugtur. Yukar-
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daki paragrafta Szetlenen gahsmalar daha genigletilerek siirdiiriilmiis ve bu “International

Journal of Electronics and Communications” dergiside yayinlanmak tzere kabul edilmigtir.
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Bolum 111

UZAY-ZAMAN KODLAMALI, MSK-OFDM
TUMLESIK SISTEM TASARIMI

3.1 Giris

Bu bolumde, uzay-zaman kodlamali, MSK Modilasyonlu OFDM tiimlesik sistemlerin tasarim-
lar: i¢in projede gergeklestirilen cahgmalar ve uretilen sonuglar, bunu izleyen alt bolimlerde,
ayrintili bir bigimde sunulmaktadir. Bu caligmalar kisaca goyle 6zetlenebilir.

Ortogonal frekans bolmeli gogullama (Orthogonal Frequency Division Multiplexing, OFDM),
frekans-secici kanallar tizerinden iletimde sagladig: yiiksek bagarimdan dolayi, cok tagiyicih
sistemlerin gliniimiizde tercih edilen bir tirudir. Bolim 3.2 de, MSK modiilasyonlu sinyal-
lerin iletilmesi durumunda frekans-segici sontimleme etkilerini enaza indirmak amaciyla OFDM
sistemi kullanimi onerilmis, degigik kodlar tasarlanmusg, bilgisayar benzetimleri yardimiyla bu
sistemlerin hata bagarimlar: incelenmigtir.

Uzay-zaman kodlamasi, kullandig: iletim gegitlemesi teknigi sayesinde gezgin soniimlemeli
kanallarda onemli kodlama kazanclart saglamaktadir. Simdiye dek bu teknik PSK ve QAM
modiilasyon tekniklerine uygulanmigken, Bolum 3.3 de ilk kez Hizh Frekans Kaydirmali
Anahtarlama (Minimum Shift Keying, MSK) modiilasyonuna uygulanmaktadir. Durugumsu
ve hizli soniimlemeli kanallarda tasarim olglitleri gbz oniine alinarak bir bilgisayar arama
programu geligtirilerek optimum kodlar elde edilmekte ve elde edilen kodlarin hata bagarimlari
bilgisayar benzetimi yardmuyla degerlendirilmektedir.

Uzay-zaman kodlar birden ¢ok verici ve/veya ahecr anten kullamminin beraberinde ge-
tirdigi kapasite artigindan yararlanarak sonumlemeli kanallarda yiksek hata bagarimina
ulagirlar. Bu teknik gerekli iletim band genigligini arttirmaksizin uzay gegitlemesi saglar.
Uzay-zaman kodlarmin bir tiirii olan dik (ortogonal) uzay-zaman kodlar iki verici anten
kullaniminin saglayabilecegi en yiiksek cesitleme kazancina sahiptir. Ancak, kanal durum
bilgisinin ahcida ideal olarak kestirilemedigi durumda bu yapiya iligkin diklik ozelligi or-
tadan kalktifindan hata bagarimi oldukca dilsmektedir. Boliim 3.4 te vericide iki, alicida ise
birden fazla anten kullanan sistemler icin geligtirilmis bir giig kontrol teknigi sunulmaktadir.

OFDM sinyallerinin frekans-secici kanallar tizerinden iletimde sagladig yiiksek bagarimdan
dolay1 cok-tasiyicihi sistemlerin giintimiizde énem kazanan bir tiriidiir. Sénumlemeli kanal-
larda hata bagarimin yiikseltmenin en iyi yollarindan biri gegitlemeden yararlanmaktir. Bil-

ginin kopyalarimin bagimsiz alt-kanallar {izerinden iletilmesi ilkesine dayanan bu teknik,
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Bolim 3.5 te OFDM yapisina uygulanmaktadir. lletilmek istenen veri once kafes kod-
Janmakta, daha sonra ise dik uzay-zaman kodlamasindan gegirilerek kanala OFDM blogu
iizerinden iletilmektedir. Onerilen bu sistem uzay, zaman ve frekans cegitlemesi tiirlerini

birlikte icermektedir.

3.2 MSK Modiilasyonlu OFDM Sistemleri

3.2.1 Girig

Giintimiizde nemi hizla artan gezgin ve telsiz iletisim sistemleri, iletigim kanalimn neden
oldugu toplamsal Gauss guriiltiisiine ek olarak sontmlemeden (fading) ve faz seyirmesin-
den de bityiik dlciide etkilenmektedir. Bu tiir sistemler igin, gerek kullamey sayismin art-
mas1 ve gerekse gezgin anten boyutlar veya uydunun igimm simirlamalar1 nedeniyle band
ve giig verimliligi yitksek iletigim tekniklerinin geligtirilmesi gerekmektedir. Bu teknikler
genellikle kafes kodlamal modiilasyon (trellis coded modulation, TCM) teknigine dayahdir.
Sabit zarf, siirekli faz ve igerdigi dogal kodlama gibi dzellikleriyle gezgin iletigim kanallarinda
yeglenen minimum kaydirmah anahtarlama (minimum shift keying, MSK), bir onkodlayica
yardimiyla kodlanarak band ve giig verimliligi yuksek ¢oklu kafes kodlamali (multiple trel-
lis coded modulation, MTCM) MSK sistemlerin olugturulmas: i¢in de oldukga uygun bir
modiilasyon teknigidir. Diger taraftan genig bandl iletisim sistemlerinde, ozellikle frekans
secici kanallar iizerinden iletimde ytksek bagarimlarindan dolay1, “cok tagiyicil (multicar-
rier)” sistemler giiniimiizde yaygin olarak kullanilmaya baglamigtir, Bu sistemlerin OFDM
(orthogonal frequency division multiplexing) olarak adlandirilan bigimi (1],[2], tiim iletigim
kanalim belli sayida alt-kanallara bolerek bilgiyi birbirine dik (orthogonal) secilmig alt-
tagiyicl frekanslarda iletme ilkesine dayanmaktadir. OFDM sistemlerde alt-tagiyicilarin spek-
trumlarmin Srtiigmelerine izin verildiginden band verimliligi agisindan da bir ustiinlik saglan-
mug olur. Ote yandan, OFDM tek tagiyicih sistemlerle kargilagtinldiginda oldukga uzun bir
igaretlegme peryoduna sahip oldugundan hizhi sonumlemelere kars: daha iyi bagarima sahip-
tir.

Literatiirde, son yillarda ¢ok tasiyicih sistemler arasinda oldukca 6n plana gikan OFDM
ile cegitli kodlama tiirlerinin birlegtirilmesi [3], [4] ve girig isaret kimesi sinirlandirma [5]
konularinda aragtirmalara rastlamak mimkiindiir. Bu bildiride goklu kafes kodlu MSK
modillasyonunu OFDM iletim teknigi ile birlegtirerek ozellikle sonimlemeli kanallar igin

yiiksek bagarima sahip bir iletisim sisterni onerilmektedir.
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3.2.2 Sistem Modeli

Ele alinan iletisim sisteminin blok diyagrami Sekil 3.2.1 ’ de goriilmektedir. Verici kisimda
bilgi dizisi, katlamali kodlayic1 yardimiyla kodlanarak ¢oklu kafes kodlu MSK igaretini olugtur-
mak tzere onceden belirlenmig kanal simgelerine eglegtirilir. OFDM sisteminin en karakter-
istik ozelligi olan dik tagiyicilar gerceklegtirmek i¢in uygulamas: kolay ve maliyeti digtik
olan hizli Fourier (Fast Fourier Transform, F'F'T) ve ters izl Fourier donugtiirticiilerden
(Inverse Fast Fourier Transform) yararlanilmaktadir. Kodlanmig ve eslenmis simge dizisini
alt-tagiyicilara otelemek amaci ile NV °lik IFFT blogu kullanihr. Burada, N sayisi alt-kanal
saysini gosterir ve pratikte 512, 1024 gibi degerler alabilir. Dikkat edilmesi gereken nokta
ise IFFT ve FFT iglemlerinin hizh ve etkin yapilabilmesi i¢in /N degerinin 2’nin bir ussii
olarak secilmesidir. IFFT iglemine uygun bigime getirilmek amaciyla kodlanmig igaret dizisi
1-girig, N-qkighk bir seriden paralele donustiriici devresine uygulanarak N li bir paralel
dizi olugturulur. IFFT blogu ¢ikist yeniden seri bigime dontstiriilerek simgeler arka arkaya
kanala gonderilir. Alici tarafta ise pespege alinan her NV kanal simgesi paralele doniigtiriulip
FFT si alinir. Tekrar seriye dontigtiiriliunce c¢oklu kafes kodlanmsg MSK igaret dizisinin
kanalin sontimleme ve giirtiltii etkileriyle bozulmug bigimi elde edilir. Alicinin son adiminda
ise MTCM kod ¢oziict kafes kodlarin en biiylik olabilirlikli ¢oziimiinti gergeklestiren Viterbi
algoritmasim kullanarak iletilen bilgiyi yeniden elde etmeye cahgir. Genig bandl iletigimde
en koti durumlardan birisi de iletisim kanalimin frekans segici olmasidir. OFDM teknigi
béyle bir kanah cok sayida (IV adet) birbiriyle ortigebilen alt-bandlara bolerek kullan-
may1 saglarken, eldeki frekans-segici kanali frekans-secici olmayan yani diizgiin soniimlemeye
(Rat fading) sahip N adet alt-banda boler,(Jekil 3.2.2). Béylece, her bir banddan iletilen
isaretler alicida daha kolay ¢ozilebilir. Viterbi algoritmasim kullanmay: kolaylagtiran bagka
bir etken ise,(3.2.1) iligkisinden de goriilecegi gibi, kanal girigindeki IFFT ve kanal gikigindaki
FET islemleri nedeniyle séniimlemesinin alt-kanallar tizerinde etkisinin, pg,0 < £ < N ~ 1
séniimleme katsayilarmin FFT gkiginda kodlanmis simgeler ile garpimsal bigiminde ortaya

¢ikmasina neden olmasidur.

e = ppCr +1ng, 0<k<N-—1 (3.2.1)

Burada, 7, NV 'lik bir iletim cercevesi icersinde k. zaman diliminde kod ¢oziicii girigine
gelen ornektir. Cy bu gergevede k. alt-kanaldan iletilmig olan ¢oklu kafes kodlu MSK sim-
gesini gosterirken, ny, sifir ortalamali, boyut bagma Ny/2 varyansh istatistiksel bagimsiz
Gauss dagilimh giirtilti 6rnegidir. py ise kanahn k. alt-kanahinin bu gergeve siiresince gecerli

soniimleme katsayisidir ve kompleks Gauss dagihm ile modellenebilir.  Boylece, iletimde
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problemlere neden olan frekans-segici kanal , alici tarafindan bakildiginda zaman-segici kanala

doniistiiriilmiig olup sisteme oldukga biiyiik bir cegitleme (diversity) eklemistir.

Verici - Sl
Katlamal | | MSK | | Seri/Paralel — N-lik [~ Paralel/Seri ‘_Y
kodlayict Esleyici dontgtirici | IFFT i | déntstaract

Al Y™

Y_ Seri/Paralel E N-lik Paralel/Seri MSK
dontistiraci [ 1] FRT |1 déntstiricii kod coéztict|

Sekil 3.2.1: Coklu kafes kodlamah MSK modilasyonlu OFDM sistemi

4AKanal Kazanc

Sekil 3.2.2: Frekans-segici kanal

3.2.3 Coklu MSK Kodlan

Yukarida verilen (3.2.1) iliskisinden de kolayhkla anlagilacag) gibi frekans-secici kanalin girig
ve cikigina eklenen IFFT ve FEFT iglemlerinin bir sonucu olarak iletisim kanahnin bilgi iizerine
etkisi zaman-secici soniimlemeli kanalda oldugu gibi gézlenmektedir. Buna gore, bu iletigim
sisteminde kullamlmak iizere tasarlanacak kodlarin da zaman-segici kanallara ¢zgi olciitlere
gore tasarlanmas: gerekmektedir. Ozellikle yiiksek igaret/giiriiltii oranlarinda zaman-segici
soniimlemeli kanallar icin iki 6nemli 6lgit bulunmaktadir. Bunlardan ilki olan etkin kod
uzunlugu (effective code length, ECL), aym durumdan baslayip ayni durumda sona eren yol
ciftleri iizerindeki farkl kanal simgesi saysidir. Ikinci derecede énemli hata baganm dlgiitii
ise carpimsal uzakliktir. (product distance, df))‘ Carpimsal uzakhk, ilk dlgiitiin saglandig

zaman araliklan icin hesaplanan kanal simgesi karesel uzakhklannmn carpimas: ile elde
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edilir. Yiiksek hata bagarimina sahip bir kod tasarlarken ilk hedef efektif kod uzunlugunun
bitylitiilmesi, ikinci olarak da karesel uzakligin artinlmasidir. Bu 6lgiitlere gore kodlan-
mamig ve cesitli oranlarda kodlanmig turld sistemler tasarlanmig ve bilgisayar benzetimleri
yardimiyla hata bagarimlar incelenmistir. Kargilagtirma amaciyla referans olarak kodlan-
mamig MSK alinmigtir, (Sekil 3.2.3). Sekil 3.2.4 ve 3.2.5’ te 1/2 oranh kodlanmg 2 ve
4-durumlu MSK kodlan verilmigtir. Sekil 3.2.6 ve 3.2.7° de ise kodlama orani yiikseltilerek
2/3 oranli 2 ve 4-durumlu MSK kodlar verilmistir.

3.2.4 Hata Bagarim

Bilgisayar benzetimleriyle Boliim 3.2.3’ te verilen kodlarmn hata bagarumlar incelenmigtir.

0/s0
1/s:
Efektif kod uzunlugu = 2
0/-s, Garpimsal Uzakhk = 4
1/-s0
Sekil 3.2.3: Kodlanmanug MSK
0/ 50,50
1/s,,-8
/$1,-S5 Efektif kod uzunlugu = 4
O/—so,—sl Carpimsal Uzaklik = 64
1 /—Sl,Sl

Sekil 3.2.4: 1/2 oranli 2-durumlu kodlanmig MSK

Rayleigh ve Rician dagiliml soniimlemeye sahip kanallar lizerinde yapilan benzetimlerde
alic1 tarafta kanal durum bilgisinin ideal olarak kestirildigi ve eszamanlamanin ideal oldugu
varsayimlar yapilmigtir. FFT ve IFF'T tabani 128 olarak segilmistir. Benzetim ile sézkonusu
kodlarin degisik isaret-gliriltii oranlarnnda Rayleigh ve Rician stnlmlemeli kanallarda bit
hata olasihiklar elde edilmigtir. Kodlanmamig , 1/2 oranli kodlanmig ve 2/3 oranli kod-
lanmig MSK kodlarmin Rayleigh sonimlemeli kanaldaki hata bagarim egrileri Sekil 3.2.8'de,
Rician soniimlemeli kanaldaki hata basarnimlan ise Sekil 3.2.9" da verilmigtir. Benzetim
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0/s0S0
1/s1-86

0/-s¢-50
1/-s180

Efektif kod uzunlugn = 6
Carpimsal Uzaklik = 256

O/'So‘s
1/-s18,

O/Sosl
1/s-8;

Sekil 3.2.5: 1/2 oranl 4-durumlu kodlanmig MSK

00/ 508080

01/31“30’31
10/3081-S0
11/8-8:8,

Efektif kod uzunlugu = 3
Carpimsal Uzakhk = 16

00/-3¢-8150
01/-s:8:-1
10/-5,808:
11/-86-50-So

Sekil 3.2.6: 2/3 oranh 2-durumlu kodlanmig MSK

sonuglar incelendiginde Rayleigh ve Rician kanallarda kodlanmamg MSK gore Bolim 3.2.3°
te énerilen kodlarmn oldukca yiksek bir hata bagarimina sahip olduklarn goriilebilir. Bunun
baghca nedeni, zaman-segici séniimlemeli kanallar icin verilen olgiitlerin kodlama, yaparak
iyilegtirilmesidir. Rayleigh soniimlemeli kanalda, 107° bit hata olasithgina ulagmak igin kod-
Janmamig MSK kullamlmasi durumunda yaklagik 24 dB isaret-giirilti oranina gereksinim
duyulurken, kodlayic1 oranindan ézveride bulunularak elde edilen goklu kodlanms MSK igin
bu deger 12-16 dB arahfinda degismektedir. Rician soniimlemeli kanalda ise, yine 107° bit
hata olasihgina ulagmak igin kodlanmams MSK igin 12 dB isaret-giriltu oran gerekirken,
kodlama sonucunda bu deger de 7-9 dB degerlerine inmistir. Benzetim sonuglarindan da
gortildiigii gibi kodlayicr oram arttikca kodun ulasabilecegi hata bagarimi da diigsmektedir.
Béyle bir sistem tasarlanirken istenen veri hizi ile hata bagarim birlikte gozoninde tutularak
bir denge noktasina ulasiimahdir.
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00/ s:-8:8:
01/s,-8¢-8:
10/ 8081-S0
11/50S6S0

00/ -8¢-30-51
01/-8:5:-80
10/-56-8:8:
11/-81808:

Efektif kod uzunlugu = 4
Carpimsal Uzaklik = 32

00/ s08:-8;
01/50S0S:
10/s;5-8180
11/8:-80-S0

00/-3-5:5
01/-80-80-8
10/-8;8:-sy
11/-8:808:

Sekil 3.2.7: 2/3 oranl 4-durumlu kodlanmig MSK

3.2.5 Sonug

Bu ¢alismada, ortogonal frekans bolmeli gogullama ile goklu kafes kodlu MSK birlegtirilmig ve
frekans-secici soniimlemeli kanallar iizerinden iletigime uygun bir sistem oOnerilmistir. Kul-
lanilan FFT ve IFFT nedeniyle kanalin frekans-segicilikten zaman-secicilige doniigmesi ile
olusan yeni hata bagarim Olgiitleri goézoniine ahnarak cesitli MSK kodlan tasarlanmig, bil-
gisayar benzetimleri yardimiyla hata bagarimlan incelenmisgtir.
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—e— 2-durumiu 2/3 oranli MSK
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Sekil 3.2.8: Tasarlanan MSK kodlarimin Rayleigh sontimlemeli kanalda hata bagarimlarn

10 e ' ' ' To kodlanmamis MSK |
o —e— 2-durumiu 2/3 oranhl MSK
N -wa-- 4-durumiu 2/3 oranl MSK
—o-- 2-durumlu 1/2 oranl MSK
.-~ 4-durumiu 1/2 oranlt MSK

10 ¢

107

Bit Hata Olasihigt

10+

107 b

S/N (Eb/No)

Sekil 3.2.9: Tasarlanan MSK kodlarimn Rician séniimlemeli (K=10) kanalda hata
bagarimlarn
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3.3 Uzay-Zaman Kodlamali Coklu MSK Modilasyonu

3.3.1 Girig

Minimum kaydirmah anahtarlamall (Minimum Shift Keying) MSK modiilasyonu, stirekli
faz modiilasyonunun 6zel bir bi¢imi olup sabit zarf ve band verimliligi gibi 6zellikleri ne-
deniyle band ve/veya gii¢ smurl iletigim ortamlan igin olduk¢a uygun bir iletigim teknigidir.
Yapisinda icerdigi kodlamaya [6] ek olarak band verimliliginden bir miktar &zveride bu-
lunularak gii¢ verimliliginin kodlama islemi yardimiyla daha da artirilabiliyor olmasi, bu
modiilasyon teknigini s6z konusu iletigim ortamlar: igin daha da ¢ekici duruma getirmek-
tedir. Son yillarda yaygin olarak incelenen ve sistemin kodlama kazancini artiran bu tir
yontemler genellikle kafes kodlamali modiilasyon (trellis coded modulation, TCM) teknigine
dayanr. MSK modiilasyonu, toplamsal beyaz Gauss guriltili kanallarin yamsira ozellikle
gezgin iletigim sistemlerinde kargilagilan sontimlemeli (fading) kanallar i¢in de ¢ok uygun bir
modiilasyon teknigidir.

Kafes kodlamali sistemler i¢in Gauss giiriltilii kanallarda, ézellikle yiiksek igaret /guriltu
oranlarinda, hata bagarim 6lgiitii serbest Oklid uzaklif1 olmasina kargin, soniimlemeli kanal-
larda, yiiksek igaret/giiriiltii oranlarinda en onemli hata bagarim 6lgiitit etkin kod uzunlugu
(effective code length, ECL), ikincil olarak da garpimsal uzakhktir (product distance, dg).
Iyi bir kod tasariminda, etkin kod uzunlugunun ve ¢arpimsal uzakhiginin olabildigince biytk
yapiimasina caligithir. MSK modulasyonunda etkin kod uzunlugu ve ¢arpimsal uzakhigr artir-
manin bir yolu da ¢oklu kafes kodlamas: kullamlmasidir. Bu yaklagimda birden ¢ok kafes
adiminin birlestirilmesi sonucunda olugturulan yeni kafesde her dala birden fazla simge
eslestirilerek kodun etkin kod uzunlugu ve carpimsal uzakhg: oldukea artirihir.

Soniimlemeli kanallarda hata bagarimimi artirmanin bir yolu da cesitleme (diversity)
tekniginden yararlanmaktir. Cesitleme, tim kanallarda birden derin séniimleme olasihiginin
kicuk olacagi varsayium altinda, ayni bilgiyi birden fazla bagimsiz kanaldan iletmeye dayanir.
Bu bagimsiz kanallar frekansta, zamanda ve/veya uzayda (farkli anten) cesitleme yoluyla
yaratiir. Cesitleme tirleri birlikte veya ayr ayr bir iletigim sisteminde kullamlabilir. Za-
man cesitlemesinde, gonderilen isaretin en az zayiflamig bir kopyas: farkli iletim anlarindan
birinde elde edilirken frekans cesitlemesinde bu kopya ayni zaman arahginda farkh frekans
bolgelerinden birinden elde edilir. Uzay ya da anten gesitlemesi ise birden ¢ok verici ve/veya
alic1 anten kullanilarak hata bagariminin artinlmasina dayanir. Ahe anten sayisini artirarak
cesitleme saglama literatiirde yeterince incelenmis bir konu olmasma karsin gesitleme igin
verici anten sayisim artirmak ve bu antenleri kod tasarimi sirasinda birlikte goz oniine

alarak her biri icin farkh kodlayicilar gelistirmek yeni bir konudur. Bu yeni teknige uzay-
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zaman kodlamas: denmektedir [7],[8]. Bu ¢aligmada, uzay-zaman kodlama teknigi MSK
modiillasyonuna uygulanmakta, iki verici ve bir alici anten igin iki, dért ve sekiz durumlu
wzay-zaman kodlamal goklu MSK sistemler 6nerilmektedir. Bu sistemlerin tasanmlarinda,
diizgiin ve yavag séniimlemeli kanallarda uzay-zaman kodlarinin tasarim élgiitlerini olugturan
rank ve determinant Slgiitlerinin eniyilestirilmesi yoluna gidilmig ve bu amagla geligtirilen bir
kod arama algoritmasindan yararlamlmigtir. Onerilen kodlarm hata bagarimlan gelistirilen
bir bilgisayar benzetim programi yardimiyla incelenmis, tek verici anten kullamlmasi ve
her iki verici antende aym MSK kafes kodunun kullamlmasi durumlarina olan tstinlikleri

Rayleigh soniimlemeli kanallar igin ortaya konulmustur.

3.3.2 Sistem Modeli

Uzay-zaman kodlamas: genel olarak n verici ve m alic1 anten kullamlmasi ilkesine dayamr
(Sekil 3.3.1) ve sonumlemeli kanallara yonelik klasik kafes kodlamali modilasyon teknigi

uzay-zaman kodlama tekniginin bir verici/bir alict anten 6zel durumu olarak distnilebilir.

77wy,

Bilgi Uzay-Zaman

1 i I
Kaynag Kodlayicisi 7 . Y
n 7

Alict

Sekil 3.3.1: Uzay-zaman kodlamal: sistemn

Uzay-zaman kodlamasinda ayni veri blogu her verici anten igin ayr1 bir kafes kodlayicidan
gecirilerek n verici antenden iletilmekte, her alicr antende verici antenlerden gelen, aym bil-
giye iligkin farkl igaretler toplanmakta ve ahnan isaret dizileri Viterbi algoritmas: yardimiyla
¢oziilmektedir. Kanal gikiginda, her bir ahc antende, ¢. zaman arabginda elde edilen isaret
(3.3.1)’deki bigimde verilebilir.

Tg = Zai,jci\/ES —+ n{ (331)
1=1

Burada, 1 < j < m alicr anten sayismi, ¢}, t. zaman araliginda i. verici anten tarafindan
iletilen simgeyi, E,, ortalama simge enerjisini ve ni ise ¢. zaman arahginda j. ahci an-
tende ortaya cikan Gauss dagihml, sifir ortalamali, boyut bagima Ny /2 varyansh istatistik-
sel bagimsiz giiriilti ornegini gostermektedir. «;, 4. vericl antenden 7. alici antene kanal
kazanct olup sifir ortalamali, boyut bagina 0.5 varyansh bagimsiz kompleks Gauss dagilimi ile

modellenmektedir. Kanal iki degisik bigimde modellenmektedir. {lkinde, kanal kazanci her
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isaretlegme aralifinda istatistiksel bagimsiz olarak degigmektedir. Bu model hizh sonumleme
olarak adlandirilmaktadir. Tkinci modelde ise kanal kazancinin degeri bir cergeve boyunca
sabit kalmakta, bir cerceveden digerine istatistiksel bagimsiz degismektedir. Bu modele de
durugumsu (quasistatic) séniimleme denmektedir.

Simdi, uzay-zaman kodlamal sistem kullanarak n antenden [ siire boyunca (3.3.2)de
verilen ¢. kod sozciiginun iletildigi varsayilsin,

12 n 1.2 n 1.2 n
c=cc) - CregesCh e e (3.3.2)

Burada, ¢ kod sozciigii dizisini olugturan simgelerin alt indisleri génderildikleri zaman arahkla-

rini, ist simgeleri ise o aralik boyunca gonderildikleri verici anteni gostermektedir. Kanaldaki
gliriilti ve soniimleme etkileri nedeniyle bozulan igaret ahnip Viterbi algoritmas: yardimiyla
¢Oziilmeye calisildiginda hatayla e kod sozciigii dizisine karar verilebilir,

N n_ 1.2 n 1.2 n
e=eje;---erezes ey eef - e (3.3.3)

Bu hataya yol ciftleri hatas: denir ve Tarokh ve digerleri tarafindan her iki kanal modeli
icin de bu olasihiin iist siiri analitik yollarla elde edilmigtir, [7]. Buna gére, durugumsu(quasi-
stationary) soniimlemeli kanallar igin iki adet baganm olgiitt vardir. Bu Slgutler olugturulan

yol matrisi yardimiyla hesaplanmaktadir.

el—c el—cb - e —¢f
et - el-d e? —c}
Blce)=| el —~c} e—c3 - e —¢f (3.3.4)
LT~ e - € —a |
Alc,e) = B(e,c)B*(c, e) (3.3.5)

Durugumsu soniimlemeli kanallar igin en 6nemli hata baganm 6lgiitii (3.3.4) ve (3.3.5)
yardimiyla hesaplanan A(c, e) yol matrisinin kertesinin(rankimin) maksimum yapilmasidur.
Bu matrisin kertesinin en yiiksek degeri n verici anten sayisidir. Bu oOlgiit yardimiyla
tasarlanacak kodlarin defigik verici antenlerden gonderdikleri simge dizilerinin bagimsizhg
saglanir. Tkincil 6lgiit ise yine bu matrisin dzdegerlerinin garpimuidir. Bu olgit ise iletilen kod
sozciigi dizileri arasindaki mesafenin uzakhgini etkiler. Herhangi bir uzay-zaman kodlamali

sistemin hata bagarimi incelenmek isteniyorsa hataya neden olabilecek, yani aym durumdan
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baslayip aym durumda son bulan tiim yol giftleri igin élgiitler gozlenmelidir. Bu dlcutlerin
bir kod icersindeki en diigiik degerleri hata bagariminda etkin terimlerdir.

Hizli soniimlemeli kanallarda ise dlgiitler kafes kodlamah modiilasyonda kullanilan temel
Slciitleri andirmaktadir. Kod sézeigi dizileri goz 6niine ahnarak uzakhk ve carpim kriterleri
yine her yol ¢ifti igin hesaplanir. 1 < ¢ < [ zaman arahgmda cfcf - - ¢ # efef - - - el egitsizligi
en az v zaman arahifl icin saglanmahdir. Bu odlglite uzakhk olgiiti denir. Ikinci derecede
énemli kriter ise nuzaklik dlctitiiniin icerdigi egitsizligi saglayan zaman araliklan icin garpimsal
uzakhktir ve (3.3.6) ve (3.3.7) yardimiyla hesaplanabilir.

Carpimsal Uzakhk = [] | —ef? (3.3.6)

tev(c,e)
e — e = 3 Ief — eil? (3.3.7)
i=1

3.3.3 MSK icin Uzay-Zaman Kodlar:

Kodlanmamig MSK modiilasyonunun igaret vektérleri ve kafes diyagrami Sekil 3.3.2’de gorul-

mektedir.
“Sa
O/So (Oj 1)( Sl
1/51 ~-So So Re
-
0/-s, (-1,0) (1,0)
1/—30 (O’_]‘) 5"81

Sekil 3.3.2: MSK Kafesi ve Isaret-uzay1 diyagrami

Bu sekildeki MSK kafesinin birden fazlasini art arda getirip birlegtirerek goklu MSK
modiilasyonuna ulasihir. Bu modilasyonda kafes dali bagina birden fazla simge eslenir. Buna
gore, bilgisayar arama algoritmas: yardimiyla iki verici bir aher anten igin her iki tiir kanal igin
ayri ayri optimum ve optimuma yakin kodlar tasarlanmgtir. Arama sonucunda durugumsu
ve hizl soniimlemeli kanallar icin 2 ve 4 durumlu kafeslerde optimum kodlar (Sekil 3.3.3 ve
3.4.4) , 8 durumlu kafes i¢inse optimuma yakin kod bulunmugtur, (Sekil 3.3.5). Durugumsu
soniimlemeli kanallar icin elde edilen 2, 4 ve 8 durumlu kodlarn hepsinin kertesi 2 iken,
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ozdeger carpimlan, sirasiyla, 64,128 ve 96’dir. Hizli sontimlemeli kanallar i¢in bulunan 2, 4 ve
8 durumlu kodlarnn ise, uzakliklar: sirasiyla, 4, 6 ve 7 iken, carpimsal uzakliklar: 1024, 36364
ve 6912’dir. Kod aramas: sirasinda kargilagilan temel problem bilgisayar arama programinin
8 durumlu optimum kodu bulmas: i¢in gereken iglem siiresinin oldukc¢a biiytik olmasidir. Bu
nedenle, her iki kanal tipi icin de 8 durumlu optimum kodlar bulunamarusg, bunlar yerine

kisith secenek kiimesi icersinden optimuma yakin kodlar elde edilmigtir.

Durugumsu s. Hizh s,

[ A veric, verici verici, verich,

<y Se So 8) -8y 8¢ =8 8¢ =8y

G2 S1 =Sy So St So Sy Se §1

Cs ~8¢ =8, ~51 8¢ -8 Sa =81 Se

Cs Cy [ A =8 Sp =So ~Sp -8n -Se -84 ~So

Sekil 3.3.3: Durugumsu ve hizh sénlimlemeli kanallar i¢in 2 durumlu 1/2 oranli optimum
MSK kodlarn

cs ¢
s Durugumsu s. Hizli s,

verici, verici, verici, verici,
¢ Ca c, 84 S, s, -§, 8y S, 8, -5,
c, s, -5, Sy S, S, =S, Sy S,
Cy | -Sp -S4 -8, 8, -8, S, -8, S,
c, -5, Sy -8, -8, -5, -8, -8, -5,
CsCs Cs -3y -5 -8 S, -8y =5, -8, 8,
Cs -8, §, -Sy -S4 -5, S, =Sy =5,
c, Sp S, s, -8, S, -S, S, -8,
o c, s, -8, Sy S S, S, Sp Sy

Sekil 3.3.4: Durugumsu ve hizh séniimlemeli kanallar igin 4 durumlu 1/2 oranh optimum
MSK kodlan

3.3.4 Hata Basarum

Boliim 3.3.3’ te tasarlanan uzay-zaman kodlarm hata bagarimim incelemek amaciyla bilgisa-
yar benzetimleri yapimigtir. Bu benzetimler sirasinda ele alman sistemde bir gerceve 100
kafes adimindan olusmaktadir. Alicr tarafta sontimlemeli kanal durum bilgisinin ideal olarak
kestirildigi varsayilmigtir. Durugumsu kanallarda uzay-zaman kodlamas) yararim vurgula-
mak amaciyla ilk olarak Sekil 3.3.3’teki kafese sahip

(c1,¢a,¢3,Ca) = (SoSo, S0S1, —S1S0, —S0 — So)
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Durugumsu s. Hizli s.
€1 & verici, veric, verici, verici,
c, So So Sp So s, -8, Sy Sq
Cs Cy < S S, Sy -Sg Sy S, S, -5,
[ -8y =5, -5y Sq -5, S, -8, S,
CsCs <, -8y =S¢ ~Sp ~S -8y 84 -S¢ -5
Cs S -5, So Sq S, 8y Sy 5,
e [ S, =S, Sy -So S, -8, S, =S,
[ -8, Sa -8, Sy -8, 8, -8, 8,
G -8, S, -Sy ~So -$, S, 55 "5,
s Cro G 5, =5, Sg Sy S, Sy 5, -5,
Cp S, =S¢ S, S, 8, S, S, S,
-9 -8, Sy -8y Sy -8, -8, -S, 8,
Cin Cuz Cn -5 8 “So S -5 S, -5, 8§,
[ So So Sy So 8, -8, S, Sy
Cutun Ci So S, S, Sy S, 8, S, ~S,
Cig -8 -8, -8, 8¢ -$; S, -8, -8,
Cye -84 -8 -8y ~So Sy -8y -S, S,
CisCis,

Sekil 3.3.5: Durugumsu ve hizh soniimlemeli kanallar icin 8 durumlu 1/2 oranh optimuma
yakin MSK kodlar

MSK kodunu kullanan tek verici-tek ahicili sistem ele alinmigtir. Bu kodun kertesi 1, 6zdeger
carpim ise 12'dir. Ikinci olarak da 4 durumlu kod igin iki antenden aym

(c1,¢a,C3,C4, 5, Co, C7, C8) = (81 — S1, S081, —S0 — S0, —5180, —5150, —So — 80, 5081, 51 — 1)

MSK kodunu kullanan sistem ele alinmigtir. Bu kodun da kertesi 1, ozdeger carpimi 32
dir. Benzetim ile sozkonusu kodlarin degigik isaret-giriltii oranlarinda Rayleigh dagilimh
soniimleli kanalda cerceve hata olasihg: elde edilmistir. Benzetim sonuclan kargilagtirmah
olarak Sekil 3.3.6 ve Sekil 3.3.7" de sirasiyla, durugumsu ve hizh soniimlemeli kanallar igin
benzetim sonuglari verilmigtir.

Sekil 3.3.6" daki benzetim sonuglan incelendiginde, tek antenlik kod ile iki antenden
aynl isareti génderen kodun digerlerine kars: oldukga kotii bir hata bagsarimina sahip oldugu
kolayca goriilebilir. Bunun nedeni, bu iki koda iligkin kertenin 1 olmasidir. Kertesi 2 olan
diger kodlar incelendiginde ise aym kerteye sahip bu kodlarin hata bagarim egrileri dzdeger
carpimlan sirasimdadir. En yiiksek 6zdeger garpimina sahip 4-durumlu kodun hata bagarim
beklendigi tizere en yliksektir.

Hizh soniimlemeli kanallar icin tasarlanan kodlarnn bilgisayar benzetim sonuglan ince-
lendiginde ise, en ¢nemli hata bagarim 6lgiitii olan uzakhk 6lgiitinin hata bagarim: uzerine
etkisi acikca goriilmektedir. 10-4 hata olasihgima ulagmak i¢in 2-durumlu kod 17dB isaret-
giiriiltii oranmi isterken 4 ve 8 durumlu kodlar igin 12dB’ dir. Burada, 4 ve 8 durumlu
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~— 2-durum 2anten
—o— 4-gdurum 2anten
SeUSy - e~ B-durum 2anten
—o-- 2-durum 1anten
—~e— 4-durum 2anten
aym kod

Gergeve Hata Otastifj
35,

0 2 4 6 8 10 32 14 16 18 20 22 4 26
SIN (Eb/No)

Sekil 3.3.6: Durugumsu sonimlemeli kanal igin benzetim sonuclar:

0
10 e

W —6— 2-durum 2anten
13\\ ~6— 4-durum 2anten
\‘Q\ - o 8-durum 2anten
10 &
& Q\\D \
_%’ S&\ lS\\
Q
g 10° \g(
T \&
£
g A
3 ©
10° Gx
K AN
N\,
\ o,
N\,
N
10 ) N B 3
o 2 4 6 8 10 12 14 16 18
S/N (Eb/Noy

Sekil 3.3.7: Hizh sontimlemeli kanal i¢in benzetim sonuglary

kodlar icin yakin degerler alan uzakhk ol¢iitiinin diigiik igaret-giiriiltii oranlarinda etkisini
gosteremedigi, yuksek igaret-glriilti oranlarina yaklagildik¢a 8 durumlu kodun daha yiiksek
hata bagarimina sahip olacag sdylenebilmektedir.

3.3.5 Sonug

Bu calismada, yakin zamanda ortaya atilmig olan iletim gesitlemesi temelli uzay-zaman kod-
lamasi teknigi ilk kez MSK modiilasyonuna uygulanmig ve gezgin kanallarda uzay-zaman
kodlamasinin getirdigi glic verimliligi ile MSK modiilasyonunun getirdigi bandverimliliginden
birlikte yararlamlmigtir. Durugumsu ve hizli soniimlemeli kanallar i¢in tasarim olgltleri gz
oniine alinarak optimum kodlar elde edilmis ve bu kodlarin hata bagarimlar: bilgisayar ben-

zetimi yardimiyla incelenmis, referans sistemlere tstunlikleri agikca ortaya konmustur.
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3.4 Cok Alicili Antenli Dik Uzay-Zaman Kodlar: I¢in Giig¢ Kon-

trolu

3.4.1 Giris

Séniimlemenin gezgin iletisim sistemnleri iizerindeki etkisini azaltmanin en iyi yolu gesitleme
tekniklerinden yararlanmaktir. Uzay, zaman ve frekans cesitlemesini de igeren gesitleme
tekniklerinin amact, iletim ortaminda bagimsiz kanallar ortaya ¢ikararak ayni bilgiye iligkin
cesitli igaretlerin aliciya ulagmasim saglamaktir. Boylece, kullamilan bagimsiz kanallardan
biri tizerinden iletilen bilgi derin soniimleme etkisi sonucunda aliciya ¢ok zayiflamug olarak
ulagsa bile bir diger kanaldan aliciya ulagabilecek daha az zayiflamig kopya ahcimin hata
bagarimini arttiracaktir.

Verici anten cesitlemesi son yillarda giderek artan bir 6neme sahip olmug ve dikkatleri
lizerine gekmistir. Cok verici/gok alic antenli yapilarla kanal sigasinin arttiginin gosterilmesi
ile baglayan bu siireg, Tarokh et al. [7] [8] in uzay-zaman kodlamas: teknigini ortaya at-
malar1 ile literatiirde énemli bir yere oturmugtur. Tarokh et al., ¢aligmalarinda birden gok
verici/alic1 anten kullanilmasi durumunda elde edilecek iletigim sisteminin hata olasithif tst
qinur ifadelerini elde ederek kod tasarim olgiitlerini vermiglerdir. Bu olgiitlere dayanilarak
tasarlanan iletigim sistemleri tam gesitleme kazanc ve yiiksek kodlama kazancina sahip
olabilmektedirler. Ote yandan, Alamouti (9], karmagikhig) az olan dik verici gesitlemesini
(OTD) ortaya atmgtir. Tki verici, M alict anten kullanan bu yapi tam cesitleme kazanc

saglamaktadir.

3.4.2 Sistem Modeli

OTD tekniginde kanal kazanglarimn (soniimleme katsayilarinin) arka arkaya iki simge aralif
boyunca degismedigi, herhangi iki iki simgelik aralikta istatistiksel bagimsiz olarak degigtigi
varsayilmistir. sq, s kanal simgesi ¢ifti iki igaretlesme araligi boyunca kanaldan iletilmekte-
dir. 1k zaman diliminde sy simgesi ilk verici anten yardimiyla kanala iletilirken, s, simgesi
ikinci antenden iletilir. Tkinci zaman diliminde ise birinci ve ikinci antenlerden, sirasiyla, —s?}
ve s} simgeleri iletilir. Bu durumda 0. ve 1. zaman dilimlerinde alic1 antene ulagan igaretler,

sirastyla, ro ve 7y ile gosterilirse

To = ]’LQSO -+ hlsl + ng
r1 = —hgs] + hisy+ g (3.4.1)
vaziir. Burada, hg = |hole’® ve by = |hy|e’®, sirasiyla, birinei ve ikinci verici antenler

ile alici anten arasmdaki kanal kazanglarim gosterir. Rayleigh dagihmh zarfa sahip olan bu
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soniimleme katsayilan sific~ortalamali, boyut bagina 0.5 varyansh karmagik Gauss dagihmu ile
modellenebilir. Kanaldaki toplamsal beyaz Gauss gliriiltiisii ise her bir kanal ve ardisil simge
araliklar1 igin istatistiksel bagimsiz, sifir ortalamali, boyut bagina No/2 varyansh karmagik
Gauss dagilimh ng ve ny rastlant: degiskenleridir.

Kanal kazanclarmm ahcida ideal olarak kestirilebildigi varsayimi altinda, ro ve ry igaretleri

So = hiro+hir]

(Iho|? + |R1}*)so + Aino + hinj

I

S1 = h;TQ_hOTI

(Ihol* + [h1]*)sy — hon} + hing (3.4.2)

fl

iglemleri yardimiyla birlegtirilerek iletilmig olan so ve s; igaretlerine iligkin kestirim degerleri
elde edilir. (3.4.2) denkleminden gériilebilecegi gibi iki kanaldan biri derin sonumleme etkisi
altinda kalsa bile diger kanaldan alnan igaret yardimiyla iletilen igaret kestirilebilir. Ancak,
gercekte durum tam olarak boyle olmayabilir. Kanal kazanglarinin alier tarafta kestirimi
hatali yapilirsa yukarida anlatilan gesitleme teknigi ideal durumdaki sonuglari vermemekte-
dir. Kestirim hatalan da goz ontune alindiginda alicida kestirilen kazanglar ho = ho + €0,
hy = hy + ¢; ifadeleri ile verilmektedir. Burada, kestirim hatasim gosteren ¢y ve €; rast-
lant1 degigkenleri sifir-ortalamali, boyut basina o} varyansh karmagik Gauss dagihimhdir.
Kestirim igleminin bagarimi, isaret/kanal soniimleme katsayisi kestirim hatasi orani SECR
(0%/0?) ile belirlenebilir. Burada, o? degeri ortalama igaret giiclinil gostermektedir. Bu

durumda, alicr hatal kestirilmis kanal kazanglarini kullanarak

i

(hol® + [maf* + hoeg + hie1)so -+ (huef = hger)sy + (hg + €g)no + (b1 + e1)ni
§1 = (|h0‘2 -+ ‘hlp -+ h,IE; -+ haﬁo)sl + (}106; - h;€o>30 + (h){ + Ei)no - (h() + 60)TL§(343)

S0

ckiglarim elde edecektir. (3.4.3) denkleminde goriildiigii gibi artik qikigta yalniz giiriiltuye
bagh terimler degil, kestirim hatas: nedeniyle ortaya cikan simgeleraras: girigim terimleri de
bulunmaktadir. Buna gore, sistemin hata bagarimi artik yalniz igaret—giiriiltii oranina (SNR)
degil, igaret-girigim oramna (SIR) da baghdir.

Bu calismada, Fan et al. [10] tarafindan iki verici, tek alcr antenli dik verici gegitlemeli
sistemler icin ortaya atilan gig kontrol teknigi gelistirilerek birden fazla alicr anten kullanan
iletisim sistemlerine uygunlagtirilmigtir. Bu sistemlere iligkin kestirilen simge degerleri sy
ve §7in ifadeleri elde edilerek cegitli kestirim hatasi degerleri i¢in hata bagarimim belir-
lemek amaciyla bilgisayar benzetimleri yapilmgtir. Tasarlanan iki ve tg alicy antenli yapilar
Sekil.3.4.1'de verilmistir,
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Sekil 3.4.1: (a)iki ahci antenli dik verici gesitlemesi (b) Uc alicr antenli dik verici gesitlemesi

1k verici anten ile iki alic1 anten arasinda ortaya ¢ikan dért bagimsiz kanalin kazanglan
ho = |hole?®%, hy = |hy|e?®, hy = |ho|e?% ve hg = |hs|e?® ile gosterilmigtir (Jekil 3.4.1a). Tk
verici antenden iletilen igaretler a ile, ikinci antenden iletilenler ise b ile agirlagtinldiginda,

ilk alici antenin birinci ve ikinci zaman dilimlerinde aldig isaretler, sirasiyla,

g = ahoé‘o -+~ bh131 + ng
ry = —ahgs] + bhysy +ny (3.4.4)

ile verilebiliyorken, ikinci alici antene ulagan igaretler, sirasiyla,

Tg = (thSO -+ bh381 + g

Ty = “G]'LQS? -+ b/’lgsa + ng (345)

olarak ifade edilebilir. Burada a ve b giic kontrolu icin agirlagtirma katsayilari olup a? + b =
1’dir. Alic) tarafta kullamlan birlegtirme iglemi ve agirlagtirma katsayilarinin secimi tek ahci
antenli yapiya gore oldukga farklidir. Alicida birlestirme iglemi her alici anten igin degigik
katsayilar kullanabilmektedir. Buna gore, ahcida §y ve §; kestirim degerlerinin elde edilmesi
icin

So chiro + dhyrt + ehgry + Fhars

§ = dhirg — chori + fhRiry — ehgr} (3.4.6)

fl

denklemlerinden yararlaniimaktadir. Birlestirme iglemi sonucunda elde edilen s ve s ke-
stirim degerleri
s = (aclhol® + bd|hy|* + aelha|* + bf|hs|? + acepho + bdey h] + aeezhy + bfeshs)so
+(bCh6h1 - adhghl + beh§h3 - (th;hg + bCEBhl - a,dEth + 666;]'23 - a.fégh;)sl
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+e(hg + €)no + d(hy +en)ni +e(hy + e )ng + fhy + e3)ny

§1 = (aclhol’ + bd|h|? + aelhol? + bf|hal? + aceghl + bdethy + aeeyhl + bfeshs)s
+(adhoh} — behoh} + afhyhs — behahy + adethy — beegh] + afezhy — beeahl)so
(R + € ng — clho + co)n + f (1S + €5)ny — e(hy + e} (3.4.7)

bicimindedir. Ahcada kullanilan anten sayisindaki artigla birlikte, kestirilen 5o ve $) isaretleri-
nin icerisindeki rastgele girigim teriminin dneminin de arttig1 goriilmektedir. Giig kontrol
yapisi tasarimindaki ana amag, basanim girtltiidden daha fazla bozan, girigim terimlerini
olabildigince zayflatmaktir. Iki alic1 antenli yapida kullamlan kanal sayis1 dért oldugundan,
geribesleme ve gii¢ kontrolu iglemleri tek ahcih yapida oldugu kadar kolay gergeklestirilemez.
Tek ahci antenli yapida alicimin verecegi karar iki durumdan biri (Jho] > |h1]), (Jho| < |Ral)
iken iki alici anten durumunda verilebilecek karar dort farkl bigimdedir: (Jho] > |h| VE
lho| > |hal), (Jhol > |hal VE [ho| < [hal), (Jhol < |ha] VE {hol > lhs]), (Jho] < [
VE |hy| < |ha]). Bu durumda her bir simge cifti iletimi igin geri besleme kanahndan iki
kontrol bitinin goénderilmesi ve o duruma iligkin kontrol katsayilarnimn (a,b, ¢, d, e, f) uygun
secilmesi gereklidir. Bu segim sirasinda goz oniinde bulundurulmas: gereken iki dlgiit bu-
lunmaktadir. Bunlardan birincisi, ¢ikigtaki igaret—giiriltli oramni mimkiin oldugu kadar
arttirmak (kuvvetli kanaldan yiiksek giiglii igaret iletimi) iken, ikinci olgiit, isaret-girigim
oranini arttirmak olmalidir. Buna gore, ilk verici anten ile alici antenler arasindaki kanal-
larin iyi oldugu (|ho| > |h1| VE |he| > {hg|) durumdaa =c=e =10,b=d = f =00
secilerek tiim iletim giicti ilk verici antene yogunlagtirilmistir. Benzer bir durum olan ikinci
verici anten ile alict antenler arasindaki kanallarin iyi olmasi durumunda (Jhe| < |hi] VE
lho| < |ha]) ise a = ¢ = e = 0.0veb=d = f = 10 segilerek tim iletim guct ikinci
verici antene yogunlagtinlmigtir. Bu katsayilarin kullamlmas: sonucunda kestirim degerleri
$o ve § icerisindeki tiim girigim terimlerinin bastirildigi ve sistemin segmeli ¢esitlemeye
denk oldugu goriilebilir. Al antenlerin, hangi verici antene iligkin kanalin daha kuvvetli
oldugunu ayirt edemedikleri diger durumlarda ise hatali giig kontrolu uygulamasina neden
olup igaret—giiriiltii oramni duglirmemek i¢in @ =b=c=d=e= f = V0.5 secilmis ve giic
kontrolu yapilmamigtir.

Ug alicr antenli yap igin kanal kazanclari ho,hy,ho,hs,hy ve hs ile gosterilmektedir (Sekil
3.4.1b). Verici tarafta iletim giicunu agirlagtirmak icin a ve b katsayilar1 kullanildiginda bir-

inei, ikinci ve iigiincii alic antene, ilk ve ikinci zaman araliklarinda ulagan igaretler, sirasiyla,

To = ahQSQ -+ bhlSl + nyg
ry = —ahgs]+ bhisg+m
To = thSO -+ bh381 -+ 7o (348)
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ry = ~ah2$’{ -+ bthS + ng
ry = ahysg+ bhssy +ny (3.4.9)
rs = —ahss] + bhssi 4+ ns (3.4.10)
ile verilebilir.
Alcida gii kontrol katsayisi ciftleri (¢,d), (e,f) ve (g,h), sirasiyla, birinci, ikinci ve Ggumet

antene ulagan isaretleri agirlagtirmak igin kullamibr. sq ve s; isaretlerini kestirmek amaciyla

{ic alic1 antende iki zaman aralifinda alinan igaretler
Sp = C;LST‘O + diLlTI -+ 671;7"2 -+ filg"l“; -+ g;LZT,; + ]’LFLE,T‘;
5 = dﬁ{ro - cizori‘ + fﬁgrg - GFLng + hhgu — gi~z47"g (3.4.11)

biciminde birlegtirilir. (3.4.8) ile verilen ifadeler (3.4.11) denkleminde yerlerine konarak

kestirim degerleri

o = (aclhol? + bd|hi|? + aelho|* + bf|ha|* + aglhal® + bh|hs|® + acejho + bderh + aeeshy
+bfeshl + agejhy + bheshi)so + (behihy — adhghy + behihy — afhihs + bghihs — ahhghs
+bceghy — aderhy + beesyhs — afeshy + bgeshs — aheshy)sy + c(hg + €5 )no + d(hy + €1)n]
+f(hg + ea)ny + g(h} + €)ng + hihs + e5)ng (3.4.12)

5 = (aclhol® + bd|h1|* + aelhal* + bflhs|® + aglhg|? + bhihs|® + aceghy + bdethy + aeeghs
+(adhoht — behoh + afhohi — behohy + bfshy + ageshy + bhebhs)sy +ahhshibghahs
+adelhy — beeghy + afeyhg — beeshy + aheghy — bgesht)so + d(h} + €1)ng — c(ho + €)1}
+f (RS + €5)ny — e(hy + )0y + h(hg + €)ng — glha + €a)ng (3.4.13)

i

seklinde belirlenir. Tki alic1 antenli yapida oldugu gibi bu durumda da dort farkls giig kontrol
durumu bulunmaktadir. Ilk verici anten ile ahci antenler arasindaki kanallara iligkin kanal
kazanclar1 her alic anten igin ikinci verici antene gore daha yiiksek ise (lho| > |hi| VE
\ha| > |ha] VE |hg| > |hs]) giig kontrol katsayilaria = c=e =g =10ve b = d=f=
h = 0.0 secilerek tiim iletim glicti ilk verici antene yogunlagtinhr. Egdeger olarak, ikinci
verici antene iliskin kazanglarin daha yiiksek oldugu durumda ({ho| < |h1| VE |he| < |hs] VE
|hy| < |hs|) tim iletim glict ikinci verici antene yogunlagtinlacaktir (a = ¢ = e = g = 0.0,
b=d=f=h=10). Tim diger olasi durumlarda verici antenlerden biri tizerine hatali
glic yogunlagtirmasimi engellemek amaciylaa =b=c=d=¢= f =g =h=+0.5 segilerek

verici antenlerin eg giicte iletim yapmas: saglanacaktir.
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3.4.3 Benzetim Sonuclari

Iki ve ii¢ alici antenli dik uzay-—zaman kodlar: igin 6nerilen gii¢ kontrol yapilarma iligkin hata
bagarimlan bilgisayar benzetimleri yardimiyla elde edilmigtir. Degisik SECR degerleri igin
elde edilen sonuclar gii¢ kontrolu uygulanmamig durum ile karsilagtirmah olarak Sekil 3.4.2
ve Sekil 3.4.3’te sunulmugtur. Tki alict anten kullanan yapiya iliskin hata bagarim egrilerine
gore, 10d B SECR degeri igin, gii¢ kontrolu uygulanmg yap 1073 bit hata olasiigina ulasmak
icin kontrol uygulanmams yapiya gore 2d5 daha az igaret-giirtltii oranina gereksinim duy-
makta iken, 107* bit hata olasiligi igin bu fark 9dB’1 gecmektedir. Ug alic1 anten kullanan
yapimn hata bagarimi incelendiginde giig kontrol yapisinin getirdigi kazancin iki ahic1 antenli
duruma gore azaldigy goriilmektedir. Bunun nedeni, her li¢ ahei antenin de aym verici antene
iligkin kanal kazanclarim daha ytiksek gérmesi olasihginin artan alici anten sayisi ile birlikte
azalmasidir. Sadece bu durumlarda giig yogunlagtirmasi yapilarak bagarim iyilestirildigi i¢in
bu durumun ortaya cikis olasihginin azalmastyla birlikte kazancin da diigecegi kestirilebilmek-
tedir.

3.4.4 Sonucglar

Bu calismada, birden fazla alict anten kullanan dik uzay-zaman kodlamali sistemlerin sontimle-
meli kanallardaki hata bagarimini yiikseltmek igin bir gii¢ kontrol yapisi onerilmigtir. Kanal
kazanclarimin ahicida ideal olarak kestirilememesi durumunda, 6nerilen yapilarin hata bagarim-
lar1 bilgisayar benzetimleri yardimiyla elde edilmis, dnerilen gii¢ kontrol yapisinin dik uzay-

kodlamal: sistemlerin hata bagarimlarini yikselttigi gorilmigtiir.
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Sekil 3.4.2: Iki alici antenli yapimin bit hata olasihg
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Sekil 3.4.3: Ug alic antenli yapimn bit hata olasihg
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3.5 Ilintili Soniimlemeli Kanallarda Dik Uzay-Zaman Kodlamali
OFDM

3.5.1 Girig

Genigbandl iletigim sistemlerinde, 6zellikle frekans secici kanallar Uzerinden iletimde yiiksek
bagarimlarindan dolayi, ¢ok-tagiyicili sistemler giniimiizde yaygin olarak kullanilmaktadir.
Bu sistemlerin OFDM olarak adlandirilan bigimi, genigbandh iletigim kanalimi belli sayida
alt kanallara bolerek bilgiyi birbirine dik secilmis alt tagiyici frekanslarda iletme ilkesine
dayanmaktadir. Geleneksel frekans bolmeli gogullamali sistemler ile kargilagtirildiginda,
dik alt kanallarin ortiismesine izin verildiginden band verimliligi agisindan bir tstinlik
saglanmaktadir. Ote yandan, OFDM tek tagiyicili iletisim sistemlerine gore oldukga uzun
bir isaretlesme peryoduna sahip oldugundan hizli séniimlemelere karsi daha iyl bagarma
sahiptir.

(Genisbandl iletigimde karsilagilabilecek en kot durumlardan biri ise kanalda sonumleme-
nin iletilen isaretin her frekans bilegenini ayni miktarda etkilememesidir (frekans-segicilik).
Bu 6zellige sahip bir kanalda OFDM teknigi kanali N dik alt kanala {Bg, By,..., By-1}
bolerek frekans secici kanali N adet frekans segici olmayan alt kanala dontistiriir (Sekil
3.5.1).

Kanal Kazanc

JEDEGENENE TN

Sekil 3.5.1: Frekans segici kanal

Boylece, iletigim tek bir frekans segici kanal yerine N adet frekans segici olmayan kanal
{izerinden eszamanl olarak saglanir. Dik frekans bolmeli cogullama tekniginin en belirgin

ozelligi olan dik tagiyiclan gergeklestirmek amaciyla, uygulamas: kolay ve maliyeti duguk
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olan hizh Fourier (FFT') ve ters izl Fourier doniistiiriiciilerinden (IFFT) yararlamlmaktadir
(Sekil.3.5.2).

verici
girig simgeleri Seri/paralel  |—] N-lik  F—>» Paralelseri i
————— e -

doniigtirticit IFFT ¢ donitgtiinicii

ahier

kestirilmig
Seri/Paralel [—» N-lik {—»{ Paralel/Seri Karar simgeler
dénigtiricd | FFT T dendgtirici [ *

Devresi

Sekil 3.5.2: Dik Frekans Bolmeli Cogullama,

Bilgiye iligkin simge dizisini alt tagiyicilara otelemek amaci ile N noktalik IFFT blogu
kullamlir. IFFT ve FFT bloklarinin hizli ve etkin kullanilmas: i¢in alt kanal sayist N'nin
ikinin bir kuvveti olarak secilmesi gerekmektedir. IFFT iglemine uygun-bicime getirilmek
amaciyla girigteki simge dizisi, 1-giris N-gikishk bir seri/paralel doniigtiriiciiden gegirilerek
veri simgeleri N uzunluklu gergeveler haline getirilir. IFFT blogu ¢ikisinda elde edilen
simgeler tekrar seri bicime sokularak verici anten tizerinden kanala verilirler. Alici tarafta ise
pespese alinan her N kanal simgesi paralele donistirtlip FFT iglemi gergeklestirilir. FFT
iglemi sonrasinda elde edilen, kanaldaki sonlimleme ve girilti etkileri tarafindan bozulmusg
simgeler bir karar devresi girisine uygulanarak iletilmig olan bilgi simgelerinin kestirilmesine
calisilir.

Bu ¢alhigmada, OFDM kullanan iletigim sistemlerinde uzay, zaman ve frekans cesitleme
teknikleri birlikte uygulanarak kanaldaki ilintili sontiimleme ve toplamsal beyaz Gauss giiriilti-
siine karsin yiksek hata bagarimina sahip bir tiimlesik iletisim sistemi 6nerilmektedir.

3.5.2 Kanal Modeli

OFDM teknigi kullamlarak frekans—segici sontimleme etkisinden kurtarnlan iletisim sistemi
ortaya cikan frekans secici olmayan ancak blytk olasihkla ilintili sontimlemeye sahip alt
kanallar iizerinden bilgiyi iletecektir. Kullanilan iletisim kanalmimn iistel azalan gli¢ gecikme
profiline sahip oldugu varsayilmgtir, {11]. 7;, ¢ok—yollu iletigim kanalindaki . yolun gecikmesi,
Trmaz, COk—yollu yapinin sahip oldugu en yuksek gecikme miktar: ve C' bir sabit olmak iizere
boyle bir kanalin gii¢ gecikme profili

G(Tl> = Cexp(_Tl/Tmaz) (351)
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ifadesi ile verilir. Bu gii¢ gecikme profiline sahip kanala ait N alt kanaln etkilendikleri

soniimleme katsayilarinim ilintisini gosteren normalize ilinti matrisi

1 = exp[= L(1/Tems + j2m(k — K)/N)]

(k) = o (1 — XD(—L/ 7o) ) (1 Trms + 527 (k — &) JN)

(3.5.2)

ifadesi yardimiyla hesaplanabilir. r(k, k") terimi normalize ilinti matrisi R'nin k. satir (0 <
k< N—1), k. siitun (0 <k < N — 1) elemanimni gosterir ve k. ve k'. alt kanallarin sahip
oldugu séniimleme katsayilar: arasindaki ilinti katsayisini verir. (3.5.2) ifadesinde kullanilan
Toms, YOl gecikme siirelerinin standart sapmasi iken, L, OFDM igin kullamlacak gevrimsel
onek uzunlugunu gostermektedir.

Bu caligmada kanalm soniimleme etkisinin iki gergeve siiresi boyunca degigsmedigi, her iki

iki cercevelik zaman aralify arasinda ise istatistiksel bagimsiz degistigi varsayilmigtir.

3.5.3 Sistem Modeli

OFDM kullammiyla olugan alt kanallarda basarmmim iyilegtirmek igin gegitleme teknikle-
rinden yararlamhr. Uzay, zaman ve frekans gesitlemesini de igeren gegitleme tekniklerinin
amact, iletim ortaminda bagimsiz kanallar ortaya gikararak ayni bilgiye iligkin gesitli isaretlerin
aliciya ulagmasim saglamaktir.  Boylece, kullamlan bagimmsiz kanallardan biri iizerinden
iletilen isaret derin soniimleme etkisi sonucunda aliciya ¢ok zayiflamig olarak ulagsa bile
bir diger kanaldan ahciya ulagabilecek daha az zayiflamig bir kopya alicinin hata bagarimini
arttiracaktir.

Bu cahgmada uzay cesitlemesi saglamak amaciyla son zamanlarda uygulamalan sikhkla
kargimiza qikan dik uzay—zaman kodlan kullamlmistir. Alamoutif9] tarafindan ortaya atilan
bu yapi iki verici, M ahc anten kullanarak tam gesitleme kazanci saglamaktadir. Tlintili
soniimlemeye sahip alt kanallar Uzerinde gesitleme saglamak amaciyla ise sistemin girigine
kafes kodlamali modiilator eklenmistir. Boylece, kafes kodlamali modiilasyonun iginde barmdirdigs
zaman cesitlemesinden de yararlamlmaktadir. Ancak, kullamlan IFFT iglemi nedeniyle
modilatér gikigindaki simgeler frekans bolgesindeki alt—kanallar {izerinden iletildigl igin kafes

kodlamali modiilasyonun sahip oldugu bu 6zellik tasarlanan iletigim sisteminde frekans boyu-

tunda cegitleme saglayarak ilintili soniimlemeye kars: hata bagarimm iyilegtirir.

Onerilen timlegik yapida (gekil 3.5.3), her 2N adet ikili simgeden olusan bilgi dizisi
kafes kodlamal modiilatér ile kodlanarak {sg, s1, ..., Say-2, Son—1} kodlanmig simge dizisini
olusturmaktadir. Uretilen 2N adet kodlanmig kanal simgesi iki OFDM cergevesi siiresince
kanaldan iletilecektir. Bunun icin, dagitici, girisine gelen kanal simgelerini iki verici antene ait

OFDM cercevelerine dagitmaktadir. So = diag{so, sa," -, Son—2} ve S1 = diag{sy,s3, -, SaN-1}

45




TogSTesd
nkdpT

PapxSSSH __‘{f

KK d-p T

bd - .
L SpEpES ; L : PopdeSH i g | | S

kd-p T : FFT H sk d-p T Aryigite tet

Sekil 3.5.3: Tiimlegik iletigim sistemi

kégegen matrislerinin kogegen elemanlar birinci ¢ergeve siiresinde, sirasiyla, birinci ve ik-
inci antenden iletilecek OFDM cercevelerine yerlegtirilir. Ikinci gergeve siiresince ise —SI
ve Sg matrislerinin kégegen elemanlari, sirasiyla, ilk ve ikinci antenlerden iletilecek OFDM
cercevesini olugtururlar. Burada ! matrisin devrik eslenigini gostermektedir. Her iki antene
ait OFDM blogunda tretilen gercevelerin IV noktah IFFT’si abmp kanala iligkin verici an-
ten tizerinden seri bicimde iletilmektedir. Kanal soniimleme katsayilannin iki gergeve siresi

boyunca sabit kaldigh varsayimi kullanihirsa, ahada, N noktah FFT’si alinmig igaret
r=3Sh+n (3.5.3)

olarak elde edilir. Burada iletim matrisi S

o] s s
-8} 8

bigimindedir. ro = [rory - - Tan-2]T ilk cergeve siresinde alinan igaretin, ry = [ri73 - -7y e
ise ikinci cerceve siiresince alinan igsaretin FFT cilkagim gostermek lizere r vektoru r =
[ro"r1 7] ile gosterilebilir. Burada T matris devrigini géstermektedir. Soniimleme vektori
h ise birinei ve ikinci kanallara iliskin séniimleme vektorleri cinsinden h = [he"hy ] olarak
ifade edilebilir. hg = [hooho - how-1]T ve hy = [hiphi1--hiy-1]" kanal sniimleme
vektorlerini gostermektedir. Bu vektorlere iliskin h;; elemani 4. verici anten 1le alicr anten
arasindaki j. alt-kanahn iki gergeve boyunca sabit kalan séniimleme katsayisini gostermektedir.
h; ; degerleri degisik 1 degerleri igin istatistiksel bagimsiz iken j degerleri icin (3.5.2) ile veri-
len ilintiye sahiptir. Istatistiksel Ozellikleri ise sifir ortalamali, boyut bagina 0.5 varyansh
karmasik Gauss dagihim ile modellenebilmektedir. Aliciya etkiyen giiriilti bilesenleri n =

ne’ny7]T vektori ile gosterilmigtir.  ng = [nong - mon )T ilk gergeve siiresince FFT
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cikiginda goriilen giirtiltt érneklerini gosterirken ny = [nyng -+ -ny nv-1)F ikinci gergeve siiresince
cikista gorilecek glriiltii érneklerini gostermektedir. Giiriiltii bilegeni n;’ler her 7 degeri
icin istatistiksel bagimsiz, sifir ortalamali, boyut bagma Ny/2 varyansh karmagik Gauss
dagihmi ile modellenmigtir. Birlegtirici blogu, dik uzay-zaman kodlarinin ¢oziilmesi igin
gerekli birlegtirme iglemini £ = 0,1,---, N — 1 igin

Sof = hg)kT2k+h1)kT;k+1 (354)

Soks1 = hyxTak — RokToys (3.5.5)

ifadeleri yardimiyla yapip {3, 81, ..., San—1} kestirim degerlerini olugturarak kod ¢ézme igleminin
gerceklegtirilmesi igin Viterbi algoritmas1 bloguna iletir. Viterbi algoritmas: kafes tzerinde

M (s, 8) optimum metrigini minimize eden § dizisini § olarak seger:

§ = argminM(s,s)
S
N—1

= arg mgin Z m(sak, Sar) +'m(32k+1, Sokt1)- (3.5.6)
k=0

Viterbi algoritmasimn kullandig dal metrikleri £ = 0,1,---, N — 1 igin

m(so, Sox) = (Thoxl* -+ [h1xl® = 1) lgzkIQ + d*(8ox, 5ax)

m(saesn, Sokr1) = (howl” + [hiel® = 1) 21| + 4% (5o, Sons1) (3.5.7)

olarak verilebilir. Burada, d?(.,.) operatori d*(z,y) = (z — y)(z — y)* ile tammlidur. Isaret
enerjilerinin esit oldugu kiimelerin (M-PSK gibi) kullanilmast durumunda kullanilan metrik-

ler

m(sok, Sok) = d(Sk, 52k)
m(sans1, Sokr1) = A (5211, Saps1) (3.5.8)
bi¢imine indirgenir.

3.5.4 Benzetim Sonuclar:

Kafes kodlamali OFDM ile kafes kodlanmig dik uzay—zaman kodlamali OFDM iletigim sis-
temlerinin ilintisiz ve ilintili séniimlemeli frekans-secici kanallar iizerinde bit hata olasiliklar:
cesitli igaret-giiriiltii oranlarinda bilgisayar benzetimleri yardimiyla elde edilmistir. Elde
edilen hata basarimlan gekil 3.5.4 ve gekil 3.5.5’te sunulmustur.

Bilgisayar benzetimleri sirasinda N = 64 alt—kanal kullanan OFDM yapilar ele alinmg

ve cevrimsel 6neki uzunlugu L = 4 ahnarak cesitli giic gecikme dagihmi parametresi 7,ms
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Sekil 3.5.4: Kafes kodlamali OFDM sistemin bit hata olasihig:

degeri igin hata bagarimlari elde edilmigtir. gekil 3.5.4'te hata bagarimi verilen referans
kafes kodlamali OFDM yapisinda yalnizca zaman ve frekans gegitlemeleri bulunmakta iken
sekil 3.5.5’te hata bagarum verilmis olan yapida dik uzay-zaman kodlanmn kullamminin
getirdigi uzay cesitlemesi de bulunmaktadir. Benzetim sonuglan incelendiginde, 10~%litk bit
hata olasihina ulagmak i¢in Onerilen yapimn ilintisiz kanalda kafes kodlamali OFDM’den
yaklasik 15d B daha az isaret-giiriiltii oran: gerektirdigi; ilintili kanalda ise bu farkin yaklagik
13dB oldugu goriilmektedir.

3.5.5 Sonuglar

Bu calismada, frekans-segici kanallar lizerinde yiiksek hata bagarimina sahip kafes kodlanmg
dik uzay—zaman kodlamali bir OFDM sistemi onerilmigtir. OFDM alt kanallarina iliskin
soniimleme etkilerinin ilintisiz ve ilintili oldugu durumlarda dnerilen tiimlegik iletigim sistem-
ine ait bilgisayar benzetimleri yapilmig ve gesitli igaret—giirtltii oranlan i¢in hata bagarimlar
elde edilmigtir. Benzetim sonuclari onerilen yapimn igerisinde barmdirdig uzay cesitlemesi

sayesinde kafes kodlamali OFDM’e gore biiyiik miktarda kazang sagladigini gostermektedir.
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Sekil 3.5.5: Kafes ve uzay-zaman kodlamali OFDM sistemin bit hata olasihig
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Boliim IV

OFDM SiSTEMLERINDE YENI ESZAMANLAMA
TEKNIK VE ALGORITMALARI

4.1 Giris

OFDM sinyallesmesi, haberlesme kanalindaki soniimleme ve cokyollulugun etkileriyle baga
cikmak icin, kanali alt-tagiyrcilar kullanarak alt-kanallara ayiran etkili bir yontemdir. Tek
tagiyich yontemlerle kiyaslandiginda, OFDM sistemlerinde kanal denklegtirme daha kolay
gerceklegtirilebilir olup, aynca, kanal kestirimi ile sistemin senkronizasyon hatalarma karg
duyarlilii azaltilabilmektedir [1], [2]. Buna karsihk OFDM sistemler verici ile ahic1 osilatorler
arasindaki uyusmazhktan kaynaklanan frekans ve faz kaymalarina kars: tek tasiyicih sistem-
lerden daha duyarhdir. Degisken frekans hatasi, alt tagiyicilar arasindaki dikligi zedeledigi
gibi, alt-tagiyici senkronizasyonunun saglanmasimi ve korunmasim da zorlagtirmaktadir (3],
[4]. Ornek olarak, giriltiisiiz ortamda, 30 dB ve daha yitksek sinyal giiriiltu oram (SGO)
elde edebilmek icin, frekans kaymasi |e| < 1.3.1072 esitsizligini saglamahdir. Bu nedenle,
tastyiel ve faz senkronizasyonunun saglanmasi OFDM sistemlerdeki en dnemli problemlerden
biridir. Frekans kaymasi, alicida, bilinen pilot semboller kullanilarak (5], [6] veya ortalama
log-likelihood fonksiyonu enbityiiklenerek [7] kestirilebilir. [8]’de frekans kaymas: kestirimi
icin, kod ¢ozilcii bagariminda ihmal edilebilir kotitlesme ile beraber yiksek hizli senkro-
nizasyon saglayan, veri destekli (VDi) bir algoritma sunulmustur. Senkronizasyon saglamak
icin, iletilen OFDM sinaylindeki artik bilgiden faydalanilabilir. Frekans kaymasi igin boyle bir
yaklagim [9]-[12]'de gosterilmigtir. Bu yaklagimla beraber, Van de Beek [9] frekans kaymasin
ve OFDM cerceve zamanlamasim hesaplamalk icin, gevrimsel Gnekle ilintiyl kullanan bir
yontem vermistir. Ancak burada enbiiyiik olabilirlik(maximun likelihood)orani tlretilirken,
iletilen veri sembolleri igin Gauss yaklagikligy kullanilmigtir ve dolayisiyla modilasyonun
etkisi gozardi edilmigtir. OFDM tagiyict faz1 kestirimi, literatiirde cokca incelenmis OFDM
kanal kestiriminin bir parcasidir [13]-[15].

Bu cahgmanin temel amaci, M-PSK modiilasyonlu OFDM sistemlerinde tagiyici frekans:
ve faz kaymasinin ayrik kestirimi icin bir takim yeni veri desteksiz (VDz) enbiiyiik olabilirlik
(EOQ) kestirim algoritmalar: sunmaktir. Bolim 4.4'de frekans kaymast kestirilmig ve [9)'da
Snerilen ve gevrimsel onekteki artikhga dayanan teknikle dengelenmigtir. Bildiride Van de
Beek’in caligmasi, su yonlerden geligtirilmigtir: 1) OFDM sistemlerindeki frekans kaymasi

kestirimi icin, veri sembollerine yonelik bir Gauss varsayimi olmaksizin, enbiiyik olabilirlik
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kestirim algoritmas: tlretilmigtir. ii) Yontemin ortalama karesel bagarimi analitik olarak
hesaplanmig ve benzetim sonuclariyla karsilagtirilmstir. iii) Kestirimcinin hem on kestirim,
hem de izleme kiplerinde galigabilecegi gosterilmigtir. iv) Frekans kaymasini izlemek igin
bir izleme algoritmasi 6nerilmig ve kestirilen frekans kaymast ile senkronizasyondan énce ve
sonra simge hata oramndaki (SHO) azalma, bir kapali cevrim sistemle hesaplanmisgtir. Bolum
4.4de M-PSK igaret gosterilimi tizerinden ortalama alindiginda alt SGO smurini enbiiytk-
leyen VDz EO tagiyicr faz senkronizasyonu incelenmigtir. Kestirimeinin ortalama karesel
hata diizeyi analitik olarak tiiretilmig ve bagarimi benzetim sonuglariyla karsilagtinlmgtir.
Sonucta, sistem bagarimimn, artan SGO ile Cramer-Rao simrina yaklagtify goriilmektetir.

Son olarak, Boliim 4.5te sonuglar ozetlenmistir.

4.2 OFDM Sistemleri

OFDM’deki temel fikir, bir veri dizisini, daha digiik veri mzinda N paralel diziye déniigtiirerek
her paralel diziyi farkh bir alt-tagiyicyla iletmektir. Bu tagiyicilar, aralarindaki frekans
arahgy uygun segilerek, dik (ortogonal) hale getirilirler. Boylece alt-tagiyicilar arasinda
spektral ortiigmeye izin verilebilir ve dolayist ile basit frekans bolmeli gogullamaya (FDM)
kiyasla daha iyl bir spektral verimlilik elde edilir. Tipik bir OFDM sistemi blok diagrami
Sekil 4.2.1’de gosterilmigtir. Her minci OFDM sembol siiresince, iletilen veri simgeleri seri
paralel donustiiriicii ile, her biri bir alt-tagiyiciyr modiile eden daha diigik hizhh N diziye
dbniigtiriliir, {ak}ioy. Bu alt-tagyiailar, ters FPT islemi ile {sk }i 7' olarak ifade edilen
N zaman igaretine doniigtirulur ve buna L uzunlukta cevrimsel onek eklenerek bir OFDM
cercevesi olugturulur. Cevrimsel onek, N uzunluklu OFDM semboliiniin sonundaki L tane
simgeyi cergevenin en onune kopyalayarak olugturulur. Bu nedenle, iletilen bir OFDM
cercevesinin etkin uzunlugu N -+ L sembol olacaktir. Cevrimsel onekin eklenmesi, sem-
boller aras: girisimin (ISI) nlenmesi ve alt-tagiyieilar arasindaki dikligin korunmasi agisindan
pnem tagir. Bu boliimde, cevrimsel onekte tagman artik bilgi, frekans kaymas: kestiriminin,
ek pilotlara gerek duymaksizin, etkin bicimde gerceklestirilebilmesine olanak saglayacag)
gosterilecektir. Bolim 4.4 de goriilecegi gibi, kalan OFDM simgeleri (N tane) faz senkro-
nizasyonunu saglamak igin etkin olarak kullanilabilir.

Tletilen N karmasik verinin, M-PSK modiilasyonu ile iletildigi ve kanal gurtltisunun
toplamsal beyaz Gauss giiriiltiisi (AWGN) oldugu varsayllmigtir. Kanal siizgeclemesinin,
verici ve aher arasinda esit bolundugii ve frekans ve faz kaymas: olmadigl durumda kanal
vamiti Nyquist bigiminde oldugu varsayllmaktadir. Literatirden, milkemmel zamanlama

bilgisinin, veri hizmin 10 — 90%’si kadar frekans hatalari seviyesinde bile elde edilebildigi
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Sekil 4.2.1: N-blok verl ileten temelband OFDM sistemi

bilinmektedir, [16]. Gevrimsel onek ile saglanan koruma siiresi kanal durtil yanitindan uzun
oldugu stirece, semboller aras girigimin oniine gegilecegl [17)de gosterilmigtir. Aliada veri
aynk Fourier dontgumu (DFT) ile yeniden elde edilir. OFDM cercevesi ve sembol zamanla-
masi senksonizayonunun saglandig varsayihirsa, minci OFDM sembolil i¢in uyumlu suzgeg

cikiginda elde edilen karmagik sinyal zarfi goyle ifade edilebilir;
rin(k) = sm(k) + nm(k), m=12,---, Lo. (4.2.1)
Burada,

sV =Lexp {j(2mek/N +¢)}, k=0,1,...,L—1
sSm(k) = (4.2.2)
si=Lexp {j(2mek /N + )}, k=L L+1,--- N+L~-1

ve s* 'lar ters FFT iglemi ile, ver dizisinden (4.2.3) teki gibi elde edilir

N-1
st = (1/N) Y ay exp(j2rkn/N). (4.2.3)

n=0
Burada a?,’ler, ninci alt-tagiyicidan, minci OFDM sembol stresince iletilen ve {ejg’fd‘r,r =
0,1,... M — 1} kiimesinden degerler alan M-PSK semboliinii belirtmektedir. ¢ kanalin bagil
frekenas kaymasim (gergek frekans kaymasinin tagiyicilar arasi uzakhiga oram), ¢ kanal faz
kaymasini ve n(k) ise varyans) 02 = E{|n(k)|*} olan eklenir beyaz Gauss giirtiltistinin

karmagik zarfini ifade eder.

4.3 TFO Frekans kaymas kestirimcisi

Onceden (4.2.1)'de tammlandig) gibi minci OFDM semboline iliskin N + L simge uzunluklu

gozlem vektoru,
I'm = [Tm(0),7m(1), - TN+ L — '1)]T.
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biciminde yazilabilir. Gosterim sadeligi i¢in m indisini belirtmeden, likelihood fonksiyonu

soyle yazilabilir,

L-1 N—-1 N+L-1
L(e, ¢,{a"}) = p(rle, d, {a") = ka flr(k) — s(k)] kf-[L Jlrtk) = stR)] 11 flr(k) = s(k)]
) B - = (4.3.4)
= H flr(k) — s(k)]flr(k + N) — s(k+ N)] H flr(k) — s(k)]. (4.3.5)
k=0 k=L

Burada f(.), varyansi 02 olan karmagik Gauss yogunluk fonksiyonunu belirtir. M-PSK
modiilasyonu icin benzerlik fonksiyonu [14]-[15]'de

Lot (07) = 0 2 30 Relr (0" (6) k)t wi}, (136)

olarak verilmistir, burada (*) karmasik eslenik ifadesidir. (4.3.6)'daki veri bagimhhg, benzer-
lik oranimn, {a}’mmn tim olurlu degerleri iizerinden ortalamasi alinarak yokedilebilir. Bu
ortalama igleminin, kigitk SGO varsayimi yapimadikga, matematiksel olarak analizi pek
olanakli gozitkmemektedir. Bu nedenle, (4.3.6)’y1 kendisinin, karesel terimlere kisaltilmig
Taylor serisi ile gu gekilde degigtirebilinz,

L(e,¢,{a"}) =1+ u+v+uv+ %uz + %vz. (4.3.7)

(4.7) de, u ve v gOyle tanimlanmigtir.

w = = Relr(k)s (k) + r(k+ N)s*(k + V)] (4.3.8)

vo= > Re[r(k)s™ (k)] (4.3.9)
n k=L
Bu durumda, likelihood fonksiyonunun veri sembolleri iizerinden (4.3.7)’deki gekliyle or-
talamas) almabilir. (4.3.8),(4.3.9) esitliklerinden ve s(k)nmn (4.2.2) ve (4.2.3)'de verilen
tanimlan kullanilarak

E(u) = E(v) = E(uv) =0
oldugu gosterilebilir. Bu durumda, (4.3.7)’deki ifadenin son iki terimine iligkin beklenti
ifadeleri agagidaki gibi elde edilir;

1 L1

EW') = 3 Zﬂr(w? +lr(k + N2 + 2Re[r(k)r* (k + N)&@™™@)} - (4.3.10)
| N-l
B = a1 L IrP (4311)
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Bu tiiretimlerin ayrmntilan [13] da sunulmugtur. Sonug olarak ortalamasi alinms likelthood

fonksiyonu ¢ fazindan ve ¢'nin deneme degeri €'den bagimsiz olur ve gu son hali alir:

1 N+4+L-1 L-1 o
L(&) = 1+ 57 { ST (k)P 420 Relr(k)r* (k + N)eﬂ“]} : (4.3.12)
n k=0 k=0
Eger,

L-1

v o= Yy r(kyr*(k+N)
k=0
N+L-1

po= 2 Ir®L

k=0

ise, o zaman
L(¢) = Cy|v|cos(2mé + Lv) + Cop (4.3.13)
olur. Burada () ve C,, &€den bagimsiz sabitleri gostermektedir. énin VDz EO kestirimi
(4.3.13)’iin &'ye gore tlirevinin alimp sifira egitlenmesiyle bulunur;
1 L-1
énp = —z—arg |y r(k)r*(k+ N)|. (4.3.14)
2m 0

Tiiretilen algoritma, M-PSK yildiz kiimesi iizerinden ortalamasi alinmig likelihood fonksiy-
onunun alt SGO sinrin: enbiiyiiklerken, [9]’da onerilen ve gozlemlenen sinyalin Gauss oldugu

varsayim altinda elde edilen SGO sinrmn diigtiigii gorillmektedir.
4.3.1 Tasupcr Frakans Kaymasinin izleyici kipte kestirimai

(4.3.12)’nin é'ye gore tirevi,

~ L—-1
2O (anpioh) S mia) (4:3.15)
k=0

esligini verir, burada g, = r(k)r*(k+N)exp(j2né) dir. Eger L = 1 alinirsa (4.3.15)den, é'nin

eniyilenmesi icin [8] da verilen 6zyineli bir algoritma tiretilebilir,
Erer = & + v B (4.3.16)

Burada ~ pozitif bir sabittir ve algoritmanmn yakinsama hizim ve artik ortalama karesel
hatasin1 (MSE) kontrol eder. Pratikte v, gevrim kazanci 1'den cok kiigiik olacak gekilde

secilir, boylece duragan MSE’nin de kiiclik olmas: saglamir. € ve €1, é'nin k ve (k+ 1)inci

adimdaki tiretimleridir. Ej ise hata kontrol sinyalidir ve soyle verilir,




Ek = —Im{qk}.

Yukarida aciklanan algoritma, Jekil 4.2.2'de gosterildigi gibi, otomatik frekans kontrol
cevrimi kullanilarak gerceklegtirilebilir. ‘Tzleme kipi icin de N+ L uzunluklu OFDM sembolu
gerekmektedir. Kayma, é’y1 elde etmek igin her kanal boyunca sadece r(k) ve r(k+N) giftini
kullanarak ilk ve son L simge ile izlenir. Diger simgeler en son k = L durumunda bulunan

&, kaymas ile diizeltilirler.

Error Generntion

&
; k) Py
<>
JITEK
VCO
.1 ..Ek:tl__<> Jﬁg) 3
& b

Sekil 4.3.2: Frekans kaymas: izlenmesi

4.3.2 Frekans Kaymast Kestirimcisinin Ortalama-Karesel Bagarima

Kestirimcinin basarimim belirlemek i¢in log-likelihood orammimin tirevinin ortalamasi kul-

lamlabilir. Bu baglamda asagidaki ifadeler yararh olacaktir.

4L oy = W), A= (4.3.17)

Wi(e =

):'Zig)

(4.3.17) deki ifadedeki F'(.) fonksiyonu, kestirimcinin “S-egrisi” ya da “ayrimsama karakter-
istigi” olarak tamumnlanir. Eger EO kestirimcisi égo olursa, bu durumda kiigitk degisimler
icin yaklagik varyans: [18]

EW?(&)]

Varlego — ¢) = A7*Var[W(e)] = ——Ag——-—]é:ﬁ. (4.3.18)
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biciminde tammlanmaktadir. (4.3.13) iliskisinden

W(é) = %—Ig = —27|v|sin(2mé 4 Lv), (4.3.19)
elde edilir ve su sonug ortaya gikar,
EW(&)] = ~2rIm {E(v)e™}, (4.3.20)
EW*()] = 2r” |[E(||*) — Re {BOY]. (4.3.21)
A igin [13] da agagidaki ifade tiretilmigtir;
A= —47%2L (4.3.22)

burada, o2 = E(|s(k)[?)dir. E(lv]?) ve E(v?) igin [13] da tiiretilen ifadeler (4.3.21)'de

yerlerine konulursa, E[W?(€)] icin
E[W?(#)] = 2r°L{ck + 20207]. (4.3.23)

esitligi elde edilir. E[W?(€)] ve A ifadeleri (4.3.18)'de yerlerine konulursa yaklasiklama

varyansi,

- _ 1425G0
arlénr =€ = g 5G0)

olarak bulunur, burada SGO = o2/ dir.

(4.3.24)

4.3.3 Bilgisayar Benzetimleri

Temelband OFDM sisteminin bilgisayar benzetimi i¢in su parametre degerleri segilmistir.
Toplam altkanallarin sayisy, N = 256, M-MPK modiilasyonunda dizey sayist M = 16, nor-
malize tagiyier frekans kaymasi, € = 0.25, ének uzunlugu, L =4, L =7 ve L = 15. Benzetim
cahgmalarinda sadece toplamsal Gauss giiriiltiisii gozonune alinmistir. 4.3.3,frekans kestirim
varyansi icin (4.3.24) iligkisinden analitik olarak hesaplanan degerlerle benzetim galigmalar
sonucu elde edilen degerlerin olugturdugu egrileri gostermektedir. Bu egrilerden, analitik ve
benzetim sonuclarinin birbirleriyle miikemmel bicimde uyustugu gozlemlenmektedir.
Kestirim algoritmasinin performans, 4.3.4’de gosterilen blok gemadaki izleyici kipinde
caligmasi durumunda da bilgisayar benzetimi yoluyla incelenmis ve yakinsama parametresi
~ > 107 segilmesi durumunda € igin kestirilen degerlerin ¢ok fazla dalgalandig1 gozlenmigtir.
Bu nedenle benzetim caligmalarninda -y i¢in 1075,107% ve 1077 degerleri segilmistir. 4.3.4
den de goriilecegi gibi, v = 1077 secildiginde ilk 500 sembol igin algoritmanin duragan
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bir degere yakinsayamadif anlasilmaktadir. Yapilan yogun bilgisayar benzetim calismalar:
sonucu 7y icin en uygun degerin 1078 olduguna karar verilmigtir. 4.3.5 algoritmanin izleyici
kipinde kestirilen varyansmn sinyal-gurulti orani(SNR) ile degisimini gostermektedir. Ben-
zetim, 10000 sembol kullanilarak gerceklestirilmig ve her durumda, karsilagtirmak amaci ile,
L = 4 secilmigtir. Bu egrilerden, kestirilen varyansin izleme modunda, normal moddan daha
iyi sonuglar verdigi anlagilmaktadir.

OFDM sisteminin, belli bir frekans kaymas: altinda, sembol hata bagarimi (Symbol
error rate, SER) da bilgisayar benzetimi ile incelenmigtir. Elde edilen sonuglar 4.3.6 ve
4.4.10 6zetlenmektedir. Bagarim egrileri SER in SNR ile degigimi bigiminde olugturulmug ve
farkl onek uzunluklar: icin farkh bagarim egrileri elde edilmigtir. Frekans kaymasi, izleyici
kipinde bir kapali gevrim algoritmasi ile kompanse edilmistir. 4.3.6 dan kestirilmig varyans
degerlerinin SNR ve 6nek uzunlugu arttikca kiigilldiigii gozlenmektedir. 4.4.10 de ise OFDM
sisteminin SER basariminin normal ve izleyici kipindeki degisimlerini gostermektedir. Bu

durumda 6nek uzunlugu L = 4 secilmistir.

| % Simulated
~—— Analytica

Variance

Variance

Variance

SNR

Sekil 4.3.3: Varyans kestirimin analitik ve benzetim sonuclarimin kargilagtinlmas:
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Sekil 4.3.4: v = 1075,107%,1077, SNR= 10 dB i¢in frakans kaymasinin izleme bagarimi

4.4 Faz Kaymas: igin EO Kestirimi

Bolim 3'de tasiyic frekans kaymas: kestirimi igin her OFDM cergevesinin ilk L sembolinun
yeterli oldugu gosterilmigtir. Bu vesileyle OFDM sembol zamanlamas: ve frekans kaymas
senkronizasyonunun saglanip, dengelendigi varsayilirsa, her sembolde kalan N simge tagiyic
faz senkronizasyonu i¢in kullamlabilir. Kusursuz faz kestirimi varsayim altinda minci OFDM

sembolii icin gozlemlenen isaretin karmagik zarfi agagidaki gibi ifade edilebilir.
rm(k) = sm(k) +n(k), m=12,..., Lo, (4.4.25)

burada
sm(k) = ke k=0,2...N~-1 (4.4.26)
ve sk ’lar (4.2.2)'de gosterildigi gibi veri dizisinin ters FFT’sidir. Aynca, (4.4.26)'daki ¢
kanal faz kaymasmi, (4.4.25)'deki n(k) ise varyansi o = E{|n(k)]*} olan eklenir beyaz
Causs giriiltiisiiniin zarfim temsil eder.
Herbiri N simge iceren Lo tane OFDM semboliinden olusan r gozlem vektorii dikkate

alinsin,

r = [rrg. .. rLO]T

twe = [rm(0),rm(1) - (N — D, m=1,2,... Lo.
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Normal |
Tracking -

Variance

Sekil 4.3.5: L = 4 icin normal ve izleyici varyans kestirimi bagarimlarimn karsilagtiriimas:

Veri dizisi {a®} ve ¢ verildigi taktirde (4.4.25),(4.4.26) ve (4.2.3)’den, r'nin gozlemlenen

srneklerinin benzerlik fonksiyonu orjinal veri dizisi cinsinden ifade edilebilir.

Lo N-1N-1 ) ]
L{¢,{am}) = exp — ST > Re [Tm(k)e_ﬁ""k/Na;‘:e"m] . (4.4.27)
On m=1 n=0 k=0
(4.4.27)deki Rp(n) = N1y (k) exp(—j2mnk/N) teriminin rm(k) gozlem dizisinin

ayrik Fourier doniigiimil oldugu kolayca goriilebilir. Bu durum gdzoniine alnirsa, (4.4.27) su

bigime dontsur.

Lo N-1
L(¢,{an}) = exp 2—1 Z Re |Rn, [ )af,’fe”jﬂ . (4.4.28)

Buradan, sadece ¢’ye bagh bir log-likelihood fonksiyonu elde edebilmek icin, oncelikle
(4.4.28)in aT,, M-PSK veri dizisi {izerinden beklenen degeri bulunur. Daha sonra bulunan

degerin logaritmas: alinarak agagidaki ifade elde edilir.

Lo — M-1
Ay = > Z In —]\12 > exp —N%{Rm(n)\ cos(¢ + 2mr /M — arg Ry (n)) ¢ ). (4.4.29)
m==1 n=0 =0 n

Diisiik SGO igin gegerli olan ayni matematiksel yaklagikligi kullamlarak agagidaki  fonksiy-

onuna ulagthr.
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10,000 Symbots {16-PSK)

Probability of Symbot Error
S

Sekil 4.3.6: Farkh SN R ve ének degerleri igin OFDM sisteminin SER bagarim

Ly N-1
8 = 355 n [T g ) + 2 B ol 9 — o R}

(4.4.30)
Burada, Iy ve Iy, srasiyla Omcr ve Minci dereceden degistirilmig birinci tiirden Bessel
fonksiyonlandir. ¢’nin EO kestirimi, (4.4.30)’un ¢’ye gére tirevi alinarak ve paydada sadece
diigiik dereceli terim birakilarak tiretilebilir.

a dA(9)

Qe sin M ¢ — v cos M (4.4.31)

W(¢)

burada,
Lo N-1

Ye= D Y Apmcos|M arg(Rm(n))], (4.4.32)

m=1 n=0
Ly N-1

Vo= Y Apmsin[M arg(Rn(n))], (4.4.33)

W M )
" T L B (])

(4.4.34)
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N=256,L.=4,10,000 symbols(16P8K)

Probability of Error

1
0 2 4 6 8 10 12 14 16

Sekil 4.3.7: L = 4 icin normal ve izleyici modunda OFDM systeminin SER bagarmmnn
kargilagtirilmas:

Daha sonra (4.4.31) bagmtis: sifira esitlenerek faz kaymas: igin VDz EO kestirim bulunur.

“ 1 _ s
PurL = Wi tan 1(%) (4.4.35)
Yeterince kiigiik SGO 1 igin, elde edilen EO kestirimcisi, [20]'de belirtilen VDz ileri
beslemeli tagiyic eszamanlayicr simfina ait Minci kuvvet eszamanlayicisina [14-15] dontstigi
gosterilebilic.  SGO = 0% /02 = 1/(No2) << 1, igin (M-PSK igin o = 1/N oldugu

(4.2.3)'den goriilebilir), (4.4.34)’deki Io(2) ve In(z) s6yle yaklagiklanabilir,
(z/2)™
M

Bu degerler (4.4.34),(4.4.32) ve (4.4.33)’'de kullamlrsa, (4.4.35)'deki faz kestirimi ifadesi
asagidaki gibi olur.

]O(Z) =~ 1, [M<Z) ~

. 1 Ly N-1
brrr = 7 e S5 RM(n). (4.4.36)

me==1 n=0
Boylece, OFDM sistemler i¢in EO yaklagimyla tiiretilen faz eszamanlayicilarin da diglik
SGO bélgesinde Minci kuvvet eszamanlayicisiyla yaklasiklanabilecegi gosterilmigtir.
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4.4.1 Faz Kaymast Kestirimcisinin Ortalama-Karesel Bagarima

Kiigiik degigiklikler oldugu durumda faz kestiriminin yaklagiklik varyansi,

N . B W2
Varldus — 81 = A-2Varw(e) = T (4.4.37)
olur, buradaki A ve W(.) ifadeleri (13)’dekine benzer bicimde tanimlanmstir. Aynntilan

(9) da goriilecegi gibi, sonugta olan ara adimlar atlanirsa A ve EW 2(4)] icin su bagintilar

tiiretilmigtir;
—2LoM
A = SERNF (M~ ) (4.4.38)
. 1 E[P] -1
E[W? = —QLAN*|{—+— 4.
W) = PN, (4439)
elde edilir. Burada,
Q = —2M/(Ne2H)M M|,
1

E[P] = M!(205)" (%)m-

m==0

Bu sonuclar (4.4.37)de yerine konulursa faz kestirimi varyans: i¢in gu son ifade elde edilir;

) 1 M! M1 o 2M~’m
VCL’I"[QSML - Qﬂ = m M2 m__()(m)m;

(4.4.40)

4.4.2 Bilgisayar Benzetimler:

Bu calismada elde edilen faz kestirim algoritmasinin bagarimni degerlendirmek icin yapilan
bilgisayar benzetimlerinde su parametreler secilmigitir. Toplam altkanallarm sayisi, N =
256, M-MPK modiilasyonda diizey sayist M = 4, normalize tasiyict faz kaymasi, ¢ =
7/32, gozlem uzunlugu, Ly = 100, 200. Benzetim caligmalarinda sadece toplamsal Gauss
gliriiltiisii gozoniine ahnmstir. 4.4.8 faz kestirim varyansinin SNR ile degigim sonuglarini
gostermektedir. Bu grafife ayrica faz kestirimi igin (4.4.40) ta elde edilen analitik varyans
egrisi de eklenmigtir. Bu grafiklerden, benzetim ve analitik sonuclarin birbirleri ile mitkemmel
bicimde uyum iginde oldugu gériilmektedir. OFDM sisteminin, belli bir faz kaymasi altinda,
sembol hata bagarimi (Symbol error rate, SER) da bilgisayar benzetimi ile incelenmigtir.
Elde edilen sonuclar 4.4.9 Gzetlenmektedir. Basarim egrileri, SER in SNR ile degigimi
bi¢iminde verilmig olup, faz kaymas: izleyici kipinde bir kapah gevrim algoritmas: ile kom-
panse edilmigtir. 77dan kestirilmig varyans degerlerinin SNR ve onek uzunlugu arttikca

kiiciildigi gozlenmektedir.
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Sekil 4.4.8: EO faz kestirimcisinin gozlem uzunluguna bagh olarak analitik bagarimi

b Y: G
Simulated

Variance

Sekil 4.4.9: Analitik ve bilgisayar benzetim faz kestirimlerinin SN R in bir fonksiyonu olarak

degigimleri
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Sekil 4.4.10: OFDM sistemlerinin faz eszamanlamas: altinda SER bagarim

4.5 Sonug

Bu calismada, VDz EO tagiyicl frekans, faz senkronizasyonu igin, M-PSK igaret kiimesi
{izerinden ortalama olabilirlik (averaged-likelihood) fonksiyonunun alt SGO simirimi enbiiyiik-
leyen ayri algoritmalar tiretilmis ve ortalama karesel bagarimlar hem analitik olarak hem
de bilgisayar benzetimleriyle incelenmis ve analitik sonuclarn benzetim sonuglariyla tam bir
uyum sergiledigi gozlemlenmistir. Frekans kaymas: kestirimi i¢in, bagarimn SGO ile arttig
ancak cevrimsel onekin bagarim kontroliinde 6nemli rol oynadigi sonucuna varlmgtir. Faz
kaymas: kestirimi igin ise EO kestirimcisinin yeterince kiigiik SGO degerleri igin, literatiirde
daha énceden 6nerilmis ve VDz ileri beslemeli tagiyic: eszamanlayicilarindan Minci tstten
eszamanlayicisina indirgendigi gozlemlenmistir. Kestirimcinin ortalama karesel bagarimi
analitik olarak elde edilmis ve benzetim sonuglanyla kargilagtinlmigtir. Sonug olarak onerilen
algoritma, biiyiik faz kaymasi durumunda bile ¢cok dogru kestirimler elde ettigi, 6z-gurultiisii
(self noise) iiretmedigi ve orta ila yitksek SGO seviyelerinde Cramer-Rao simirim yakaladigy
goriimektedir. Son olarak, (4.4.40) da ¢ikarilan varyans ifadesinin,[[20], Denklem (14)]de ver-
ilen yaklagik varyans formiliiniin genellestirilmig bir durumu oldugu gériimektedir. Bunun
diginda, Oz-giiriiltiiniin olmadify ve VDz algoritmanin bagariminin orta ila yiksek SGO
degerleri icin Cramer-Rao sinirina esit oldugu gézlemlenmigtir. Benzer gézlemler [9] ve [20]'de

de yapilmigtir.
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Bolim V

UZAY-ZAMAN KODLAMALI OFDM TUMLESIK
SISTEMI iCIN YENI KANAL KESTIRIM
ALGORITMALARI

5.1 Girig

Ozellikle, uzay-zaman kodlanmmsg ve OFDM sinyaller tarafindan uyarilmig bayilmah (fad-
ing) kanallarin kestirimi, telsiz iletigim sistemlerinin aheilarinin tasarimlannda biytik 6nem
tasimaktadir. Bu tiir sistemlerin ahcilarinda demodiilasyon ve sezim (detection) iglemleri an-
cak kanal parametrelerinin bilindigi varsayilarak gerceklegebilmektedir. Bu nedenle alicida
demodiilasyon ve bunu izleyen sayisal sinyalin sezimi iglemine baglamadan ¢nce kanal kat-
sayilarinin bir gekilde kestirilmesi gerekmektedir. Bu boliimde kanal kestirimi igin pro-
jede yiiriitillen arastirmalarda varilan ilging ve yeni bir takim sonuglar sunulmaktadir. Bu
caligmalar agagidaki paragraflarda kisaca ozetlenmigtir,

Bunu izleyen Boliim 5.2 de, M-PSK sinyal ile iletisim yapan OFDM sistemleri igin
EM (Expectation-Maximization) yontemine dayanan, hesaplama yoniinden ok hizli, bir
MAP(Maximum a-posteriori) kanal kestirim algoritmasi geligtirilmektedir. Temel yaklagim,
Lletilen M-PSK verileri tizerinden istatistiksel bir ortalama ahnarak, kestirim algoritmasinin
egitim verilerine gereksinim duymayacak bigimde tasarlanmasi gerceklestirilmektedir.

Bolim 5.3 te ise uzay-zaman kodlanmig isaretlerin iletildigi cokyollu telsiz iletigim senaryosu
gbzéniine alinarak, soniimlemeli kanalin kanal katsayilari matrisi ile iletilen igaretlerin ortak

kestirimi icin yeni bir gozi-kapali(blind) kestirim yontemi 6nerilmektedir.

5.2 OFDM Sistemlerle Uyarilmis Zamanla-Degisen Bayilmali Kanal-

lar icin Yeni bir Kanal Kestirim Algoritmasi

Bu cahgmada M-PSK sinyal ile iletigim yapan OFDM sistemleri igin EM (Expectation-
Maximization) yontemine dayanan, hesaplama yonunden ok hizli, yeni bir bir MAP(Maximum
a-posteriori) kanal kestirim algoritmasi geligtirilmektedir. lletilen M-PSK verileri iizerinden
istatistiksel bir ortalama alinarak, kestirim algoritmasinin egitim verilerine gereksinim duy-

mayacak bicimde tasarlanmas: gerceklestirilmektedir (Non-data-aided). Ayrnk, ¢ok-yollu
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bayilmali kanali belirleyen, ilintili(correlated) ve ¢ok sayida kanal parametreleri, Karhunen-
Loeve dik acihmindan yararlamlarak ilintisiz(uncorrelated) ve az sayidaki kanal parame-
trelerine déntgtiirilmekte ve bu parametreler de yukarida belirtilen hizh algoritma ile kestir-
ilmektedir. Geligtirilen algoritma daha sonra QPSK sinyalleri ile module edilmig OFDM sis-
ternlerine uygulanmis ve kanal parametre kestirimi igin kesin analitik sonuglar elde edilmistir.

OFDM sinyallesme soniimlemeli kanal ve gokyollulugun etkilerinin iistesinden gelmek
icin, kanali uygun secilmis alt-tagiyicr frekanslara karsilik gelen kanallara bolerek, iletigimi
verimli bir bi¢imde gerceklestiren bir yoldur. OFDM, su anda, telsiz yerel alan ag (WLAN)
standartlan (IEEE 802.11), ikinci tip ETSI yiiksek performansh yerel alan agi (HIPER-
LAN/2) ve Japonya'nin mobil ¢okluortam erigim haberlegme sistemleri i¢in kabul edilmigtir
[1]. OFDM sistemlerde evre nyumlu kod ¢oziimi igin verici ve alic1 anten giftlerinin arasindaki
kanal durum bilgisi gereklidir. Bu amagla kanal parametresi kestirimi i¢in farkh teknikler
6nerilmis bulunmaktadir; tekil deger ayrigtirmas: veya frekans bolgesi stizgeglemesine dayal
kanal kestirim teknikleri [2]{3] ve zaman bélgesi siizgegleme [4] teknikleri bunlara ornek olarak
verilebilir. Son yillarda, kanal kestirimcisinin performansini daha iyiye gotiirmek igin, za-
manla degisen ayirgan(dispersive) kanalin, zaman-frekans ilintisini en iyi kullanan en kiigiik
ortalama karesel hata (MMSE) kanal kestirimcisi énerilmistir [5]. Bu teknik, sonradan, verici
cesitlemeli ve uzay zaman kodlamas: kullanan OFDM sistemleri i¢in genigletilmigtir [6].

Verici gesitlemesi, mobil ve cokyollu, telsiz kanallardaki séniimlemeyle baga ¢ikmak i¢in
etkili bir yéntemdir. Son donemlerde, yiiksek veri hiznda telsiz iletigim igin, uzay-zaman
kodlamas: gelistirilmig [7], ve OFDM sistemlere uygulanmgtir [8]. Bununla birlikte, uzay-
zaman kodlarinn ¢éziimi, elde edilmesi gii olan, kanal bilgisini gerektirir. [8]’deki galigmada
ideal kanal durum bilgisine sahip olundugu varsayilmistir. Yakin zamanda, Alamouti [9], ile-
tim igin, iki verici antenin kullanildig, dikkate deger bir verici gesitleme yontemi Gnermistir.
Bu yéntem daha sonradan her hangi sayida verici anteni igin genellestirilmis [10][11], ve
verici-alic1 anten cifti ile elde edilebilen en bagaril gegitlemeyi gergeklestirdigi gorulmugtir.
Uzay-zaman kodlarmin dik yapisi, en biiyiik olabilirlik kod ¢ozumunin, sinyalin birlesik
algilanmasindan daha basit olarak, farkl antenlerden iletilen sinyalin ayrighirilmas: yoluyla
uygulanmasin miimkin kilmaktadir. Tlerleyen béliimlerde de gosterilecegi gibi, uzay-zaman

lok kodlama, kanal kestirimini olduke¢a kolaylagtirmaktadir.

Bu cahgmada, ilk defa Alamouti tarafindan onerilmis olan iki-verici cesitlemeli OFDM
sistemler icin cokyollu sontimlemeli kanal kestirimine, Siala’nin yontemi [12] uygulanmgtir.
Algoritma, veri-yardimsiz, beklenti enbtytkleme yontemini kulanarak ve MAP olgttlerini
dikkate alarak, dzyineli kanal kestirimi yapilmasina dayanmakta ve kanal kestiriminin eniy-

ilenmesi sirasinda pilot simgelerin yaninda bilgi tagiyan simgelerden de faydalamlmaktadir.
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Algoritma, OFDM alicist tarafindan gozlemlenen ayrik, cokyollu, soniimlemeli kanahn Karhu-
nen-Loeve (KL) dikey acilimu ile ifade edilmesini gerektirmektedir. Kanal kestirimeisi farkh
frekanslardaki kanal frekans yamtlarinin birbirleriyle ilintisinden en yiiksek diizeyde yararlan-
maktadir. Bilgisayar benzetimleri, 6nerilen kanal kestirimine dayali, evre uyumlu modulasyon
coziimii gerceklestiren OFDM sistemlerin performanslarinin 6nemli gekilde iyilegtigini goster-

mektedir.

5.2.1 Alamouti'nin OFDM Sistemler i¢in Iletim ¢esitleme Yéntemi

Bu ¢aligmada, Alamouti tarafindan énerilen [9] uzay-zaman blok kodlanmig verici gesitleme
yontemi, ikinci dereceden bir cesitleme saglamak amaciyla, 2 verici ve 1 alici anteni ile
tanmmlanan OFDM sistemlere uygulanmsgtir.

Her n’inci zaman dilimi icin, k’inct alt-tagiyict (ton) tarafindan modiile edilmig veri
simgeleri 4;(2n,k) ve A/(2n+1,k);k=0,1,---, N — 1, iki antenden [ = 1,2, eg anl olarak
iletilirler. Iletilen simgeler birim varyansa sahip ve farkli k ve n degerleri i¢in bagimsiz
varsayilmaktadir, Sistemin performansim arttirmak icin, evre uyumlu, faz kaydirmal bir
modiilasyon (PSK) teknigi kullanilmigtir. Kanal soniimlemesinin ardigil ki OFDM sembol
stiresince (27" sabit, ancak farkh 27" araliklarinda degisken oldugu kabul edilmigtir. [inci
verici ile alici anten arasindaki kanal kazanclanmin ayrik frekans cevabina dair vektorler,
H;(2n) = [Hi(2n,0), Hi(2n,1),- -, Hi(2n, N — Ol = 1,2;n = 0,1,---,L — 1, Gauss

siirecinin, frekans bolgesinde, ilintili 6rnek degerleridir ve goyle ifade edilebilir;
H;(2n) = ¥ G;(2n) (5.2.1)

burada G,(2n), elemanlart Gy(2n)[k] = Gi(2n, k) olan, N x 1 boyutly, sifir ortalamah
ii.d. Gauss vektoridiir ve kovaryans matrisi A = diag(Ag, A1, -+, Ay—1) olarak tanmimlanir.
G;(2n)'i olugturan elemanlarin varyanslar, r = E{H,(2n)H!(2n)} olarak tammlanan ve
rip; = A\, esitligini saglayan ayrik kanal ozilinti matrisi r’nin dikeylestirilmis 6ziglevlerini
T = [y, ¢, -, Y y_q] kullanan Karhunen-Loeve (KL) déniigiimiine ait dzdegerlere {);}
egittirler.

Alamouti’nin kodlama yontemi, k. ton icin, ttum ardisil A(2n, k) ve A(2n + 1, k) sembol-

lerini agagidaki 2 x 2 matrise eglemler:

uzay —
A(2n, k) A@n+1,k)
—~A*(2n+1,k) A*(2n,k)

zaman |

burada, belirli bir satirdaki birinci ve ikinci semboller sirasiyla birinci ve ikinci antenden

ayni anda ve satirlar, ardigil zaman araliklarinda iletilmektedirler. Alamouti’nin iki vericili
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ve bir alicil verici cesitleme yonteminin kullamilmasi sonucunda, eger alicida gozlemlenen
sinyal dizisi, N ton’dan olugan bloklara ayrihrsa, R(2n) = [R(2n,0), -, R(2n, N —1)]" and
R(2n +1) = [R(2n 4+ 1,0), -+, R(2n + 1, N — 1)]", ardarda gozlemlenen her sinyal vektorii
- ¢ifti su gekilde ifade edilebilir,

R(2n)=A(2n)H;(2n) + A(2n + 1)Hy(2n) + W(2n)
R(2n+ 1)=—A1(2n + D)H,(2n)+AT(2n)Hy (2n)+W (2n+1) (5.2.2)

burada A(2n) ve A(2n + 1), elemanlan, swrasiyla, A(2n)[k, k] = A(2n,k) olan A(2n +

D[k, k] = A(2n+1,k), N x N kogegen matrislerdir. W(2n) ve W(2n+1), N tondaki toplanir

2

giirtiltiiyii modelleyen, N x 1, sifir-ortalamal ve ¢ varyansh i.i.d. Gauss vektorleridir.

Her n icin, R = [RT7(2n) RT(2n + 1)]* tanimlamr ve (2) matris formda yazilir
R=AH+W (5.2.3)

burada H = [H7 (2n) HL(2n)]T, W = [WT(2n) WT(2n + 1)]7 ve
1 2 \2n)]

A= 2ney we 624
olarak tammlanmgtir.
5.2.2 EM-Tabanh MAP Kanal Kestirimi
Rastgele degiskenlerin ortak olasihk yogunluk iglevi aher tarafindan bilindigi ve,
p(G) ~ exp(~GIAT'G) | (5.2.5)

seklinde ifade edilebildigi icin, -burada G = [G], G{]" ve A = diag(A A)’dw-, OFDM
alicinin FFT cikiginda goriilecegi tizere, sontimlemeli kanalda MAP kriterleri kullamlmigtir.
Iletilen A sinyallerinin Alamouti’nin yontemine gore kodlandig ve G ayrik kanal gosterimleri
gozoniinde tutulursa, giriiltit bilegenlerinin bagimsiz olmalarindan faydalanilarak, alicida

gézlemlenen R sinyalinin kogullu olasilik yogunluk islevi soyle tanmmlanabilir;
p(RIA, G) ~ exp |~ (R — ATG)IE (R - Af\Ile)} (5.2.6)

burada & = diag(X ¥) ve ¥ elemanlart k = 0,1,--- N — 1 igin X[k, k] = o? olarak
tanmmlanmis N x N kogegen matris, ve U = diag(W ¥)'dir.

G'nin MAP kestirimi é\mp = arg maxg p(G|R) olarak belirlenmigtir. Bu denklemin
dogrudan ¢oéziimii oldukga karmagiktir. Buna karsilik ¢oziim, 6zyineli EM algoritmas: ile ko-

layca elde edilebilir. Bu algoritma tiimevarimsal olarak G icin yeni bir kestirim yapar, boylece
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(5.2.7)deki sonsal kogullu olasilik yogunluk iglevinin tekdiize(monotone) artig1 gergeklestitilir.

Tekdlze artisin gerceklenmesi,

Q(G|G™) =" p(R, A, G)logp(R, A, G™) (5.2.7)
A

yardimer fonksiyonunun enbilytklenmesi ile saglanir; burada GU™  G’nin m’inci iterasyon-
daki kestirimidir.

A = {Ai(n, k)} veri sembollerinin birbirlerinden bagimsiz ve 6zdesge dagildig varsayildig
ve A'min G’den bagimsiz oldugu i¢in p(R, A, G) ~ p(R]A, G)p(G) olur. Béylece (5.2.7),
(5.2.5) ve (5.2.6) kullanilarak hesaplanabilir.

Gozlemlenen R sinyali icin EM algoritmas: bilinmeyen G kanal parametrelerine iligkin GY
baslangic degerini kullanarak, G'nin (g + 1)inci kestirimini GY*Y = argmaxg Q(G|G?)
enbuyiikleme adimiyla hesaplar.

Ilkdegerleme: Bilinmeyen kanal parametrelerine dair uygun baslangic degerleri segmek
icin her OFDM cergevesindeki Npg veri simgeleri {A(2n, k)} A(2n + 1,k); k € Spg, alicida
bilinen pilot simgeler olarak kullamilir. Kanal kestirimlerini aradegerlemek igin pilotlar
arasinda, ilk basta, lsc < 1/Tmaz ile verilen ve kanalin frekans bolgesindeki en bitytk gecikme
dagilimini gosteren Tp,q, ile ters orantili, minimum alt-tagiyicr arahgi [ge bulunmaktadir. Bu
nedenle PSK modiilasyonlu bir igaret kiimesi igin, kanal parametrelerinin baslangic degerleri
Ggo)(Zn) [ = 1,2 su veri destekli yontemle secilebilir:

H?(2n), I = 1,2, icin elemanlan H} (2n)[k] = H;(2n, k) olan Npg x 1 boyutlu bir vektor
ve bunun sonucu olarak k € Spg frekanslarinda kanal kazanci oldugu distintiliirse, ardisil
iki OFDM simgesindeki 2Npg pilot veri simgeleri kullamlarak H? (2n) i¢in [2]'da belirtildigi
gibi,

HP(2n) = U,A,TTHP  (2n) (5.2.8)
olur, burada ﬁﬁls(Qn), HY(2n)'nin en kiigtik karesel kestirimi ([2], sayfa 932), ¥, elemanlar
rplk, k') = r(k,k'),k, k' € Spg olan, Nps X Npg boyutlu rp, kanal kovaryans matrisinin
zdegerlerinden olugan birimcil matris, A, ise elemanlar1 §; = 1/(1 + 02/p;) olan kégegen
matrisdir; burada gy lar rp'nun 6zdegerleridir. 2Npg kanal kestirimli 6rnekler ﬁf k], k € Sps
sayesinde tiim baglangi¢ kanal kazanglar1 H O(k),k =0,1,---, N — 1 Lagrange aradegerleme
algoritmas: gibi bir aradegerleme teknigiyle, kolayca bulunabilir. Sonug olarak le) (2n)1n
baglangic degerleri GZ(O) (2n) = \IJTHZ(O) (2n) seklinde bulunur.

Pilot simgeler gozoniinde tutularak yapilan hesaplamalardan sonra, GZ@H)(Qn) (1=1,2)

yeni kestiriminin ifadesi,
G =1+ At [VIR(@2n) - VIVR(2n + 1)
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G4~ mA 9 [VPRGn - VIORGn s 1] (629)

seklinde bulunur. Bu ifadede (I+ XA = diag([(1 4 0?/Ao)™, -+, (1 + o2/ An-1)"" ve
V¥ = diaglv (Z)(O),vl(z)(l), P (N = 1)) buadaki o (k) soyle verilmistir:

gi)(k) _ A@”Jﬁ); if k € Sps gz)<k> _ A(2n+ 1,k); ifke Sps
rk)  ifkeSpy I (k); if k€ S
k =0,1,---,N — 1 icin, veri simgelerinin . iterasyon adimmdaki sonsal olasihklarimi
ifade eden I'i(k),
(k)= S af P(A(2n,k) = a1, AQn + 1, k) = az|R, G®) (5.2.10)

a1,02€8y

olarak tanmumlanir, Sy ise k. OFDM simgesinin aldig isaret kiimesidir.

5.2.2.1 QPSK Sinyallegsme i¢in ¥ (k)'mn hesaplanmasi:

QPSK tasiyicisim modiile eden veri dizisi Sj(k), bagimsiz ve esit olasihkh olarak tretilen
a = (&1 + j) sinyallerinden olugsun. Veri dizisi s;(k), I = 1,2 ve k = 0,1,---, N — 1 igin
bagimsiz oldugundan (10)’daki Iy, (k) agagidaki gibi hesaplanabilir:

D (k) = tanh | = 2 - Re(27 (k)] — g tanh [ 5 2  im(79 ()] (5.2.11)
burada
20 (k)= R(1LK) G (my (k) + R (2,8) 32 G (m)bn(k)
28 (k) =R(1, k ZG”* m)t (k) — R*(2,k ZG@ Vb (k) -

5.2.2.2 Rastlantisal {G,(m)} Parametrelerinin Kestirimi igin degistirilmis Cramer-
Rao Simir1 (MCRB)

l=1,2vem =0,1---,N —1igin {Gi(m)}ler kestirilecek rastlantisal parametreler olsun.

Buna gére, bazi hesaplamalar sonrasinda degigtirilmig Cramer-Rao simr1
MCRB(G(m)) = 2(+— + =)

biciminde elde edilir. Burada o? giiriiltii varyansi, ), ise cokyollu séniimlemeli kanala ait

ayrik oziligki fonksiyonu r(k, & )nimn ézdegerleridir.
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5.2.3 Benzetim Sonuglar

Bu béliimde OFDM sistemler icin EM algoritmas: ile kanal parametrelerinin kestirimine
dair benzetim sonuclarl sunulmaktadir. Benzetim igin gii¢ gecikme profili iistel olarak aza-
lan {0(r;) = Cexp(—7/Tmaz)} Gokyollu soniimlemeli kanal kullamlmistir. 7, gecikmeleri
cevrimsel ének (cyclic prefix) boyunca diizgiin ve bagimsiz dagilmiglardir. C' normalizasyon
sabitidir. Bu kanal modelinin farkli alt tasiyicilar igin normalize edilmig ayrik kanal ilintisi
[2] de sunulmustur;

1 - exp [~ L(52= + 2mj(k — K)/N)]

ro(k, k') =
2( ) Trms (1 —_ exp(—*[//%ms)) <Tr3ns - jQW(}C — k’)/N)

ayrica farkl blok igin ayri kanal ilintileri (9)da soyle verilmigtir;
1 (nr ’I’Ll> = Jo (271'(7’?, - nl>.des

burada Jo, sifirine: dereceden, birinci tip Bessel fonksiyonu, ve fy Doppler frekansidir. Ben-
zetimde kullanilan senaryo, 500 kHz band genisliginde galigan, 64 tona bolinmis ve 8us’si
cevrimsel 6nek (L=4) olan toplam 136us sembol siiresine (7,) sahip, telsiz QPSK OFDM
sistemi icermektedir. Sistemin kodlanmamig veri hizi 0.95 Mbit/s olarak belirlenmig, gig
gecikme profili igin rms siiresi 7,5 = 1 Ornek (2us) varsayilmusg, ve doppler frekanst fg = 100
Hz kabul edilmistir.

Sekil5.2.1’de EM tabanh algoritmamn MSE performansi, ortalama SNRin fonksiyonu
olarak goriilmektedir. Ortalama SNR E[|H (n, k)[*tE[|A(n, k)|?]/0® olarak tammlanmgtir.
QPSK sinyallesme icin E[|A(n, k)] = 1 ve séniimlemeli kanalin normalize edilmig frekans
yamti icin E[|H(n, k)|?] = 1 oldugundan dolayi, dizgelenmig SNR, 1/o? olur, buradaki
o? sisteme giren karmagik beyaz Gauss giiriiltustiniin varyansidir. GO(n, k)’ mn baglangig
degeri (16)daki gibi secilmigtir. Ortalama karesel hata (MSE), gergek {G = [G(n, k)]} ve

kestirilmis {G = [G(n, k)]} kanal parametrelerini gésteren matrisler arasindaki farkin normu

olarak tammlanmgtir;

[N-1

MSE = ||G — G| = \ \;O ; (G(n, k) — G(n, K))?

Sekil 5.2.2’de EM tabanh algoritmanin MSE performansi, 6zyine sayismimn fonksiyonu olarak
goriilmektedir. sekil 5.2.1’den EM tabanli algoritmanin MSE performansinin, SNR’a bagh

olarak 3-10 iterasyon arasinda yakinsadig: sonucuna varilmaktadir.
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5.2.4 Sonug

Bu caligmada, OFDM sistemler i¢in bir optimum kanal kestirim algoritmasi onerilmistir.
Bu algoritma, MAP kriterlerine gore kanalin Gzyineli kestirimini yapmakta ve bunu ya-
parken toplamsal Gauss gtrultili M-PSK modiilasyonu kullanan EM algoritmasindan fay-
dalanmaktadir. Ayrik cokyollu iletigim kanal, Karhunen-Loeve aginimi ile ifade edilmis ve
boylece zamanla degisen ayirgan soniimlemeli kanalin frekans yanitina ait zaman ve frekans
bolgesi iligkilerinden yararlamlmigtir. Zamanla degisen kanahn kestirimi igin, M-PSK igaret
gosterilimi iizerinden ortalama alinarak, veri-desteksiz bir kestirim yontemi ele ahnmugtir.
Bu amacla her alt tagiyicr igin frkans bolgesinde karmagik kanal parametrelerini kestiren
ve bilinmeyen kanaln gercek MAP kestirimine yakinsayan bir EM algoritmas tiiretilmigtir.
Algoritma QPSK ile modiile edilmis OFDM sistemine uygulanmisgtir. Onerilen algoritmanin

verimliligi bilgisayar benzetimleriyle gosterilmisgtir.
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5.3 OFDM Sistemlerinde Kanal Kestirimi I¢in Kosulsuz En Biiyiik
Olabilirlik Yaklagimi

5.3.1 Girig

Ontimiizdeki yillarda telsiz haberlesme sistemlerinde yiiksek haberlesme hizi ihtiyacimn en
{ist seviyeye gikacag oldukga kabul goren bir digiincedir. Elde edilen biiyiik gelismelere
kargin arzu edilen en iist seviye data hizlan, telsiz haberlesme sistemlerinin dogasi geregi
ortaya cikan gok yollu yayihm ve istenmeyen hiicre ici ve hiicreler arasi karisma nedeniyle
sinirlandinlmaktadir. Cok-tasiyicili ya da ayrik cok-tonlu modiilasyon olarak da adlandirilan
OFDM, bir kullanicidan baska bir kullaniciya bilgi iletmek i¢in ¢ok sayida alttagiyicidan
yararlamir. OFDM tabanh bir sistem yiiksek hizl seri bilgiyi gok sayida daha az hizh alt
isaretlere boler éyle ki sistem bilgiyi paralel olarak farkh frekanslarda egzamanl olarak iletir.
OFDM’ in iistiinliigi, RF ve daha dusitk gok yol bozunumuna kars: esnekligidir. OFDM’ in
dik dogasi, izgesel etkinlik Uzerinde pozitif katkiya sahip olarak altkanallarmn ortiismesine
izin verir. Bilgi tagiyan alt tagiyicilardan her biri teorik olarak kangmadan etkilenmeyecek
bigimde birbirinden uzaktadir.

OFDM sistemlerinde iletilen isaretler ile kanal parametrelerinin gozii kapall kestirimi
oldukca énemli bir problem olarak kargimiza gikmaktadir. Bu problemin ¢oziimi icin kogullu
isaret modeline dayali kestirim algoritmalar: (érnegin sayisal igaretleri deterministik diziler
gibi ele almak) [16], [17], [18] ileri striilmiigtir. Kogullu igaret modeline dayali kestirim
yontemine kargilik, iletilen isaretler, olasihksal ITD dizileri olarak ele alinan kogulsuz en blytuk
olabilirlik yaklagimi bu bildiride sunulmugtur. Ortaya gikan kogulsuz en biiyiik olabilirlik
maliyet iglevinin etkin ¢oziimii ise 6zyineli sabit nokta algoritmasi ile elde edilmistir. Aynca,
bu yontem kanal parametrelerini en bilyiik olabilirlik kestirimi ile, modulasyonlu igaretlerin

en biiyiik sonsal ortak kestirimini vermektedir.

5.3.2 OFDM Isaret Modeli

Bir OFDM sistemi elde edilebilen band genigligini N tane ortiigen dar frekans bandina béler.
Etkin sembol uzunlugu, T sistemin ornekleme uzunlugu olmak lizere, 7' = N7’ dir. g(7;t)
kanalinin yavag soniimli oldugu varsayilmakta ve bir OFDM sembolii boyunca sabit oldugu
diigiintiilmektedir. Sistemde, T, uzunluklu gevrimsel 6ntak: kullanmak altkanallarin dikligini
korur ve ardistk OFDM isaretleri arasindaki sembolleraras girigimi ortadan kaldirr. Bu

durumda sistemi paralel Gauss kanallarin bir kiimesi olarak tammlayabiliriz. Altkanal &

77




lizerindeki alinan isaret
Y = hpxy + vk, k=0...K-—1, (531)

seklinde tamimlanir. Burada zy iletilen sembol, v, toplanir kanal giiriltisi,

k
hy =G| —1%t| . k=0.. K — 3.
k <K787>7 O 1) (532>
K'incr alt tagiyicidaki zayiflama ve G(f; t) t aninda OFDM sembolil siiresince g(7;t) kanalimn

frekans yamitidir. (5.3.1)’deki alinan igaret modeli matris formunda yazildiginda

y(n) =H x(n) + v(n) O<n<N-1 (5.3.3)
Burada y(n) = [yo(n), - k-1 (m))T, x(n) = [zo(n), - -, zg 1 (n)]T ve
hy 0 - 0O
0 hy O .-
H= S : (5.3.4)
0 -« v hg

olarak verilmigtir.

Bu bildiride ele alinan temel problem, toplanir Gauss giiriiltiisi tarafindan bozulmus
igaretten y = [y(0) y(1)...y(NV = 1)]7, kanal parametrelerinin 6 = [h(0) h(1)...h(N —
D) kestirimidir. Problemin ¢éziimiinde asimptotik olarak etkin, kogulsuz en biytk olabilir-
lik kestirim yontemi kullamlacaktir. Bu amacla oncelikle problemin kosulsuz igaret modeli

geligtirilecektir.

5.3.2.1 Kogulsuz Isaret Modeli

Kosullu ve kosulsuz igaret modelleri arasindaki tek farkliik x(n) igaret vektorleri ile il-
gili varsayimlardir. Kosullu igaret modelinde igaret vektorleri bilinmeyen fakat determin-
istik bityikliikler olarak ele almirlar ve bilinmeyen parametreler kiimesinin bir parcasini
olustururlar. Boylece, bilinmeyen parametrelerin sayisi data vektorlerinin sayisinin art-
masiyla birlikte artar. Bu da tutarsiz kestirimlere yol agar. Kogullu isaret modeline karsihk,
kogulsuz isaret modelinde igaret vektorleri rastgele biiytlikliikler olarak ele alimirlar ve parame-
tre kiimesine dahil edilmezler. Bunun bir sonucu olarak, bilinmeyen parametrelerin sayisi
sabittir ve tutarh kestirimler elde etmek olasidir. Elimizdeki problem igin igaret vektor ele-
manlar1 +1 (BPSK) gibi dii@iiniifécektir. S = {sm}, m=1,...,25 =1 in olas butin

K elemanli vektérlerinin kiimesi olsun oyle ki S, K boyutlu sinyal uzayim temsil etsin.
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Isaretin sonlu yapisi ve giiriiltii vektorlerinin beyazhgr kullamlarak, data matrisi A'nin

olasilik yogunluk iglevi

, N oK {_ | y(n) — Hs,, 112} (5.3.5)

Pl = oy 11 2 =
geklinde yazihr.

A’nin olasilik yogunlugunun karmagik normal yogunluklarin sonlu bir karigimi oldugu
goriilmektedir. Burada fy(-) dagilimlar bilinmeyen H € CH*1 matrisi tarafindan parame-
trelendirilmigtir.

(5.3.5) deki kogulsuz yogunluk islevinden negatif logaritmik olabilirlik iglevi agagidaki gibi
elde edilir:

N 2K 2

— Hs,,

LH) =~ ]]log > exp {-— I y() = sm | } + sabit . (5.3.6)
n=1 me=1 :

Burada H’nin kogulsuz en buyik olabilirlik kestirimi L{H)" i global en kiigiiltenidir. Oldukga

dogrusal olmayan boyle bir maliyet iglevi (5.3.6) igin global yakinsak algoritmalarin bulun-

mas1 oldukca glictir. Buna ragmen birinci derece olabilirlik denklemlerine

OL(H)
dayanan yéresel yakinsak bir algoritma formiilize edilebilir. Burada 0L(H)/0H"n 1, j’inci
elemam OL(H)/0H, ;'dir.
Sabit nokta 6zyineleme algoritmas: yardimiyla H’'in kogulsug en biiyiik olabilirlik kestirim
ifadesi
N 2K N 2K
(8§ putonst ] = 35 S teviont 539

n=1m=1 n=1m=1

seklinde yazilabilir [17]. Burada

P (ﬂ) = eXp{Mgli } Y(n) — Hs,, 112}
" oo (& TyE) s )

(5.3.9)
x(n) verildiginde x(n) = s; sonsal olasithgidir.
(5.3.7)’deki dogrusal olmayan denklem kiimesinin sabit nokta yaklagimi ile 6zyineli ¢oztimi-

niin adimlar: asagida siralanmustir.

5.3.2.2 Onerilen Algoritma

Sabit nokta teknigi (SNT)
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1.

2.

H©'1n baglangic kestirimi verilsin,

1=1,2,..., icin

exp{— s H y(n) — H's,, |°}

(%)
P = o (= | y(n) = Hisy [P

(5.3.10)

olmak lzere

N 2K N 2K
HHD (Z S o (n)smms ) S5 Rl (5.3.11)

n=1m=1 n=1m=1

(5.3.11)’deki denklem setinden H+ D51 hesaplayin.

| L(HED) — £L(HY) |< € oluncaya kadar ikinci basamagi tekrar edin. Burada e

onceden tammlanmig bir tolerans degiskenidir.

n=1,...,N, icin m, = argmaz,pi,(n)’yi bulun. Burada pf (n) nihai sonsal olasilig1

gosterir. Isaret vektorlerinin en biiyiik sonsal kestirimleri x(n) = s,,'dir.

Onerilen algoritmanin detaylar ve bagarim analizi tam bildiride sululacaktir.

T T

Ortalama Karesel Hata

10 F

1 1.
5 10 15 20
Isaret Gurultu Orani (dB)

Sekil 5.3.1: Onerilen Algoritmanin Bagarimi
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5.3.3 Benzetim Ornegi

Onerilen yontemin uygulanabilirligini géstermek icin bu béliimde bir benzetim érnegi ver-
ilmigtir. 12 alt kanal ve 2 ¢evrimsel ontakidan olusan BPSK OFDM sistemi gdzoniine
alinmistir. Kanala ait glig gecikme profilinin r.m.s. genigligi 7,5 = 0.2us olarak secilmis ve
A ve hy, zayiflamalar: arasindaki kanal ilintisi agsagidaki gekilde ifade edilmigtir:

1~ @—L(<1/77‘ms )+27rj(m~n)/N)

Tmn = Trms<1 “ 6“(L/71"rn3))<~ 1 '{-jQWEﬁ&) (53.12)

Trms

Onerilen sabit nokta tzyineleme kanal kestirim algoritmasi 0dB-20dB arahgindaki isaret
glrtiltii oranlar igin smanmugtir ve elde edilen sonuclar Sekil 1’de sunulmustur. Bu gekilden

ortalama karesel hatamn yiiksek igaret glrtlti oranlar igin azaldigi gozlemlenmistir.
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Boliim VI
SONUCLAR

Bu projede, giiniimiizde cok 6nem kazanan gezgin-telsiz (mobil/wireless) iletigim alaninda
son yillarda yaygin olarak kullanilmaya baslanan uzay-zaman kodlama teknigi ile OFDM
teknikleri birlegtirilerek yeni bir “uzay-zaman kodlamali OFDM tlimlesik genis bandh gezgin
iletigim sistemi”nin verici ve alict kisimlanninin tasarlanmas: gerceklestirilmis ve boyle bir
sistemn icin gerekli bir takim yeni ve hizh eszamanlama (senkronizasyon) ve kanal kestirim
algoritmalart gelistirilmistir.

Gezgin ve telsiz iletigim sistemleri (uydu iletisimi, gezgin radyo, “indoor” iletigim), iletigim
kanahnin neden oldugu toplamsal Gauss giiriiltiisiine ek olarak séntimlemeden(fading) ve faz
seyirmesinden de biiyiik dlglide etkilenmektedir. Bu soniimleme etkisini azaltmanin etkin bir
yolu da cegitleme (diversity) yontemlerinden yararlanmaktir. Bu amagla son yillarda, “uzay-
zaman kodlama (space-time coding)” adiyla yeni bir teknik ortaya atilmig ve kodlamanin,
modilasyonun ve gegitlemenin optimum bir gekilde birlestirildigi bu yontemle tasarlanmig
gezgin iletisim sistemlerinin bagarimlarinda biiyiik iyilesmeler saglandigy gortulmiustiir. Diger
taraftan genis bandli gezgin iletigim sistemlerinde, ozellikle frekans segici kanallar lizerinden

3

iletimde yiiksek bagarimlarindan dolay1, “cok tagiyicili (multicarrier)” sistemler ginimiizde
yaygin olarak kullamilmaya baglamigtir. Bu sistemlerin OFDM diye adlandinlan versiy-
onu, tiim iletisim kanalim belli sayida alt-kanallara bolerek bilgiyi birbirine dik(orthogonal)
secilmig alt-tagiyict frekanslarla iletme ilkesine dayanmaktadir. Ancak, OFDM sistemlerinin
gerek tagiyic frekans ve gerekse faz kaymalarina cok duyarh oldugu bilinmektedir. Bu ne-
denle OFDM sistemlerinde frekans ve faz eszamanlama probleminin bu duyarhig da agacak

sekilde ¢oziillmesi gerekir.

Yukarida verilen bilgilerin 1181 altinda bu projede

s uzay-zaman kodlama teknigi ile OFDM teknigini birlegtirerek ve siirekli faz modiilasyo-
nunu (Minimum Shif Keying) da kullanarak, yeni bir tiimlesik genig bandh “Uzay-
zaman Kodlamali OFDM Geszgin Iletisim Sisteminin verici ve alicr kisimlan tasar-

lanmas,

e boyle bir sistemin, ¢zellikle frekans secici kanallar tizerinden iletigim yapmasi duru-

munda basarim analizi, analitik ydntemlerle ve bilgisayar benzetimleri ile gerceklestirilmis,
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e frekans secici ve sontimlemeli kanallarda, uzay- zaman kodlama tekniginin sagladig:
cesitlemenin olumlu etkileri ile OFDM tekniginin getirdigi sistemin frekans segici etk-

ilere bagisikhiginin incelenerek klasik sistemlerle karsilagtirilmig ve

e OFDM sistemleri igin, yeni frekans ve faz eszamanlama algoritmalar ve alicilarinin

tasarimi igin gerekli bir takim yeni kanal kestirim algoritmalar: geligtirilmistir.

Boylece, bu projede, hem cegitleme saglayan ve hem de kanalin frekans segiciligine duyarlh
olmayan yeni bir tiimlegik iletigim sisteminin mimarisi ortaya ¢ikartilmigtir. Bu amaclara su

asamalardan gegerek varilmigtir.

1. Once, coklu kafes kodlu MSK modiilasyonu OFDM teknigi ile tiimlestirilerek ozellikle
soniimlemeli kanallar icin ytlksek bagarima sahip yeni bir iletigim sistemi Onerilmig
ve cesitli coklu MSK kafes kodlarin OFDM sistemlerde hata bagarimlan bilgisayar

benzetimleri yardimiyla incelenmistir.

2. Daha sonra bu galigma genellegtirilerek, MSK modilasyonunun band verimliligi ile
uzay-zaman kodlarimin gii¢ verimliligini biraraya getiren ¢oklu MSK modiilasyonlu
bir uzay-zaman kodlamal sistemin tasarimmu gergeklestirilmistir. Caligmada, uzay-
zaman kodlama teknigi MSK modiilasyonuna uygulanmakta, iki verici ve bir aha
anten icin iki, dort ve sekiz durumlu uzay-zaman kodlamali tirli goklu MSK sis-
temler onerilmektedir. Bu sistemlerin tasarimlarinda, diizgiin ve yavag sonumlemeli
kanallarda uzay-zaman kodlarinin tasarim olgutlerini olusturan rank ve determinant
olciitlerinin eniyilegtirilmesi yoluna gidilmis ve bu amacla gelistirilen bir kod arama al-
goritmasindan yararlanilmgtir. Onerilen kodlarm hata bagarimlar geligtirilen bir bil-
gisayar benzetim programi yardimiyla incelenmis, tek verici anten kullanilmasi ve her
iki verici antende aym MSK kafes kodunun kullanilmasi durumlarina olan tstinlikleri

Rayleigh sontimlemeli kanallar icin ortaya konmustur.

3. Projede ele alinan diger bir konu da, dik uzay-zaman kodlarinda gii¢ kontrolunun
eniyi bir bicimde nasil gergeklegtirilecegidir. Bu galigmada, literatiirde bir alic1 antenli
dik uzay-zaman kodlar i¢in ortaya atilan gili¢ kontrol yapisi birden fazla alici anten
kullanan dik uzay-zaman kodlamali iletisim sistemleri igin genisletilerek soniimlemeli
kanallarda yiiksek hata bagarimina sahip bir iletisim sistemi 6nerilmistir. Ayrica, kanal
kazanclarinin alicida hatal kestirilmesi durumunda yiiksek bagarim saglayan iki ve tg
alici antenli iletisim yapilar: tasarlanarak gli¢ kontrolii uygulanmadigy duruma gore

olan kazanclan bilgisayar benzetimleri yardimiyla belirlenmitir.
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4. Bu baglamda, ilintili frekans-segici sontimlemeli kanallar i¢in dik uzay-zaman kodlamal
OFDM tiimlesik bir iletigim sisteminin tasarimi ele alinmgtir. Caligmada OFDM kul-
lanan iletigim sistemlerinde uzay, zaman ve frekans cesitleme teknikleri birlikte uygula-
narak kanaldaki ilintili sontimleme ve toplamsal beyaz Gauss giriiltiisiine kargin ylksek
hata bagarimina sahip bir tiimlegik iletisim sistemi onerilmektedir. Bu yapida uzay ve
zaman cesitlemesini saglamak amaciyla son zamanlarda uygulamalar siklikla kargimiza
aikan dik uzay-zaman kodlar: kullanilmigtir. OFDM alt kanallarina iligkin sontumleme
etkilerinin ilintili oldugu durumda onerilen tiimlesik iletigim sistemine ait bilgisayar
benzetimleri yapilmis ve cesitli sinyal-giirtiltii oranlar: i¢in hata bagarimlar elde edil-

erek ilintisiz séniimleme durumuyla kargilagtirilmigtir.

5. Son olarak uzay-zaman kodlamali OFDM tijmlegik sistemi igin bir takm yeni kanal
kestirim algoritmalar1 gelistirilmistir. Ozellikle, uzay-zaman kodlanmig ve OFDM
sinyaller tarafindan uyarnlms bayilmal (fading) kanallarin kestirimi, telsiz iletigim sis-
temlerinin alicilarmin tasarimlarinda buyik 6nem tagimaktadir. Bu tiir sistemlerin
alicilarinda demodiilasyon ve sezim (detection) iglemleri ancak kanal parametrelerinin
bilindigi varsayilarak gergeklesebilmektedir. Caligmalarda kanal kestirimi icin su iki

temel yaklagim izlenmigtir.

a) Uzay-zaman kodlanmug sinyaller tarafindan uyarlmg kanallann gozii-kapali(Blind)
kestiriminde kogulsuz en biiytk olabilirlik iglevinin enkiigiiltiilmesine dayali Baum-
Welch algoritmasinin kullanilmasinin uygulamada ¢ok yararl olabilecegi sonucuna ulagil-
migtir.

b) OFDM Sistemler tarafindan uyarilmig zamanla-degigen bayilmal kanallar i¢in EM-
Tabanl egitim verilerine (Non-Data-Aided) gereksinim duymayan kanal kestirim yakla-
gimi ile son derece hizli, basit olarak gergeklenebilir kanal kestirim algoritmalar: tasar-

lanmugtir.

Projede Uretilen Onemli Sonuglar

1. Projede teklif edilen uzay-zaman kodlama teknigi ile OFDM tekniginin tiimlestirildigi
eniyi tiimlesik telsiz iletigim sisteminin ézellikle frekans bayilmali segici kanallar uzerinde

yiiksek bir basarimla caligtigl sonucuna varilmstir

2. Ortaya gikan tiimlesik sistemin frekans ve faz eszamanlamasi igin eniyi olabilirlik yontemi

kullanilarak basit, iteratif ve isaret-glrtilti oranindan bagimsiz algoritmalar geligtirilmigtir.

3. Yeni bir takim kanal kestirim algoritmalar: geligtirilmistir.
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. Proje sonuclarimin uygulamaya aktarilabilmesi i¢in, Avrupa 6. Cerceve Program kap-
saminda Avrupa’da baglatilan ¢ok genis bir Network of Fxcellence Projesine (NEW-
COM Projesi) ISIK Universitesi de, bu konularda katkilar vermesi icin, kabul edilmistir.
Ayrica Tlrkiye icinde de yine bu konularla ilgili diger bir Nework of Ezcellence pro-
jesi(SWIM Projesi) i¢inde de ISIK Universitesi yer almigtir.

. Bu projede elde edilen sonuglardan ve bilgi birikiminden yararlanarak ileriye dontik
cabismalarda, dzellikle 4. kusak mobil iletigim sistemlerinin spektral verimi ¢ok yiiksek,
cok tasiyicili tabanl fiziksel katmanlarinin verici ve alier {initelerinin tasarimlarinda,
bliylikk 6nem tasiyacaktir. Yukaridaki paragrafta sozii edilen gerek NEWCOM ve

gerekse SWIM Avrupa projelerinin temeli de bu problemin ¢oziimiine yoneliktir.

. Projede onerilen mobil iletigim sisteminin tasarimimin uygulamaya doniigtiiriilebilmesi
i¢in lilkemizde bu konularda uygulayic: olarak caligan TELETAS, NETAS ve ASEL-
SAN gibi firmalarin bu proje raporuna ulagmasi gerekir. Bu nedenle, TUBITAK m bu

rapordan bu firmalara birer kopya gondermesini Oneririz.

. Proje kapsaminda yapilan yayinlar proje Eklerinde verilmistir.
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Abstract. In this paper, a non-data-aided maximum a posteriori (MAP) channel estimation technique for OFDM
systems employing M-PSK modulation scheme is proposed. The technique requires a convenient representation of the
discrete multipath fading channel based on the Karhunen-Loeve orthogonal expansion and estimates the complex channel
parameters of each subcarriers iteratively in frequency domain using the Expectation-Maximization (EM) algorithm. Pilot
symbols are employed to choose reliable initial values of the unknown channel parameters. An analytical expression is
derived for the exact Cramer-Rao lower bound of the proposed MAP channel estimator. Moreover, robustness of estimator
to changes in channel correlation and signal-to-noise ratio is also analyzed. The performance is presented in terms of the
mean-square error and the uncoded symbol error rate for a sysiem employing QPSK signaling. Computer simulations
demonstrate that the performance of OFDM systems using coherent demodulation based on our channel estimation can

be significantly improved.

1 INTRODUCTION

OFDM signaling is proven to be an efficient way to
overcome the effects of fading channel and multi-path by
dividing the frequency selective channel into a number
of sub-channels corresponding to the OFDM sub-carrier
frequencies. OFDM has already been accepted for the
new wireless local area network (WLAN) standards (IEEE
802.11), the ETSI High Performance Local Area Network
type 2 (HIPERLAN/2) and Japan’s Mobil Multimedia Ac-
cess Communications (MMAC) systems [1]. In OFDM,
channel state information between transmit and receive an-
tenna pairs is required for coherent decoding. Several chan-
nel parameter estimation techniques were proposed in liter-
ature. In [2-3] a channel estimator for OFDM systems has
been proposed based on the singular-value decomposition
or frequency-domain filtering. Time domain filtering has
been proposed in [4]. To further improve the channel es-
timator performance, a MMSE channel estimator, which
makes full use of the time-frequency correlation of the
time-varying dispersive channel was proposed in [5]. This
technique has been extended later in [6] to develop a chan-

*This work was supported by a grant from the Scientific and Technical
Council of Turkey (TUBITAK) (project No: 100EE006)

Vol. 13, No. 5, September—()ctober 2002

nel estimation in OFDM systems with transmitter diversity
using space time coding. However, all these approaches as-
sume that the data transmitted is known through a training
sequence. In this paper we apply the method of Siala [7] to
the estimation of fading channels in a non-data-aided fash-
ion for OFDM systems. This algorithm performs an itera-
tive channel estimation according to the maximum a poste-
riori (MAP) criterion, using the Expectation-Maximization
(EM) algorithm. It uses profitably not only pilot symbols
but also information-carrying symbols on the optimization
of the channel estimation. It requires a conventional rep-
resentation of the multipath channel, based on a discrete
Karhunen-Loeve (KL) orthogonal expansion of the discrete
multipath channel seen by the OFDM receiver. The chan-
nel estimator makes full use of only the frequency cor-
relations of the channel response at different frequencies.
Whether their level of performance, this may be improved
with the addition of the time correlations in the algorithm
[8]. In particular, for mobile wireless channels, the corre-
lation of the channel frequency response at different times
and frequencies can be separated into the multiplication of
the time-and frequency-domain correlation functions and
this would decrease the computational complexity of the
channel estimation substantially [S].
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The rest of the paper is organized as follows. In Sec-
tion 2, the OFDM system and the channel model are intro-
duced. In Section 3, multipath channel and its orthogonal
representation by means of the discrete Karhunen-Loeve
transformation are presented. Section 4 introduces an EM
based MAP channel estimation algorithm on a single re-
ceived OFDM symbol block as well as the exact analytical
expressions for the Cramer-Rao bounds. Section 5 provides
simulation results on the convergence of the EM algorithms
and overall analysis of the symbol-error rate(SER) perfor-
mance under both the channel and SNR mismatch. Finally,
in Section 6, a summary and final remarks are presented.

2 OFDM
MODEL

SYSTEMS WITH CHANNEL

The OFDM system with channel estimation considered '

in this paper is shown in Figure 1. The independent data
symbols A(k) are modulated by N subcarriers and inverse
discrete Fourier transform (IDFT) and the last [ samples
are copied and put as cyclic prefix (CP) to form the OFDM
symbol. This data vector is transmitted over the channel,
whose impulse response is shorter than L samples. The
eyclic prefix is removed at the receiver and the signal is
demodulated with a discrete Fourier Transform (DFT). We
assume that the use of CP both preserves the orthogonal-
ity of the subcarrier frequencies (tones) and eliminates in-
tersymbol interference (ISI) between consecutive OFDM
symbols. Further, the channel is assumed to be constant
during one OFDM symbol. Under these assumptions we
can describe the system as a set of parallel Gaussian chan-
nels with correlated channel attenuation H (k). The attenu-
ations on each tone are given by [3]

k
NT,

H(k) = H( ), k=0,1,--- N -1

where H (.) is the frequency response of the channel h{r)
during the OFDM symbol and T} is the sampling period of
the system. The received signal after demodulation (per-
forming a DFT), can be expressed in vector form as

R=AH-+W. ¢y

Here, A is an N x N diagonal matrix with A[k, k] =
A(k) representing the symbol transmitted over the kth
tone. Since the phase of each subchannel can be ob-
tained by the channel estimator, coherent phase-shift key-
ing (PSK) modulation is used here to enhance the sys-
tem performance. Therefore A(k) € exp (j2mr/M),r =
0,1,--,M — 1. Hisan N x 1 vector with H[k] = H (k).
Finally, W is an N x 1 zero-mean, 1.1.d Gaussian vector
that models additive noise in the N sub-channels (tones).
We have

EWAW] = o1y 2)

488

where Iy represents an N x N identity matrix and o? is
the variance of the additive noise entering the system. The
frequency response of the fading channel at the kth sub-
carrier, H (k) are correlated samples, in frequency, of a
complex Gaussian process. At the receiver, a Viterbi al-
gorithm which needs the channel parameters H (k) is used
to compute the appropriate metrics to implement the de-
coding process. In the absence of channel state informa-
tion, the decoder must estimate the channel states and thus,
there has been extensive affords in the direction of channel
parameter estimation. However, most of the works done
tries to achieve this goal with employing least-square chan-
nel estimation technique assuming the transmitted data is
known either by means of the training symbols or through
a decision-directed fashion. But a drawback of this ap-
proach is that the calculation of the inverse of a square
matrix is needed whose size is proportional to the length
of the discrete-channel impulse response [3, 6]. This re-
quires intensive computation for large matrix sizes. More-
over, for OFDM systems, channel estimation is challenging
if we assume that this should be implemented in a non-data
aided fashion [9,10]. In this paper a novel channel esti-
mation algorithm is presented by representing the discrete
multipath channel based on the Karhunen-Loeve orthogo-
nal representation and make use of the EM technique. EM
provides an iterative and more easily implementable solu-
tion.

e

Serial

10

Channel

SnaLt INeL- N-1

Parallel

Figure 1: Baseband OFDM system, transmitting N-blocks of
data.

3 REPRESENTATION OF MULTIPATH FAD-
ING CHANNELS

The complex baseband representation of a fading mul-
tipath channel impulse response can be described as [11]

hir) = Zalé(v' —nTs) 3
1

where 7 is the delay of the [th path and «; is the cor-
responding complex amplitude with a power-delay profile
f(n). Note that c, s are zero-mean, complex Gaussian ran-
dom variables, which are assumed to be independent for
different paths. We now briefly describe the channel statis-
tics. The correlation function of the frequency response of
the multipath fading channel for different frequencies is

r(f, 1) = BH(HH"(f)] )
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+oo '
H(f) :/ hr)e= T = Y s (5)
l

—00
It can be shown that (4) has the form [11]

r(f ) = ohre(f = F) ©)
rf (Af) - (1/0?1) Z O'li)e"jZWAle (7
[

where o} is the average power of the [th path and 0¥ is
the total average power of the channel impulse response

defined as
2 2
UH s ZO'[ .
{

For an OFDM system with subchannel spacing Af,
the discrete correlation function for subcarriers defined by
r(k, k") = E[H(k)H*(k")] can be written as

r(k, k) = agri(k, k), kK =01, N-1 (8

where
’f‘l(k, LI) = Tf((k — k/)Af) .

By means of the discrete Karhunen-Loeve (KL) trans-
formation, the frequency response vector H of the multi-
path channel can be expressed as

H=%G )]

where G is an N x 1 zero mean i.i.d Gaussian vector
with G[k] = G(k) whose covariance matrix is A =
diag{Xo, A1, -+, An_1)- The variances of the components
of G, arranged in decreasing order, are equal to the eigen-
values {\;} of the KL transformation with the orthogonal-
ized eigenvectors W = [3fq, 1, - -+, 9 4] Of the discrete
channel autocorrelation matrix r defined as

r = E{HA"} (10)
where r[k, k'] = r(k, k'), which satisfies rip; = A;ep; for
j=01- N—1

4 EM-BASED MAP CHANNEL ESTIMATION

4.1  CHANNEL ESTIMATION

The MAP criterion is used in the fading channel as seen
at the FFT output of the OFDM receiver since the joint
probability density function of the random variables are
known by the receiver and can be expressed as

p(G) ~ exp(~GTATG). (11)

Given the transmitted signal A and the discrete channel

representation G, and taking into account the independence
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of the noise components, we can express the conditional
probability density function of the received signal R as

P(RIA,G) ~ exp [~ (R — ATG) T "R~ ATG)],
(12)
where 3 is an N x N diagonal matrix with [k, k] = o2,
fork=0,1,---,N~1.,
The MAP estimate G is given by

émap = arg mé,xp(GlR) . (13)

Directly solving this equation is mathematically in-
tractable. However, the solution can be obtained easily by
means of the iterative EM algorithm. Since the EM algo-
rithm has been studied and applied to a number of prob-
lems in communications over the years, the details of the
algorithm will not be presented in this paper. The reader is
suggested to read [12] for a general exposition to EM al-
gorithm and [13] for its application to the estimation prob-
lem related to the work herein. Basically, this algorithm
inductively reestimate G so that a monotonic increase in
the a posteriori conditional pdf in (13) is guaranteed. The
monotonic increase is realized via the maximization of the
auxiliary function

Q(GIGI™) =" p(R, A, G) logp(R,A,G™)  (14)
A

where the sum is taken over all possible transmitted data
symbols and GU™ is the estimation of G at the mth iter-
ation. Note that p(R, A, G) ~ p(R|A, G)p(G) since the
data symbols A(k) are assumed to be transmitted indepen-
dent of each other and identically distributed and the fact
that A is independent of G. By similar argument, we have
PR, A, GI™M) ~ p(RIA, GI™)p(GU™). Therefore, (14)
can be evaluated by means of the Expressions (11) and
(12).

Given the received signal R, the EM algorithm starts
with an initial value G° of the unknown channel parameters
G. The (m + 1)th estimate of G is obtained through the
maximization step described by

GmtY = arg mC:?XQ(GIG(m)).

After long algebraic manipulations the expression of
the reestimate G{™*1) can be obtained as follows:

Gt = 14+ A~ YA MR (15)
where, it can be easily seen that
(I4+2A™ Y =diag[1+0%/X0) 7 (140 An-1) 7

and I'"™ in (15) is an N x N dimensional diagonal ma-
trix representing the a posteriori probabilities of the data
symbols at the mth iteration step whose kth diagonal com-
ponent is defined as

LM (k) = > a* P(A(k) = a|R,G™). (16)

a€ Sy
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Sy denotes al phabet set taken by the kth OFDM symbol. It
is proved that G will converge to the true MAP channel
estimator Gmap as m, the number of iterations, gets larger
[12].

In order to be able to choose good initial values for the
unknown channel parameters and to ensure a fast start up in
the equalization/detection operation following the channel
estimation process, the Npg data symbols A(k), k € Sps
in each OFDM frame are generally used as pilot symbols
known by the receiver. Here, Sps denotes the set of pilot
symbols indices. Note that, Nps > L in order to identify
the channel. When NV is large, however, this does not cre-
ate a significant degradation in spectrum efficiency since
L, the number of prefix symbols, takes small values with
respect to the total number of subcarriers carrying the data.
To interpolate the channel estimates, initially, there exists a
minimum subcarrier spacing, [sc, between pilots given by
lsc < 1/Tmag, Where Tingy 18 the maximum delay spread
of the channel in the frequency domain. Therefore for PSK
modulated alphabet set, the initial value of the channel pa-
rameters G(®) can be selected according to the following
data-aided scheme.

Let H,, denote an Npg x 1 vector with Hp[k] = H (k),
resulting the channel attenuations at frequencies k /N T for
k € Sps. Using Nps pilot data symbols A(k),k € Sps,
the linear minimum mean-square error (LMMSE) estimate
of H,, is given by [3]

H, = ©,A, ¢ H, (17)

where ¥, is an unitary matrix containing the eigenvectors
of the Npg x Npg dimensional channel covariance ma-
trix rp with rp[k, &) = v (k, k'), k, k' € Sps. Ay isan
diagonal matrix with entries

1
1+ o2/

where, px’s are the eigenvalues of rp, and,

B = E{JAMR)PYE{1/AK)I*}

is a constant depending on the signal constellation [3]. In
the case of MPSK signaling, / = 1. Then, given Npg
channel attenuation samples H,[k},k € Spg, the com-
plete initial channel attenuation sample values H°(k), k =
0,1,---,N — 1 can easily be determined using an inter-
pclanon technique, i.e., Lagrange interpolation algorithm.
Finally the initial values of G can be determined from
(9) as follows

O =

G = gAHO, (18)

Taking the pilot symbols into account, the final expres-
sion of GU™ Y can be expressed as follows.

1+ SA~H LevimRr

where V(m) — diag[um (O)> fvm(l)‘ s
v™ (k) is given as

=]

Glm+h) — (19)

LU™(N — 1)] and

A (k)
T (k)

ifk € Sps
ifk € 5%q.
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Note that implementation complexity of the EM algo-
rithm, presented above, can be reduced substantially due
to the fact that the magnitude of the eigenvalues Ay, k =
0,1,---, N — 1 of the channel correlation matrix in (10)
becomes negligible for k& > 2BT + 1 where B is the
one-sided bandwidth and 7T is the length of the channel
impulse response. As pointed out in [3], for an OFDM
system 2BT = L, where L is number of symbols in the
cyclic prefix since 7' = LT, and 2B = 1/7%. Since L is
much smaller than the total number of subcarriers, NV, the
complexity of the MAP estimation algorithm based on the
Karhunen-Loeve expansion proposed in this paper will be
low while it is being optimal.

Computation of T (k) for QPSK Signaling:

If a = (%1 = j)/+/2 represents unit power, indepen-
dent and identically distributed data sequence modulating
the QPSK carrier, I'(") (k) in (16) can be expressed as fol-
lows. :

Sacs, @ P(R(K)|A(K) =a,G™)P(A(k) = a)

L (k)= (m) ‘
2oaes, P(R(E)A(R) =a,G™)P(A(k) = a)

(20)

From (12) it follows that

plon) (= 2mesy @ P (57 Rel a* 2 (k)))
Y oaes, exp (& Rela*Z(M) (k)])
where
Z(m) Z G(m)* Wi (k).

Then, taking summations in the numerator and the de-
nominator of (20) over the values of QPSK symbols a, we
have the final result as follows:

~\}2; {tanh

— jtanh {glm(Z(m)(i@))} } @D

rmg) = _[f.
o

Re(z*m)(k))}

4.2 CRAMER-RAO BOUND (CRB) FOR ESTIMATING
THE RANDOM PARAMETERS {G(j)}

Let {G(7)} s be the random parameters to be estimated.
The (g, s)th element of the Fisher information matrix is de-
fined as

. 9% In p(R|G) L[ #*Inp(G)
Tos =0 [ao% 10G(s J - [aGmaG(s)

} . (22)

Since G and A are independent of each other,
In p(R|G) in (22) can be computed as follows
Inp(RIG) = > Inp(RIA,G) +Inp(G)),
A

(23)
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where the joint probability density functions p{G) and
p(R|A, G) are given by (11) and (12), respectively. Tak-
ing into account that the data symbols are independent of
each other, after some algebra, (23) can be expressed as

N—1

> - (R + 1HI)

k=0

-+ lncosh (%;2-[%8{3* (k)H(A)}>

Inp(RIG) =

4+ Incosh (tflm{R*(k)H(k)})
:G(k)ﬁ} “
A(k) 1

(24)

Performing now the derivatives in (22) and after taking
expectations over both R and G and taking into fact that the
eigenfunctions 1, (k) are orthogonal, it follows that

L[ A1) = ()Rl =
05 0 otherwise
where
L R(E))
*e) =L (cosh(gRe{R*(k)H(k)})> ‘

It seems that evaluation of the above expectation ana-
lytically is mathematically intractable. Therefore, instead,
we try to evaluate (o) as a function of o* by computer
simulations and then to fit a curve on'it. By doing so we
have

Fz) = (1.94x 10772’ — (1177 x 107%)2°
4+ (2.04x 107%)2t - (7.77 x 107%)2®

+(8.41 x 10732 — (2570 x 1071) + 1.07.

Finally the Cramer-Rao bound for the unknown chan-
nel parameters G(q)7 g=20,1,---,N—1lare given by

CRB(G(¢)) = J;; -

5 SIMULATION RESULTS

The simulation results for estimating the channel pa-
rameters in OFDM systems with EM algorithm are now
presented. We consider the fading multipath channel given
by (3) with an exponentially decaying power delay profile
8(r) = Cexp(—71/Trms) and delays 7 that are uniformly
and independently distributed over the length of the cyclic
prefix. C is a normalizing constant. Note that the normal-
ized discrete channel-correlations for different subcarriers
of this channel model was presented in [3] as follows,

1 —exp(—LB(k, k)
Trms (1 — exp(—L/Toms)) B(k, k"

’I‘l(.l\'f) ]\,/) =
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where
_B(l», }ﬁl) = ((yl/rrm«s) + 27”(}‘3 - }",)/N) :

The scenario for our simulation study consists of a
wireless QPSK OFDM system employing the transmit-
ted pulse having a unit-energy Nyquist-root raised-cosine
shape with rolloff o = 0.2. The symbol period(75) is cho-
sen to be 0.167 us, corresponding to an uncoded symbol
rate of 6 Mbit/s. Transmission bandwidth (3.6 MHz) is
divided into N = 256 tones. We assume that the multi-
path channel model consists of 5 impulses with uniformly
spaced intervals of durations T;. Therefore, the maximum
channel delay Tynae = 4 sample (0.668 us) long. On
the other hand, the duration of the transmitter impulse re-
sponse after matched filter at the receiver is chosen to be
Lg = T symbols interval. It is truncated at +3 sample in-
terval around its center. Note that, in order to prevent ISI
and ICI, the length of cyclic prefix (L) should be longer
than the overall channel response length (Timae + Lg — 1),
ie., L > 10 samples. As explained previously, this puts a
constraint on the number of pilot symbols to be chosen as
Npsg > L. For this simulation study we chose Nps = 10.
To get insight into the average behavior of the channel esti-
mator, we have averaged the performance over 100 Monte-
Carlo runs.

Figure 2 demonstrates the average MSE performance of
the EM-based channel estimation algorithm as a function of
the average SNR under different 7., values (7yms = 0.2,
4 and co) together with the Cramer-Rao bound. The aver-
age SNR was defined as E[|H (k)|]E[|A(k)[*/c”. Since
Ef|A(k)]? = 1 for QPSK signaling and E[[H (k)]’] = 1
for normalized frequency response of the fading channel,
the normalized SNR simply becomes 1/¢?, where o? is
the variance of the complex white Gaussian noise entering
the system. Average Mean-square-error(MSE) is defined as
the norm of the difference between the vectors G = [G'(k)]
and (A}map = {@map (k)], representing the true and the esti-
mated values of channel parameters, respectively. Namely,

MSE = 111G = Gl

The initial values, G(O)(k), were chosen according to
(18). Note that, since the estimator has more leakage for
the channel with 7.5 = oo, the channel estimator has a
slightly more performance degradation than channels with
Toms = 0.2 and 7,5 = 4. This can also be observed from
Figure 2. However, performance degradation vanishes at
high SNRs.

In Figures 3, 4 and 3, the average MSE performance
of the EM-based algorithm are presented as a function of
the number of iterations for 7.ms = 0.2, 4 and oo respec-
tively. It is concluded from these curves that the MSE per-
formance of the EM-based algorithm converges within 2-5
iterations, depending on the average SNR and 7y
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Figure 2: MSE performance of the EM algorithm as a function of
average SNR.

Mismatch Analysis:

Once the true frequency-domain correlation, character-
izing the channel statistics and the SNR, are known the
optimal channel] estimator can be designed as indicated in
Section 4. However, in mobile wireless communications,
the channel statistics depend on the particular environment,
for example, indoor or cutdoor, urban or suburban, and
change with time. Hence, it is important to analyze the per-
formance degradation due to a mismatch of the estimator to
the channel statistics as well as the SNR, and to study the
choice of the channel correlation, and SNR for this estima-
tor so that it is robust to variations in the channel statistics.
As a performance measure, we use uncoded Symbol Error
Rate (SER) for QPSK signaling. The SER expression for
this case is given in [14] as a function of the SNR and the
average MSE as follows:

3
SERgpskg = =~ 5 — = " arctan(s2) (25)

where

w=ay/\/(o} + MSE)(1+1/SNR),

and ¢% represents the normalized variance of the channel
gains (¢} = 1) and SNR = 1/o®. In practice, the true
channel correlations and SN R are not known. If the MAP
channel estimator is designed to match a channel with fre-
quency domain correlation r and SN R, but the real chan-
nel H has the correlation T and the real SN I R, the average
MSE for the designed channel estimator is

1
MSE — N

(26)

a9
map map““

where

~

}L?mp - ‘I’(Jmap
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Figure 3: MSE performance of the EM algorithm as a function of
number of iterations (Trms = 0.2 sample for the expo-
nentially decaying power delay profile).

Evaluation of (26) analytically does not seem to be pos-
sible. Therefore, we determine it by computer simulations.
To analyze MAP estimator’s performance sensitivity to de-
sign errors, we designed the estimator for a uniform chan-
nel correlation which gives the worst MSE performance
among all channels {3, 5] and evaluated for an exponen-
tially decaying power-delay profile. Since design for high
SNR is preferred for SNR mismatch, we chose SN R = 20
dB. Figure 6 demonstrates the estimator’s sensitivity to the
channel statistics and SNR design mismatch. As it can be
seen from Figure 6, only small performance loss is ob-
served for low SNRs when the estimator is designed for
mismatched channel statistics. However, the system per-
formance degrades significantly for Jow SNR design and
high SNR values.

6 CONCLUSION

In this paper, we have presented the design of a chan-
nel estimator for OFDM systems that make full use of fre-
quency correlations of the multipath channel. This algo-
rithm performs an iterative estimation of the channel ac-
cording to the MAP criterion, using the EM algorithm em-
ploying M-PSK modulation scheme with additive Gaussian
noise. It exploits the representation of the multipath chan-
nel, based on the discrete Karhuneén-Loeve expansion of the
multipath channel seen by the OFDM receiver. A non-data
aided estimation scheme is developed by averaging over
the M-PSK signal constellation. To be able to obtain good
initial estimates, pilot symbols are used to estimate the ini-
tial value of the corresponding channel parameters accord-
ing to a data-aided scheme, then the initial values of the
complete channel parameters are determined using an in-
terpolation technique. Moreover, we derive Cramer-Rao -
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Figure 4. MSE performance of the EM algorithm as a function of
number of iterations (Trms = 4 sample for the expo-
nentially decaying power delay profile).

bounds for the MAP estimation technique and analyze the
estimator’s sensitivity to design errors. Computer simula-
tions demonstrate that the proposed EM-based algorithm
converges within 2-5 iterations, depending on the average
SNR and channel rms width. Multipath channel with ex-
ponentially decaying power delay profile for different rms
width values is also studied in simulations. One can ob-
serve from these results that channel estimator has slightly
better performance for small rms width values. Finally it is
concluded that the EM-based estimator is computationally
efficient and it is robust to various channel profiles.

Manuscript received on April 5, 2002.
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Sophisticated signal processing techniques have to be developed for capacity enthancement of future wireless communication sys-
tems. In recent years, space-time coding is proposed to provide significant capacity gains over the traditional communication
systemns in fading wireless channels. Space-time codes are obtained by combining channel coding, modulation, transmit diversity,
and optional receive diversity in order to provide diversity at the receiver and coding gain without sacrificing the bandwidth. In
this paper, we consider the problem of blind estimation of space-time coded signals along with the channel parameters. Both con-
ditional and unconditional maximum likelihood approaches are developed and iterative solutions are proposed. The conditional
maximum likelihood algorithm is based on iterative least squares with projection whereas the unconditional maximum likeli-
hood approach is developed by means of finite state Markov process modelling. The performance analysis issues of the proposed
methods are studied, Finally, some simulation results are presented. V

Keywords and phrases: blind channel estimation, conditional and unconditional magimum likelihood.

1. INTRODUCTION

The rapid growth in demand for a wide range of wireless
services is a major driving force to provide high-data rate
and high quality wireless access over fading channels [1].
However, wireless transmission is limited by available radio
spectrum and impaired by path loss, interference from other
users and fading caused by destructive addition of multipath.
Therefore, several physical layer related techniques have to
be developed for future wireless systems to use the frequency
resources as efficiently as possible. One approach that shows
real promise for substantial capacity enhancement is the use
of diversity techniques [2]. Diversity techniques basically re-
duce the impact of fading due to multipath transmission and
improve interference tolerance which in turn can be traded
for increase capacity of the system. In recent years, the use of
antenna array at the base station for transmit diversity has
become increasingly popular, since it is difficult to deploy
more than one or two antennas at the portable unit. Trans-
mit diversity techniques make several replicas of the signal

available to the receiver with the hope that at least some
of them are not severally attenuated. Moreover, the meth-
ods of transmitter diversity combined with channel coding
have been employed at the transmitter, which is referred to as
space-time coding, to introduce temporal and spatial corre-
lation into signals transmitted from different antennas {2, 3].
The basic idea is to reuse the same frequency band simultane-
ously for parallel transmission channels to increase channel
capacity [2, 3].

Unfortunately, employing antenna diversity at the trans-
miitter is particularly challenging, since the signals are com-
bined in space prior to reception. Moreover, estimation of
fading channels in space-time systems is further complicated,
since the receiver estimates the path gain from each transmit
antenna to each receive antenna. It is also important to note
that space-time decoding requires multi-channel state infor-
mation. Thus the achievable diversity gain comes at the price
of proportional increase in the amount of training which
results in efficiency loss, especially in a rapidly varying en-
vironment. Clearly, the practical advantages of eliminating
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Figure 1: Space-time coding and decoding system.

the need for a training sequence numerous. This motivates
the development of receiver structures with blind channel
estimation capabilities. There has been considerable work
reported in the literature on the estimation of channel in-
formation to improve performance of space-time coded sys-
tems operating on fading channels {4, 5, 6, 7]. In this paper,
we consider the problem of blind estimation of space-time
coded signals along with the matrix of path gains. We pro-
pose two different approaches based on the assumptions on
the input sequences. Our proposed approaches also exploit
the finite alphabet property of the space-time coded sig-
nals. We treat both conditional and unconditional maximum
likelihood (ML) approaches. The first approach (conditional
ML) results in joint estimation of the channel matrix and the
input sequences, and is based on the iterative least squares
and projection [8]. The second approach, which is known as
unconditional ML, treats the input sequence as stochastic in-
dependent identically distributed (i.i.d.) sequences. In con-
trast, the unconditional ML approach formulates the blind
estimation problem in discrete-time finite state Markov pro-
cess framework [9, 10, 11]. Since the proposed algorithms
obtain. ML estimates of channel matrix and the space-time
coded signals, they enjoy many attractive properties of the
ML estimator including consistency and asymptotic normal-
ity. Moreover, it is asymptotically unbiased and its error co-
variance approaches Cramér-Rao lower bound (CRB).

The performance of the proposed ML approaches are ex-

plored based on the evaluation of CRB. The CRB is a well- -

known statistical tool that provides benchmarks for evalu-
ating the performance of actual estimators. For the condi-
tional estimator, the CRB derived in [12], is adapted to the
present scenario. In unconditional case, since, the computa-
tion of the exact CRB is analytically intractable, some alter-
native methods must therefore be considered for simplifying
CRB calculation [13]. The derivation technique used for un-
conditional ML have the advantage of eliminating the need to
evaluate computationally intractable averaging over all pos-
sible input sequences. However, it provides a looser bound
which is not as tight as the exact CRB, but it is computation-
ally easier to evaluate,

The outline of the paper is as follows. In Section 2, we
describe a basic model for a communication system that em-
ploys space-time coding with » transmit and m receive an-
tennas. In Section 3, we derive both conditional and uncon-
ditional ML estimators for the blind estimation of space-time
coded signals along with the channel matrix. In Section 4,
we develop CRB for the covariance of the estimation er-
rors for the achievable variance of any unbiased estimator

for these parameter set. Finally, we present some numerical
examples that illustrate the performance of the ML estima-
tors in Section 5.

Notations used in this paper are standard. Symbols for
matrices (in capital letter) and vector (lower case) are in
boldface. (-)T, (-)H, (-)*, and ® denote transpose, Hermitian,
conjugate, and Kronecker product, respectively. The symbol
I stands for identity matrix with proper dimension; # de-
notes the estimate of parameter vector 8; and || - || denotes
the 2-norm. ‘

2. SYSTEM MODEL

-In the sequel, we consider a mobile communication system

equipped with » transmit antennas and optional m receive
antennas. A general block diagram for the systems of interest
is depicted in Figure 1. In this system, the source generates bit
sequence s(k), which are encoded by an error control code to
produce codewords. The encoded data are parsed among n
transmit antennas and then mapped by the modulator into
discrete complex-valued constellation points for transmis-
sion across channel. The modulated streams for all antennas
are transmitted simultaneously. At the receiver, there are m
receive antennas to collect the transmissions. Spatial channel
link between each transmit and receive antenna is assumed
to experience statistically independent fading.

The signals at each receive antenna is a noisy superposi-
tion of the faded versions of the n transmitted signals. The
constellation points are scaled by a factor of E;, so that the
average energy of transmitted symbols is 1. Then we have
the following complex base-band equivalent received signal
at receive antenna j:

ri(k) = 3" i ;(k)ci(k) + ny(k), (1)
fa=1

where a; ; (k) is the complex path gain from transmit antenna
i to receive antenna j, ¢;(k) is the coded symbol transmitted
from antenna { at time k, n;(k) is the additive white Gaussian
noise sample for receive antenna j at time k.

Equation (1) can be written in a matrix form as

r(k) = Q(k)e(k) + n(k), (2)

where r(k) = [ri(k), ..., rm(k)]T € C™! is the received signal
vector, c(k) = [c1(k),..., ca(k)]T € C™! is the code vector
transmitted from the n transmit antennas at time k, n(k) =
[ni(k), ..., ny,(k)]T € C™! is the noise vector at the receive
antennas, and Q(k) € C™* is the fading channel gain matrix




Maximum Likelihood Blind Channel Estimation for Space-Time Coding Systemns 499

given as

al,l(k) Cﬁ,n(k>

Qk) = 3)

i) - (k)

We impose the following assumptions on model (2) for the
rest of the paper:

(AS1) the coded symbol ¢;(k) is adopting finite complex val-
ues;

(AS2) the noise vector n(k) = [n(k),..., n,(k)]T is Gaus-
sian distributed with zero-mean and
E[n(k)n® (1)] = 618y, En(on’()] =0, (4)
where [E denotes expectation operator and &y, is the
Kronecker delta (8;; = 1if k = [ and 0 otherwise).
Thus n(k) is assumed to be uncorrelated both tempo-
rally and spatially;

(AS3) the fading channel is assumed to be quasi-static flat
fading, so that during the transmission of L codeword
symbols across anyone of the links, the complex path
gains do not change with time k, but are independent
from one codeword transmission to the next, that is,

' (X,‘,}'(k)‘—‘-(x,;j, k=1,2,...,L. (5)

The problem of estimating matrix of path gains along with

the space-time coded signals from noisy observations r(L) =

[xT(1),...,r7(L)]T is the main concern of the paper. The

traditional solution to this problem is to first estimate 8 =

[Q, 0*] from training sequence embedded in the input signal,

and then use these estimates as if they were the true param-

eters to obtain estimates of input sequence. As an alterna-
tive, we propose ML blind approaches based on finite alpha-
bet property of the space-time coded signals. Then we derive

ML cost functions for our proposed approaches in the next

section.

3.- MLESTIMATION

Regarding the input sequence, two different assumptions can
be considered: (i) conditional model which assumes the in-
put sequences to be deterministic unknown parameters and
(ii) unconditional model which assumes the input sequences
to be stochastic processes. These two signal models lead to
corresponding ML solutions. In the first approach, the input
sequences are treated as unknown but deterministic quanti-
ties, therefore they are part of the set of unknown parame-
ters. The number of unknown parameters in deterministic
case grows with the increase in the number of observations
which usually results in inconsistent estimates. In contrast,

under the unconditional signal model, the input sequences

are treated as random quantities, and are not included in
the parameter set. As a result, the number of unknown pa-
rameters is fixed and it is therefore possible to obtain consis-
tent estimates. Now we develop corresponding ML estima-
tion algorithms.

3.1. Conditional ML approach

In this section, an ML approach is developed under (AS1),
(AS2), (AS3), and the conditional signal model assumption.
The log-likelihood function is then given by

L
% = ~const ~ mLlog o* - -012- Z |r(k) - Qc(k)”z. (6
k=1

The conditional ML estimation can be obtained by jointly
maximizing & over the unknown parameters Q and ¢(L) =
[cT(1),...,cT(L)]T. After neglecting unnecessary terms, con-
ditional ML yields the following minimization problem:

| min [|r(L) - Qe(l) I (7)

Since the elements of ¢(L) are restricted to be finite alpha-
bet, (7) results in a nonlinear separable optimization prob-
lem with mixed integer and continuous variables. Typically,
the minimization problem in (7) is solved in two steps by
alternatively minimizing with respect to Q and ¢(L) while
keeping other parameters fixed. First, we minimize (7) with
respect to () by the least squares solution. Then substitute Q
back into (7) and solve it for ¢(L). The ML estimate of ¢(L)
in the second step can be obtained by enumeration. How-
ever, this search is computationally very demanding since the
number of possible ¢(L) matrices that need to be checked
grows exponentially both with L and »n. Therefore, the iter-
ative approaches attempt to solve this problem with lower
computational complexity.

We now adopt a block conditional ML algorithm that
has a lower computational complexity {8]. The proposed al-
gorithm is based on iterative least squares and projection
(ILSP). It takes advantage of the ML estimator being sepa-
rable in its continuous and integer variables. Note that the
dimension of the channel gain matrix £ is chosen to satisfy
1 < m for this particular approach. ‘

Given an initial estimate Q of Q, the minimization of
(7) with respect to ¢(L) is a least squares problem that can
be solved in closed form. Each element of the solution is
rounded-off to its closest discrete values (coded MPSK sig-
nals). Then a better estimate of Q is obtained by minimiz-
ing (7) with respect to Q, keeping &(L) fixed. This minimiza-
tion also results in least squares. This process continues un-
til Q2 converges. In practice, we can stop when the difference
1€ = Q1] is within a threshold €.

The following steps summarize the conditional ML algo-
rithm:

Start with initial estimate (Qg), i = 0
(V) i=i+1"
o (L) = (Q,Q1)7'Q  r(L).
» Project each element of ¢;(L) to closest dis-
crete values.
o Q= e (D6 (D)e; (L),
{(2) Continue until |Q2; - Q]| <e.

Clearly, due to nonlinear operation in projecting ¢;(L) to its
closest discrete values, the convergence is not guaranteed.
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However, sufficiently good initialization provided from sub-
optimal techniques improve the possibility of global conver-
gence and also reduce the number of iterations required.

3.2. Unconditional ML approach

Under (AS2), (AS3), and the signal model (2), we can formu-
late the probability density function of the received vector r
(given u) as

2
fo(r|u) = 1 — ﬁ exp {- Ixt) - Qg (uk) | }, (8)

(71(72) k=1 o

where g(-) is the same nonlinear mapping that describes
channel coder, spatial formatter, and modulator, u(k) is the
input sequence influencing the space-time coded symbols.

In general, trying to estimate 6 and u jointly from (8) is
computationally demanding except for small data alphabet
size and small data record. Therefore, the goal is to obtain a
cost function that is dependent only on 6, in this way it is
possible to avoid least squares based on two step procedures
for blind ML estimation. To this end, we therefore consider
an unconditional signal model and compute the correspond-
ing ML cost function via the expectation of the conditional
ML function with respect to the statistics of the input se-
quences

fo(r) = Eu[fo(r | w)]. 9

However, the expectation E, in (9) leads to complicated cost
function. The maximization of this cost function is there-
fore computationally demanding. At this point, we modified
(AS1) for the unconditional case in the following form:

(AS1,) information sequence s(k) is an ii.d. sequence
adopting equiprobable finite values.

If we exploit the assumption (ASl,) on the input se-
quence and use the conditional ML function (8), we can ob-
tain the unconditional ML function specifically for the prob-
lem at hand as

L
fo(r)= —-———l*—"‘;,,‘z H Z exp P

glb1=1) { ”I‘(k)—-'ﬂg((p) ”2 }
2040 (g2)™ iy p2 2 ’
(10)

where {, = [s(lk + 1~ 1),...,s(lk = )]7T is the input vec-
tor influencing the coded symbols at time k, ¢ is the number
of memory elements in the encoder, I = log, M is the block
length of information bits that are transmitted (if we restrict
ourselves to MPSK). Since each element of the { » takes on
2 possible values, 2+*1) is the set of all possible (I +1 - 1)
vectors of 2.

The log-likelihood function for the unconditional signal
model is then given by

g(g)=img<2§ exp{“ Hr(k)—?zg@p)]l }) -

k=1

-+ constant,

and the unconditional ML estimation of @ is the global max-

imizer of £(6). Unfortunately, existence of the globally con-
vergent algorithm for this nonlinear cost function is un-
likely. Moreover, the direct maximization of (11) still re-
sults in computationally demanding nonlinear optimiza-
tion problem. In finding the ML estimator, it is quite com-
mon to resort numerical techniques of maximization such
as the Newton-Raphson and scoring methods. However, the
Newton-Raphson and scoring methods may suffer from con-
vergence problems. As an alternative, the problem can be cast
in a finite-state Markov chain framework by employing the
Baum-Welch algorithm which reduces computational bur-
den significantly. The Baum-Welch algorithm although iter-
ative in nature, is guaranteed under certain mild conditions
to converge and at convergence to produce a local maximum.

In the sequel, we exploit finite-state Markov process
modelling property of the space-time coded signals and em-
ployed associated estimation algorithm to provide computa-
tionally efficient solution to resulting optimization problem.
Let us then introduce unconditional ML framework based on
finite-state Markov process modelling first.

3.2.1 Function of a Markov chain

Many important problems in digital communications such
as inter-symbol interference, partial response signalling can
be modelled by means of finite-state Markov process with
unknown parameters observed in independent noise [10,
11]. Based on (AS1,), codeword produced by the channel
encoder in space-time coder can be characterized as a finite-
state Markov process. Moreover, the received signal vector at
an antenna array in the presence of spatial formatting, fading
channel and noise can also be viewed as a stochastic process
(function of Markov chain) that has an underlying Marko-
vian finite-state structure.

The space-time coder is characterized by a memory of
length t and 2(H*-1 state trellis, where the state {(k) at time k
labels the coder memory (s(lk +1-2),...,s(lk - t)),

{kyeTl= {1, p=1,..., 208D} (12)

The transition from state {(k) to {(k + 1) is represented
on the trellis by a branch denoted by the vector

¢(k) = [s(k+1-1),...,s0k~1)]" (13)

and (k) € © = {Ey, n = 1,..., 204D}, Then both the ({(k)}
sequence and the {¢(k)} sequence form a first-order finite
Markov chains, that is,

Pr [¢(k) = En] = Pr [C(k) = Tg, C(k ~-1)= Ts] (14)

for some g, s depending on k.

The observation vector r(k) can therefore be modelled
as a probabilistic function of the Markov chain. In the re-
ceived signal model, the unknown channel matrix Q enter
in a linear way, while the nonlinear part of the function g(-)
is due to the space-time coder and is known. Let g(§,,) de-
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note the space-time coder output ccrresponding to the event
¢(k) = &,. The sample ¢(k) = &, is a realization of the
compiex random sample g(¢(k)) which takes 20+-1 possible
values depending on the ¢(k) = &,. Moreover, every realiza-
tion of a sequence of symbols corresponds to the sequence of
branches {x;} of length L, given as

X=(xy...,x), %eE|g el (15)
The underlying Markovian structure of our signal model can
then be characterized by the following model parameters:

(1) Pri{(k) =14 | {(k~1) = 7] isa predetermined tran-
sition probability. If no information about the trans-
mitted sequence is available, all permissible state tran-
sitions have the same probability, that is, Pr[{ (k) = 74 |
(k-1 = 1,] = 1/2%D, if state 7, leads to state
Ty5

(1) #(0) = [H(0),..., Ayewen (0)] initial state probability
vector. If no assumption on the starting bits is made,
the initial probability is same for all states;

(iii) the conditional density f(x(k) | {(k) = 15, {(k—-1) =
;) = f(r(k) | p(k) = &) is that of a Gaussian complex
random vector with mean Q g(&,) and variance o2

Since the state transition probability and the initial state
probability vector are predetermined, the only model param-
eter of the Markov chain left to be estimated is f(r(k) |
¢(k) = E,) for the current model. We therefore devise the
Baum-Welch algorithm to estimate the Markov chain model
parameter (iii) or equivalently to estimate 8.

3.2.2 Baum-Welch algorithm

The Baum-Welch algorithm is a commonly used iterative
technique for estimating the parameters of a probabilistic
functions of a Markov chain. It maximizes an auxiliary func-
tion related to the Kullback-Leibler information measure in-
stead of the likelihood function [9]. The auxiliary function is
defined as a function of two sets of parameters 0, 23

Q(6,8) = ng r, %) log (fof(r, ), (16)

XeB

where fy(r, %) represents the conditional likelihood, given a
particular branch sequences &, weighted by Pr{%], the a pri-
ori probability of & (e.g., [10]).

The theorem that forms the basis for the Baum-Welch al-
gorithm explains the reason why Kullback-Leibler informa-
tion measure can be used instead of the average likelihood.

Theorem 1. The maximization of Q(6, @'} leads to increased
likelihood, that is, Q(8, ) > Q(6,0) = fy(r) > fa(r).

For the proof of the theorem, see [9].
To obtain the explicit form of the auxiliary function for
the current problem, we start with

log f(r, &) = log Pr[&¥]

+log fg (r | ). (17)

Since sequences ¥ have equal probability, the first term
log Pr{#] is constant. For the second term, we use the fact

_ that the noise samples are independent and obtain

L
Z log fy (x(k), xi)
k=1
L 2(l+l~l) (18)
=3 log fy (r(k), xk = §,)8 (% §,),
k=1 p=1
where §(xx, §,) = 1 when x; = §, and O otherwise, and
log fy (x(k), xk = &)
1 ) (19)
= [l - Qg (E,) " - log (7).
Substitution of (18) in (16) yields
Q(9(1>, 91) |
L z(lﬂcl) 1
=C+ ;1 g { [- et - Qg (&) [ - log (6’2)}
x Z S (1 )8 (xx fp) }
XeB
(20)

It was shown in [10], that the sum over E is equal to
fou (r. (k) = §,). We thus have

‘ L (-1
Q(Bm, 9') =C+ Z Z fou) (f, ¢(k) = Ep)
k=1 p=1
1 / 2 12
y { - =5 lIr(k) - Xg(&,)||" ~log (0 >}’

2D

where 8% is the old parameter estimates obtained at the ith
iteration while 8 = [Q, ¢’?] is the new parameter set to be
estimated at the (i+1)th iteration and fyo (r, ¢(k) =& p)isthe
weighted conditional likelihood. The direct computation of
weighted conditional likelihood is computationally intensive.
Fortunately, there exist recursive procedures {called forward
and backward procedures), for computing fgn(r, ¢(k) = §,)
whose complexity increases only linearly with data length
L9}

The following explicit expression for the array response
matrix is obtained from 0Q/0Q) = 0

L 2Wt=D
(z+1 <Z Z f9(1)<r,

k=1 p=1

- fp>r<k>g<fp>“>

L D ~1
<Z f()(‘) I‘, k) €p>g<‘5p)g(sp> > '

k=1 p=1
(22)
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The last equality follows from the definition of the partial
derivative with respect to a complex quantity (see, e.g., [14])

aQ 1 aQ 10

= o +
aﬂ',‘j 2 aRe{Q,,‘j} ]Blm{ﬂ'ij} ’

(23)

where €; is the ijth element of Q.

From 9Q/d0"* = 0, the iterative estimation ‘formula can
also be derived for the noise variance

o Sk Sh S (5 606) = £)[x06) - g (&) |
S ZWH) Joo(x ¢(k) =&,)

(24)
Based on this results, the steps of the proposed uncondi-
tional ML algorithm are summarized as follows:

Set the parameters to some initial value 69 =
(Q(O)) 0,2«))).
(1) Compute the forward and backward variables to
obtain fyw(r, {(k) = {;).
(2) Compute 'Y from (22).
(3) Compute ¢’ 20D from (24).
(4) Repeat steps (1)=(3) until 8% - 89 < e,
where ¢ is a predefined tolerance parameter.
(5) Use fu(r, ¢(k)=¢§ )’s to recover the transmitted
symbols.

Since the proposed method exploits the finite alphabet struc-
ture of the space-time coded signals and implements a
stochastic ML solution, it is expected to exhibit better per-
formance than suboptimal estimation techniques, especially
when short data records are available. For a sufficiently good
initialization; the proposed algorithm converges rapidly to
the ML estimate of 8. In practice, however, we did not ob-
serve convergence problem when we initialized parameters
according to suggestions of [11] (while initial guess on ¢?
is large enough to avoid overflow, (2 is initialized arbitrarily
(e.g, 27 = 0)).

4, PERFORMANCE ANALYSIS

The performance of the conditional and unconditional ML
methods are assessed here by deriving their CRBs for the
unbiased estimates of the nonrandom parameters. The CRB
depends on the information on vector parameter 8 quanti-
fied by the Fisher information matrix {FIM) and provides a
lower bound on the variance of the unbiased estimate (i.e.,
E{8) = ). Then the CRB for an unbiased estimator 6 is
bounded by the inverse of the FIM J(8):

E{(0-0)(6-0)"} 277(0). (25)

4.1. Conditional CRB

The derivation of J(8) in (25) follows along the lines of [12].
We start constructing FIM by calculating the derivative of (6)
with respect to

r= [T F) - J@) L) of f]T, (26)

where

-
2
e~
=
=

{(Xl,,‘, caes cxm_,»}T}',
(27)
[of,....af]"},
{OLL;, ceey (Xm,,’} T},
o, = Im { [txf,...,(xg]T}.

Taking the partial derivatives of (6}, we then have

of 0 1 & .
aq(k)“ac,(k)(“m“"‘sién <k>n<k>> {<=1,..,,L

= —(@n(k) + 07w (k)

]

-(;2—2- Re {QHn{k)},

_ @ Lo N
oc(k) ~ oc (k) <C°n“-“z‘k2 (k)n( >> =1,...,L

(- JOH (k) + O (K)

i

= 2 Im (0¥n(k),

0F 2 & .
5;;——7}; c(k)n(k) i=1,....m
0% 2 &
F —gkg, (k) en(k)},
o<
= - S ®n + jalon ®) i=1.n

2 L

= ;Z-Z m {¢;(k)n(k)},
k=1

0¥ 2 &
—= *(kyen(k)}.
da, o? kZ=1 (e n(k)}

(28)

We need the following assumption and results to obtain FIM,
(see [12]):

E[n(mnf (m)] = 0’1,
E[n(n)nT(m)] =0, (29)
E[nf(m)n(n)n"(m)] =0
Using (28), (29), and taking expectations , we then obtain the

entries of the FIM for the conditional case, which are given
by
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{<w><~——————>}u

{< >

‘ ac(k)] =B,
n (m) e cH(m)],

L
.—.02 ZRe[c (k)@ 1, ® (k)]

k=1
E{ <§i> @%Y} - "2;23 ;: é_l Im [c*(k) @ n(k)
xn (m) ® ¢ (m)],

L
= ——25 Sm[c*(k) o1,
7=

ac(k)] = -
(30)
Then the FIM can be written in partitioned form as
J= (31)
where
A -B Ce -Dx _[E -F
%"{B A}’ = {Dk ck] %_{F E]
(32)

The FIM can now be directly constructed. We can numeri-
cally compute the variance of individual parameter estimate
by inverting the FIM CRB(7) = diag{J~!(1)}.

4.2. Unconditional CRB

We now turn to the evaluation of the unconditional CRB.
Under (AS1,), the computation of the exact CRB is ana-
Iytically intractable, we therefore consider an alternative ap-
proach for simplifying CRB calculation [13].

The evaluation of the exact form of the unconditional
CRB requires the Hessian matrix for the unconditional log-
likelihood function. The corresponding log-likelihood func-
tion explicitly for the current problem is given by

log [ fp(r)] = ~nLlog(2)

. ng (22 [_ HOE ?zg@p)llz D

P~
(33)

~ mLlog (no?)

Unfortunately, due to the nature of (33) the evaluation of the
Hessian matrix is analytically intractable. However, it is com-
mon to adopt (see, e.g., [13]) an approximate log-likelihood
function to obtain valid CRB. Due to concavity of the log-
likelihood function and Jensen’s inequality, we obtain from
(33) the following approximate log-likelihood function:

55 og [exp { REGE 2g<cp)uz H

(34)

log fg r)

If we further simplify (35), we obtain

-1

L
log [fo(] < - 32 37 (k) - 0g(@p)l% (9)

k=1 p=l

At this point, we should point out that the Hessian matrix
from the approximate log-likelihood function can be eas-
ily obtained. However, (35) leads to a CRB called modified
CRB(MCRB) which is not as tight as exact CRB, but it is
computationally easier to evaluate.

It turns out from the approximate log-likelihood func-
tion of (34) that the entries of the FIM are as

nL-

qu,az = Iaz,ﬂ =0, Iﬂ,az =0. (36)
0-4

Moreover, the submatrix Jo o can also be obtained as

(H+t-1)
2 2

Joo =3 g({,)g" () (37)

p=1

The i.i.d. input sequence coded with orthogonal space-time
codes results in uncorrelated coded sequence. It is therefore
possible to further simplify the valid MCRB’s. In this case,
the valid MCRB can be easily obtained as follows:

LA
-1 _ .2
I =0 nL 21 . (38)

22(I+-1)
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FiGURE 2: 4-state space-time coding system model.
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FIGURE 3: 8-state space-time coding system model.

5. SIMULATIONS

In this section, we illustraté some simulation results to eval-
uate the effectiveness and applicability of the proposed ML
approaches. We consider the generator matrix form repre-
sentation of the space-time coding system [15]. In this rep-
resentation the stream of coded complex MPSK symbols are
obtained by applying the mapping function M to the follow-
ing matrix multiplication:

c(k) = M(u(k) - G(modM)), (39)
where u(k) = [s(lk+t-1),...,s(Ik-t)]7 and G is the genera-
tor matrix with 7 columns and [ +s rows and A{ is a mapping
function that maps integer values ¢; to the coded MPSK sym-
bols, M(&) = exp(27 j&i/M).

The performance of the proposed methods was evalu-
ated as a function of SNR (signal-to-noise ratio) based on
the Monte Carlo simulations. Both conditional and uncon-
ditional ML methods were tested for 200 Monte Carlo trials
per SNR point across range of SNRs. In each trial, the estima-
tion error of each parameter estimate from conditional and
unconditional ML for the channel parameters were recorded.
We consider the following two different cases.

Case 1. 4PSK space-time code example shown in Figure 2 is
considered with n = 2, t = 2 and the generator matrix

(40)

OO o= b
e OO

In this case, the coded 4PSK symbols obtained from two cur-
rent information bits are transmitted over the first antenna,
whereas the coded 4PSK symbols obtained from two pre-
ceding bits are transmitted over the second antenna simul-
taneously. The coded symbols are then transmitted through
quasi-static fading channel matrix.

In Figure 4, we have plotted the estimation error ob-
tained from conditional and unconditional ML for the chan-
nel parameters as well as the corresponding CRBs. The esti-
mation error experienced by the proposed estimation proce-
dures at each iteration (SNR = 10 dB) is shown in Figure 6.

Cuase 2. A slightly more complicated space-time encoder with
n =2, t = 3 and the generator matrix ‘

(41)

)

[
OO =N
N =R O O

is considered in this case. This example would be an 8-state
code as shown in Figure 3.

In Case2, the coded 4PSK symbols generated from
[s(2k + 1), s(2k), s(2k - 3)] are transmitted over the first
antenna, whereas the coded 4PSK symbols obtained from
[s(2k~1), s(2k—2), s(2k~3)] are transmitted over the second
antenna simultaneously. The coded symbols are then trans-
mitted through the quasi-static fading channel matrix.

Figure 5 shows the experimental estimation error for
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Performance analysis: Case 1
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Figure 4: Case 1: Channel matrix estimation error norm.

Performance analysis: Case 2
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Figure 5: Case 2: Channel matrix estimation error norm.

both the conditional and unconditional ML together with
their corresponding CRB’s for a range of SNR’s. Figure 7
shows the estimation error experienced by the proposed es-
timation procedures at each iteration (SNR = 10dB).

Based on the simulations we made the following obser-
vations:

(i) the proposed conditional and unconditional ML ap-
proaches perform almost identically for high SNR val-
ues. Moreover, conditional ML achieve conditional
CRB for high SNRs;

(ii) since the unconditional cost function is dominated
by only one term for high SNR, it results in exactly
the same cost function as one would obtain for con-
ditional ML estimation of 8. It is therefore expected
that both conditional and unconditional cost func-
tions yield similar estimates of @ at high SNR. Thus the
unconditional ML approach also achieves conditional
CRB for high SNR; ‘

Convergence of the proposed algorithms: Case 1

100 i T T T T y
Conditional ML, —= -~

Unconditional ML, ———

E_ SNR = 10dB
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Ficure 6: Case 1: Convergence of the channel matrix.

Convergence of the proposed algorithms: Case 2
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Figure 7: Case 2: Convergence of the channel matrix.

(iii) the unconditional approach requires more iterations
than the conditional approach to converge, however,
unconditional approach is more successful in reduc-
ing channel estimation error norm at convergence for
moderate SNR values.

6. CONCLUSIONS

In this paper, we presented the conditional and uncondi-
tional approaches to the problem of blind estimation of
the channel parameters along with the space-time coded se-
quence. We derived iterative ML algorithms based on the
conditional and unconditional signal models. Furthermore,
the performance of the proposed algorithms are explored
based on the derivation of their associated CRBs. We also
presented Monte Carlo simulations to verify the theoretically
predicted estimator’s performance. The examples demon-
strated that proposed ML approaches achieve the conditional
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CRB for high SNR values. Since the unconditional CRB pro-
vides a looser bound, it is not as tight as exact CRB.

ACKNOWLEDGMENTS

This work was supported in part by the Research Fund of The
University of Istanbul, Project numbers: B-924/12042001,
O-1032/07062001, 1072/031297 and The Scientific and
Technical Council of Turkey (TUBITAK) Project number
100EEQ06.

REFERENCES

[1] T.S. Rappaport, Wireless Communications Principles and Prac-
tice, Prentice Hall, Upper Saddle River, NJ; USA, 1996.

[2] V. Tarokh, N. Seshadri, and A. R. Calderbank, “Space-time
codes for high data rate wireless comunication: performance
criterion and code construction,” IEEE Transactions on Infor-
mation Theory, vol. 44, no. 2, pp. 744-765, 1998.

[3] A.F Naguib, V. Tarokh, N. Seshadri, and A. R. Calderbank, “A
space-time coding modem for high data rate wireless comu-
nications,” [EEE Journal on Selected Areas in Communications,
vol. 16, no. 8, pp. 14591478, 1998.

4] Y.1i, G. N. Georghiades, and G. Huang, “EM-based sequence
estimation for space-time codes systems,” in ISIT "2000, p.
315, Sorrento, Italy, June 2000.

[5] A. F. Naguib and N. Seshadri, “MLSE and equalization
of space-time coded signals,” in VTC2000, pp. 1688-1693,
Tokyo, Japan, Spring 2000.

[6] Z. Liu, X. Ma, and G. B. Giannakis, “Space-time coding and
Kalman filtering for diversity transmissions through time-
selective fading channels” in Proc. MILCOM Conf., vol. 1,
pp. 382-386, Los Angeles, Calif, USA, October 2000.

[7] C. Cozzo and B. L. Hughes, “Joint channel estimation and
data symbol detection in space-time communications,” in
IEEE International Conference on Communications, vol. 1, pp.
287-291, 2000.

[8] S. Talwar, M. Viberg, and A. Paulraj, “Blind estimation of

- multiple co-channel digitai signals using an antenna array,”
IEEE Signal Processing Letters, vol. 1, no. 2, pp. 29-31,11994.

[9] L. E.Baum, T. Petrie, G. Soules, and N. Weiss, “A maximiza-
tion technique occurring in the statistical analysis of proba-
bilistic functions of Markov chains,” The Annals of Mathe-
matical Statistics, vol. 41, no. 1, pp. 164-171, 1970.

[10] G. K. Kaleh and R. Valet, “Joint parameter estimation and
symbol detection for linear and nonlinear unknown chan-
nels,” IEEE Trans. Communications, vol. 42, no. 7, pp. 2406—
2413, 19%4.

[11] M. Erkurtand]. G. Proakis, “Joint data detection and channel
estimation for rapidly fading channels,” in IEEE Globecom
'1992, pp. 910-914, Orlando, Fla, USA, Decemnber 1992.

[12] P.Stoicaand A. Nehorai, “MUSIC, maximum likelihood, and
Cramer-Rao bound,” IEEE Trans. Acoustics, Speech, and Signal
Processing, vol. 37, no. 5, pp. 720--741, 1989.

[13] A.N.D’Andrea, U. Mengali, and R. Reggiannini, “The mod-
ified Cramer-Rao bound and its application to synchroniza-
tion problems,” IEEE Trans. Communications, vol. 42, no.
2/3/4, pp. 1391-1399, 1994.

[14] S. Haykin, Adaptive Filter Theory, Prentice-Hall, Englewood
Cliffs, NJ, USA, 1996.

[15] S. Bdro, G. Bauch, and A. Hansmann, “Improved codes for
space-time trellis coded modulation,” IEEE Communications
Letters, vol. 4, no. 1, pp. 20-22, 2000.

Hakan A. Cirpan received his B.S. degree
in 1989 from Uludag University, Bursa,
Turkey, the M.S. degree in 1992 from the
University of Istanbul, Istanbul, Turkey, and
the Ph.D. degree in 1997 from the Stevens
Institute of Technology, Hoboken, NJ, USA,
all in electrical engineering. From 1995-
1997, he was a Research Assistant with the
Stevens Institute of Technology, working on
signal processing for wireless communica-
tions. In 1997, he joined the faculty of the Department of Electrical-
Electronics Engineering at The University of Istanbul. His cur-
rent research activities are focused on signal processing and com-
munication concepts with specific attention to channel estimation
and equalization algorithms for space-time coding and multicar-
rier (OFDM) systems. Dr. Cirpan received the Peskin Award from
Stevens Institute of Technology as well as Prof. Nazim Terzioglu
award from the Research fund of The University of Istanbul. He is
a Member of IEEE and Member of Sigma Xi.

Erdal Panaywra received the Diploma En-
gineering degree in electrical engineering
from Istanbul Technical University, Istan-
bul, Turkey in 1964 and the Ph.D. degree
in electrical engineering and system sci-
ence from Michigan State University, East
Lansing, Michigan, USA, in 1970. Between
1970-2000 he has been with the Faculty
of Electrical and Electronics Engineering at
the Istanbul Technical University, where he
was a Professor and Head of the Telecommunications Chair. Cur-
rently, he is a Professor and Head of the Electronics Engineer-
ing Department at ISIK University, Istanbul, Turkey. He is en-
gaged in research and teaching in digital communications and wire-
less systems, equalization and channel estimation in multicarrier
{OFDM) communication systems, and efficient modulation and
coding techniques (TCM and turbo coding). He spent two years
(1979-1981) with the Department of Computer Science, Michigan
State University, as a Fulbright-Hays Fellow and 2 NATO Senior Sci-
entist. From August 1990 to December 1991 he was with the Center
for Communications and Signal Processing, New Jersey Institute of
Technology, as a Visiting Professor, and took part in the research
project on Interference Cancelation by Array Processing. Between
1998--2000, he was Visiting Professor at the Department of Electri-
cal Engineering, Texas A&M University and took part in research
on developing efficient synchronization algorithms for OFDM sys-
tems. Between 1995-1999, Prof. Panayirci was an Editor for IEEE
Transactions on Communications in the fields of Synchronizations
and Equalizations.

Erdinc Cekli was born in Istanbul, Turkey,
on April 19, 1969. He received his B.S., M.S.,
and Ph.D. degrees in electrical engineering
from Istanbul University, Istanbul Turkey,
in 1993, 1996, and 2001, respectively. From
1994-2001, he was a Research Assistant at
the University of Istanbul. He was a Visit-
ing Researcher at the Technical University
of Munich in 1999. Currently, he works as
a Research Associate in the Scientific and
Technical Council of Turkey (TUBITAK).

B




AEU Int. J. Electron. Commun.
57 {2003) No. 1

© Custav Fischer Verlag
Jena 11

Joint Channel Tracking and Symbol Detection for
OFDM Systems with Kalman Filtering

Adnan Sen, Hakan A. Cirpan, and Erdal Panaywra

Abstract  This paper proposes a new joint chan-
nel tracking and symbol detection scheme for pi-
lot symbol assisted OFDM systems in multipath
fading. The proposed scheme uses Kalman filters
for both channel tracking and subsequent equal-
ization which are combined in the coupled esti-
mator structure. Modelling the multipath fading
channel as random processes to describe channel’s
variations in a general AR framework lends itself
to a state-space representation that enables appli-
cation of Kalman filtering for tracking of channel
variations. However, the proposed tracking algo-
rithm requires knowledge of the transmitted sym-
bols. This implies that an iterative method should
be sought to obtain alternatively either channel
or transmitted symbols. To compose the coupled
estimator structure, a linear Kalman filter equal-
izer with the corresponding state-space model is
therefore proposed for the detection of transmit-
ted symbols. With the proposed Kalman filters, it-
erative structure is utilized to decode transmitted
symbols and subsequently to track channel param-
eters. Finally, the performance of the proposed
method is investigated through the experimental
results.

Keywords OFDM Systems, Joint Channel Estima-
tion and Symbol Detection.

1. Introduction

The rapid growth in demand for a wide range of
wireless services is a major driving force to provide
high-data rate and high quality wireless access over
multipath fading channels. However, wireless trans-
mission is limited by available radio spectrum and
impaired by path loss, interference from other users
and fading caused by destructive addition of multi-
path. Therefore several physical layer related tech-
niques have to be developed for future wireless sys-
tems to use the frequency resources as efficiently as
possible. One approach that shows real promnise for
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substantial capacity enhancement is to employ Mul-
ticarrier transmission and, in particular, orthogonal
frequency division multiplexing (OFDM) [1]. OFDM
has emerged as an attractive and powerful alternative
to conventional modulation schemes recently, mainly
due to its various advantageous in lessening the severe
effect of frequency selective fading. Therefore, OFDM
is currently being adopted and tested for many stan-
dards, including terrestrial digital broadcasting (DAB
and DVB) in Europe, and high speed modems over
Digital Subscriber Lines in the US. It has also been
implemented for broadband indoor wireless systems
including IEEE802.11a, MMAC and HIPERLAN/2.

An OFDM system operating over a wireless com-
munication channel effectively forms a number of par-
allel frequency nonselective fading channels thereby
reducing intersymbol interference (ISI) and obviating
the need for complex equalization thus greatly sim-
plifying channel estimation/equalization task. More-
over, OFDM is bandwidth efficient since the spectra
of the neighboring subchannels overlap, yet channels
can still be separated through the use of orthogonality
of the carriers. Furthermore, its structure also allows
efficient hardware implementations using FFTs and
polyphase filtering [1].

Although the structure of OFDM signalling avoids
181 arising due to channel memory, fading multipath
channel still introduces random attenuations on each
tone. Hence, accurate channel estimation technique
have to be used to improve the performance of the
OFDM systems. Recently, several channel parameter
estimation techniques were proposed in the literature
(2-8]. In [2], a channel estimator for OF DM systems
has been proposed based on the singular value decom-
position. Time domain filtering has been proposed in
[3]. To further improve the channel estimator perfor-
mance, & MMSE channel estimator, which makes full
use of the time and frequency correlation of the time-
varying dispersive channel was proposed in [4]. In [5],
a non-data-aided maximum a posteriori channel esti-
mation technique was proposed which requires a con-
venient representation of the discrete multipath fad-
ing channel based on the Karhunen-Loeve orthogo-
nal expansion and estimates the complex channel pa-
rameters of each subcarriers iteratively in frequency
domain using the Expectation—Maximization(EM) al-
gorithm. However, these methods do not explicitly
take into account the channel’s variations. One possi-
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ble approach assumes channel’s taps as random pro-
cesses. Tn this approach, the channel taps are usually
assurmed to be low-pass circular complex Gaussian
processes in order to model progressive variations.
The information on the channel dynamics, provided
by the stochastic framework, can therefore be ex-
ploited with accurate tracking algorithms. In (6], ran-
dom phase introduced by Rayleigh fading in OFDM
systems modelled as a multichannel autoregressive
(AR) process. Based on the proposed multichannel
AR model, Kalman filtering technique was applied for
tracking the channel taps and maximum a posteriori
(MAP) optimum detection technique was utilized for
joint channel estimation and detection. However, the
proposed optimum detector complexity was too high
to be of practical use [6].

In this paper, we address the estimation and equal-
ization problem for OFDM systems with pilot sym-
bols. Among various channel models, the stochastic
approach has been used to describe channel’s vari-
ations in a general AR framework. The information
theoretic results in [7] has shown that the lower order
AR models provide a sufficiently accurate model for
multipath fading channels. Fortunately, the AR mod-
elling lends itself to a state-space representation that
enables application of Kalman filtering for tracking
of channel variations. We therefore propose Kalman
filtering to derive minimum variance estimators for
the fading coefficients yielding an adaptive channel
tracking algorithm. However, it requires the knowl-
edge of the transmitted symbols. This implies that an
iterative method should be sought to obtain alterna-
tively either channel or transmitted symbols. To com-
plete detection-estimation algorithm for OFDM sys-
tems with the distributed training, a linear Kalman
filter equalization technique [8] is therefore proposed
for the detection of transmitted symbols.

The rest of the paper is organized as follows:
A discrete-time received signal model for a OFDM
sytem in multipath fading is presented in section 2.
Qection 3 first considers the Kalman filter in a general
context, associates modelling of the fading channel
taps with an AR process and then gives Kalman based
channel tracking and symbol detection algorithms. In
Section 4, the proposed coupled estimator structure is
briefly discussed . Finally, we present some numerical
examples that illustrate the performance of the pro-
posed Kalman based receiver in Section 5 and conclu-
sions are made in Section 6.

Notations used in this paper are standard. Sym-
bols for matrices (in capital letter) and vector (lower
case) are in boldface. (-)7, (-)*, () denote transpose,
conjugate and conjugate-transpose respectively. 6 de-
notes the estimate of parameter vector €.

2. Problem Formulation

Before developing Kalman filter based channel es-
timation and data detection algorithm, we briefly
describe the OFDM system model and the channel
statistics in this section.

2.1 A Model for the Received Signal

The OFDM system baseband model under consider-
ation is shown in Fig. 1. In OFDM, the entire infor-
mation stream is split in many parallel low-rate chan-
nels, which are then regularly multiplexed and trans-
mitted through narrow-band subcarriers. Consider an
OFDM system with N subcarriers, and let a(k) be the
independent data symbol to be placed on subcarrier k,
0 < k < N —1.Thus, the data symbols a(k) are mod-
ulated by N subcarriers using Inverse Fast Fourier
Transform (IFFT) and the last L samples are copied
and put as cyclic prefix (CP) to form the complete
OFDM symbols of N + L samples long. This data is
transmitted serially over the channel, whose impulse
response is shorter that L samples. The cyclic prefix
is removed at the receiver and the received signal is
demodulated with a Fast Fourier Transform (FFT).
We assume that the use of CP both preserves the or-
thogonality of the subcarrier frequencies (tones) and
eliminates IS1 between consecutive OFDM symbols,
resulting the simple input /output relation. In spite of
the loss of transmission power and bandwidth associ-
ated with the CP, the preservation of orthogonality in
the system and the simple channel equalization gener-
ally motivate the use of the CP. Further, the channel
is assumed to be constant during one OFDM symbol.
Under these assumptions we can describe the system
as a set of parallel Gaussian channels with correlated
channel attenuation h(k}, shown in Fig. 2. The atten-
nation at the kth sub-carrier is given by [4]

k
hik) = G(—=r k=101, N -
L( ) ( NZ‘“IS )7 h ) 1 1 (1)
where G(.) is the frequency response of the channel
g(7) during the OFDM symbol and T} is the sampling
period of the system.
The received signal after demodulation (performing

a FET) at the kth tone, can be expressed as
y(k) = a(k) h(k) +v(k),

In the above expression v(k) is additive independent
complex white Gaussian noise at the kth tone with
zero mean and variance o”.

Civen noisy observations {y(0),y(1), ---y(N —
1)}, our main objective is to estimate channel
taps {R(0),h(1),  -h(N — 1)} along with the sig-
nal {a(0),a(1), -, a(N — 1)} modulating the tones.

k=0, N—-1 (2)
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Fig. 1. Baseband OFDM system, transmitting N-blocks
of data
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Fig. 2. Baseband OFDM system described as a set of par-
allel Gaussian Channels

Without imposing structures on h(k), this goal is
ill-posed problem because for every incoming re-
ceived data one more unknown appears in addition
to the unknown a(k). In wireless mobile communica-
tions, channel frequency variations arise mainly due
to multipath effect. Consequently, channel variations
evolve in a progressive fashion and hence fit in some
frequency-evolution model. Among different models,
the AR model is adopted herein in order to model
channe! dynamics. We therefore exploit channel taps
as an AR process with a priori known structure in the
development of estimation technique. Before we start
the channel estimation analysis, we introduce multi-
path fading channel and its corresponding statistical
properties in the next section.

2.2 Channel Statistics

The complex baseband representation of a fading mul-
tipath channel impulse response can be described as
(11]

g(r) = aud(r = nT) (3)
l

where 7; is the delay of the [th path and oy is the
corresponding complex amplitude with a power-delay
profile O(r;). Note that a;'s are zero-mean, complex
G aussian random variables, which are assumed to be
independent for different paths.

We now briefly describe the channel statistics. The
correlation function of the frequency response of the

multipath fading channel for different frequencies is

r(f, ) = EIG(HG (/)] ()
where
400 .
G(f) = / g(r)e I = 3 e (5)
oo :

It can be shown that (4) has the form [11]
r(f,0) = ogrs(f = 1) (6)
re(Af) = (1/a2) D ofe 2mAIT o
1

il

i

where o} is the average power of the Ith path and
03 is the total average power of the channel impulse
respongse defined as

2 _ 2
09*5 oy
!

For an OFDM system with tone spacing Af, the
discrete correlation function for different tones can
be written more compactly as

re(m) = E{h(k)h"(k+m)} . (8)

More frequently used channel model could be ex-
plicitly derived by using an exponentially decaying
power delay profile 6(n) = Ce~m/Trms and special
delays 7 that are uniformly and independently dis-
tributed over length of CP. In [2], it is shown that
the normalized exponential discrete channel correla~
tion for different subcarriers is

o (m) = 1= exp (=L (1/7rms + 2mjm/N))
i Trms(1 = exp{=L/Trms}) (1/Trms -+ 2ij(/$f) :

Furthermore, the uniform channel correlation be-
tween the attenuations h(k) and h{k + m) can Dbe
obtained by letting Toms — o0 in (9), resulting in

() = 1 —exp (2mjLm/N)
slm) = 9mik/N '

(10)

Note that, the correlation function of the channel taps
for different frequencies depends, in general only on
the multipath delay spread and is separated from the
effect of Doppler frequency. By only exploiting the
frequency correlation in the channel estimation task,
we are able to reduce complexity of the channel esti-
mator.

3. Channel Estimation and Equaliza-
tion

Progressive variations of the multipath fading chan-
nel requires the tap coefficients of the equalizer to be
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adjusted continuously. The conventional strategy to
treat the variations of the multipath channel is to de-
sign an adaptive equalizer to directly update equalizer
coefficients by using recursive least-squares (RLS) al-
gorithm. In this case, explicit estimation of the chan-
nel parameters are avoided, but these approaches are
unable to adequately compensate for channel impair-
ments [9]. An alternative approach is that the adapta-
tion of equalizer is performed indirectly via a channel
estimator. The later approach, which is more robust
against the channel variations, is used in this study.
We employ Kalman recursive state estimation algo-
rithms to acquire the channel, then use estimates to
design adaptive equalizer.

The algorithm to be discussed in this paper is based
on the Kalman recursive state estimation algorithm,
which is well known in statistical estimation and con-
trol theory but perhaps not so in communications o]
Therefore, we first consider its application in general
context then explore applications in communications.

Kalman filter is a useful channel estimator if the
channel model embedded in the Kalman filter closely
matches the underlying communications channel. To
build a channel model for the multipath fading chan-
nel, we match spectral characteristics of the multipath
fading with an AR process. We will now consider the
application of Kalman filter in & general context.

3.1 Kalman Filter Formulation

Consider a linear, discrete-time dynamic system, the
state vector is any set of quantities that would be
sufficient to uniquely describe the unforced dynamic
behavior of the system. The two equations for Kalman
filter are given by

x(k) = ®px(k— 1)+ w(k) (11)
y(k) = Hex(k) + v(k)

where (11) and (12) are known as the signal (state
vector) model and the observation {(measurement)
model equations, respectively, x(k) is a signal state
vector containing system variables which may not all
directly measurable, y (k) is the measurement vector,
representing quantities which are observed and thus
known, ®), is the state transition matrix, which deter-
mines variation of x(k) together with w(k), a random
vector known as the plant noise, Hy is the observa-
tion matrix and v(k) is the measurement noise vector,
which is independent of w(k).

Since the state-space representation includes both
time-varying and time-invariant systems and also en-
compasses stochastic and deterministic inputs, it is
more flexible and powerful than the transfer function
form. Moreover, it also allows us to define observabil-
ity concept which is useful in determining whether the

desired unknown parameters of a system can be es-
timated from the given observations. Assuming that
the system state-space model is observable, the state
estimation problem may be stated as follows: Given
the observations y(0), - ,y(N — 1) and the state-
space model (11) and (12), find the optimal estimate
of x(k) denoted as x(k | k). Based on the assumptions
that the noise vectors w(k) and v(k) are individually
and mutually uncorrelated with correlation matrices,
ie,

Elw@)wT(§)] = Qubyy, Elv@VT(H)] = Ridij,
Blw(i)v" (7)) = 0 (12

where d;; is the Kronecker delta function, then the
Kalman flter provides the way to recursively find
the optimal linear estimation of the state vector x(k)
based on a set of observed data y(k), through recur-
stvely minimizing the mean-squared error

Sarnrsa(k | ) = arg min E {[x(k) = (k] DI}

(13)
The MMSE state estimate %(k) can be obtained by
solving (11) and (12) with Kalman filter recursions
based on the standard Riccati equations listed in Ta~
ble 1.
Fstimation of the state vector %(k) are obtained
recursively as

R(k | k) = @pk(k | k=1)+K(k) (y(k) - Hek(k [ £ = 1))

(14)
where %(k | k) is the filtered state estimate, and
®.%(k | k— 1) is the corresponding predicted state
estimate. If we define e(k) = %(k | k) - ®px(k |k~ 1)
and e(k) = x(k) — %(k | k) as the predicted and
filtered state error vector, respectively then S(k |
k1) = Ele(k)ef (k)] and S(k | k) = Ble(k)e™ (k)]
are the predicted and estimated error covariance ma-
trices, respectively, and K(k) is the Kalman gain vec-
tor.

3.2 Channel Estimation

Since only the first few correlation terms are impor-
tant to finitely parametrize structured variations of
wireless channel in the design of channel estimator,
low-order AR models, or even a simple Markov model
can capture most of the channel tap dynamics and
lead to effective tracking algorithms. In this paper,
we follow the common practice and model the chan-
nel’s variations as a random process. Thus, this paper
associates the multiplicative multipath fading effect of
the channel with an AR process.
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TABLE I. GENERAL KALMAN RECURSIONS

Model:

(k) = Bpx{k — 1) + w(k)
y{k) = Hex(k) + v(k)

Riccati Bquations:

Sklk-1) = ®SEk-1]k=-DdL +Qx
K(k) = S(k |k~ 1)HE (Ry + HeS(k | k- e ™
S(k|k) = (1~ K(&)HL) Sk |k~ 1)

State Lstimation Update:

Xk kD= dk(k-11k-1)
(k| k) =x(k | k— 1)+ K(k) (y(k) ~ HeX(k | £~ 1))

291 AR Model Considerations

We will approximate the multiplicative multipath fad-
ing effect in OFDM system with a general AR model
order p,

hk) = -Zcih(k~z‘)+w(1f), k=01,-,N~-1
(15)

d=1

where w(k) is a white gaussian random process with
variance o2,. The choice of p is a trade-off between the
accuracy of the model and the difficulty in estimating
its parameters. For low-pass processes, however, even
a low-order AR model may be sufficient [13]. The AR
parameters ¢;, are complex in general. However, if it
is assumed that the real and imaginary parts of h{k)
are independent, these AR parameters will be real.
The parameters ¢; are closely related to the physical
parameters of the underlying fading process.

The estimation of ¢; is still not trivial since the
channel (k) is not observed directly. One needs to
somehow acquire the channel correlations r f(m) in
order to solve the Yule-Walker equations [10]

-SP Largim—1) m=1

ry(m) = { =3P erp(=i)+ ok, m=0 (16)

and obtain ¢;. For example, a channel correlation
model given by (9) can be used here to determine ¢;
coefficients. However, the problem of estimating the
statistics of a random channel taps has been previ-
ously studied. A useful method to obtain the channel
correlation during a training mode is provided in [13],
via higher than second order statistics. Their method
is effective and requires only reasonable assumptions
about the transmitted sequence and noise. Optimal
maximum likelihood solutions has been reported in
[11). Moreover, a combination of two Kalman filters
was utilized for tracking the channel and estimating
channel’s statistics [12]. However, we assume in the se-
quel that channel statistics are either known a priorl
or estimated from received data. Thus, given chan-
nel statistics 77(m), AR parameters can be directly
obtained by solving normal equations [10]. Once the
AR model parameters are identified, Kalman filter-
ing ideas may be employed to track the variations of

channel coefficients. Since the Kalman filter would re-
quire state-space representation of the multipath fad-
ing channel, we will now formulate the state-space
description of the fading channel model based on AR
model parameters.

3.2.2 State-space Representation

When a Kalman filter is used for estimating a pro-
cess, the model which describes the dynamics of the
process and the observation is formed using the state-
space representation. If we define h(k) = [h(k), h(k -
1), h(k — p)IT, then (15) can be written in state-
space form as

—¢y —Cp ... —Cp w(k)
1 0 ... 0 0
hik) = o h(k — 1) + (17
o ... 1 0 0

Let A be the (p x p) square matrix in the right hand
side of (17), then the state equations becomes

h(k) = Ah(k — 1) + bw(k) (18)
where b = [1,0,---,0|T. In order to obtain the mea-
surement equation, define a(k) = [a(k),O,-~~,O]T .
Then (2) can be written as

y(k) = a’ (k)h(k) + v(k) . (19)

Equations (18) and (19) offer a state-space represen-
tation of the multiplicative multipath fading model
with transition matrix A (which is assumed to be
known in this section). Based on this representation,
the minimum variance estimator for the state vec-
tor, i.e., the conditional expectation of h(k) given
{a(k),y(k) }’;’__fol can be computed from Kalman fil-
tering. The recursions are summarized in Table 1I.
Matrices K (k) and S(k | k) denote the Kalman filter
gain and the covariance of the state vector x(k).

The proposed method yields an adaptive channel
tracking algorithm. However, it requires knowledge of
a(k), which is not available for all tones. We therefore
apply alternately channel tracking and equalization
algorithm to acquire the channel and the decode the
information symbols.
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TABLE II: KALMAN BASED CHANNEL TRACKING ALGORITHM

Initialization:

ho]-1)=0,

S(0}~1)=0

Riccati Equations:

Sklk-1)=ASk-1[k-1AT+b7Qb
K(k) = S(k | k= Da(k) (o2 +a” (k)S(k | k — L)a(k))
S(k| k) = (I+K(k)a"(k)) S(k| k1)

State Estimation Update:

] h(k|k—1)=Ah(k—1]k-1)
Bk k) =h(k|k—1)+K(E) (yk) —a”(h(k | k- 1))

3.3 Adaptive Kalman Equalization

A Kalman filtering procedure was developed in Sec-
tion 3.2 to track the variations of the channel
taps based on some modelling parameters. However,
Kalman based adaptive channel estimation technique
have to be coupled with a equalization technique in
order to eventually compose a practical system. A
number of different approaches on equalization may
be used. Traditionally, tap estimates are used to de-
code the transmitted symbols, either in a maximum
likelihood sequence estimation, or using simpler deci-
sion feedback schemes. In this paper, we adopt adap-
tive Kalman equalizer to couple proposed Kalman
channel estimator. Adaptive Kalman equalizer ap-
proach (8] uses non-Gaussian linear state-space model
due to discrete nature of the input which results in
the plant and observation noise terms being corre-
lated. Thus, this approach does not yield conditional
mean estimates.

Adaptive Kalman equalizer was originally devel-
oped for FIR channel model [8]. In this section, we
first summarize the adaptive Kalman equalizer, then
we modify it to apply for OFDM systems.

If we assume FIR channel model, the elements of
the state vector would be the inputs to the channel,
ie.,

a.(k) = [a(k),a(k = 1), alk - A} (20)

where (d-+1) is the number of taps of the channel. This
choice of the state vector is in contrast with Kalman
based channel estimator, where the channel taps are
used to construct the state vector.

For the adaptive Kalman equalizer, the state tran-
sition equation has the following form:

ag(k) = Fa.(k — 1) + ga(k) (21)
where F is the (d -+ 1) x (d + 1) shift matrix, ie,
roo ...... 0
10 ... ... 0
F=101

and g is a vector with (d + 1) elements, g =

[1,0,--,0]T or more concisely,
00 ... 0 alk)
10 .0 0
a(k)= 101 a.{k—1)+
0 10 0

Then, the observation equation for the Kalman equal-
izer 18

y(k) = al (k)he(k) + v(k) . (22)
where he (k) = [h(k), h(k—1),- -, h(k = d)]T is a vec-
tor with channel taps. Based on the state-space repre-
sentation for FIR channel, adaptive Kalman equalizer
recursions are summarized in [8]. However, the state-
space representation (21) and (22) for FIR equalizer
could be adopted for OFDM systems in a very simple
form since OFDM overcomes ISI arising from chan-
nel memory and only introduces random attenuations
on each tone. Thus, the simplified form of state-space
representation for OFDM systems becomes

a(k) = f alk— 1)+ a(k)
y(k) = alk)h(k) +v(k) . (23)

where f (f = 0) in (23) superficially introduced pa-
rameter in order to put (23) in a form given by (21).
(23) is therefore simply a scalar form of the state-
space representation. With the initialization for a(l)
(from pilot symbol) and pre-selected power ol for
the measurement noise, Kalman filter for equalization
could be obtained with scalar Kalman filter recursions
summarized in Table I1I1. In the steps of Table III,
K (k) is the Kalman gain, S(k | k— 1) and S(k) are
the a priori and the posterior: variance of the esti-
mated state vector respectively.

4. Receiver Structure

The proposed receiver uses Kalman filters for both
channel tracking and subsequent equalization. There-
fore, the Kalman filters are combined in the proposed
coupled estimator structure of Figure 3.
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TABLE 1II: ADAPTIVE KALMAN EQUALIZER

Initialization:

a(l) = known, S(1) =1

Riccati Equations:

5

Sk k-1 =1

K(k) = S(k | k — 1)A(E) (o2+ | h(k) |* S(k |k~ o

) = (1~ K(k)h(k)) S(k |k~ 1)

State Bstimation Update: ||

a(k) = K(k)y(k)

Note that, in the joint detection-estimation prob-
lem, both h(k) and a(k) are unknown. With the
knowledge of pilot symbol a(1) and the observation
y(1), h(1) can be obtained using a Kalman recursion
following the steps of Table 1. However, the detec-
tion of a(k), k= 2,---, N — 1 relies on the estimates
of h(k), k = 2,---,N — 1 that in turn require the
knowledge of a(k), k= 2,---, N — 1. Therefore, iter-
ative structure is employed in the proposed receiver
to obtain alternatively either a(k) or h(k). According
to (18) and (19), a coarse prediction of hik | k—1)
can be obtained directly from prediction step. It can
be observed from Kalman recursions in Table 1T that
the coarse channel prediction obey the recursion

h(k|k—1)=Ah(k—1]k—1) (24)

that are initialized by h(0 | —1) = 0. Next, we
use the coarse channel estimates in adaptive Kalman
equalizer to obtain coarse symbol estimates for a(k)
that are denoted by a¢(k). These estimates are sub-
sequently transformed into &’ (k) using the nearest
neighbor criterion with a slicer.

Replacing a(k) by a"(k), we rely on Kalman filter
to obtain refined channel estimates h(k | k). Thus,
we summarize our algorithm for channel tracking and
symbol detection, in the following steps:

Initialization: Obtain h(1 | 1) from pilot symbol;

1. Obtain h(k | k — 1) using (24);

2. Use Kalman equalizer in Table Il to decode a°(k);

3. Use slicer to obtain a" (k) from a°(k);

4. Perform Kalman channel estimator in Table Il. to

retrieve h(k | k) using a"(k);
5. Repeat Steps 1-4 for k +1 « k.
In general, the issue of convergence for coupled es-
timator’s remains open. It is clear, however, for the
coupled estimator that if the Kalman filter provides
correct channel taps then the Kalman equalizer con-
verge to correct estimates of symbols, and vice versa.

Next, we test the performance of our joint channel

tracker and equalizer through simulations.

5. Simulations

We now present the simulation results for tracking
the channel taps and decoding transmitted symbols

in OFDM systems with Kalman filtering. We consider
the fading multipath channel given by (9) with an
exponentially decaying power delay profile and delays
7, that are uniformly and independently distributed
over the length of the cyclic prefix.

The scenario for our simulation study consists of a
wireless QPSK OFDM system employing the pulse
shape as a unit-energy Nyquist-root raised-cosine
shape with rolloff o = 0.2 with a symbol period(T%)
of 0.277 ps. Transmission bandwidth(3.6 MHz) is di-
vided into 128 tones. We assume that the fading mul-
tipath channel has exponentially decaying power de-
lay profile (9) with an 7.ps = 4 sample (1.08 us) long.

Since the first-order AR model provides a suffi-
ciently accurate model for multipath fading channels,
AR(1) process (p = 2) is adopted in the development
of the state-space description. Channel model AR(1)
parameters are obtained by solving Yule-Walker equa-
tions in terms of the correlations. QPSK-OFDM se-
quence passes through channel taps and corrupted by
AWGN (30dB, 20dB and 10dB respectively. We use
a pilot symbol every twelve (P=12) symbols.

In the following, the coupled estimator is used to
obtain alternatively either transmitted symbols or
channel taps in a iterative receiver scheme shown in
Figure 3. The results of the Kalman tracking algo-
rithm for both real part and imaginary part of h(k)
are obtained and shown in Figure 4. In order to bet-
ter evaluate the performance of the proposed Kalman
based tracking algorithm, we compare it with other
previously developed recursive least squares (RLS)
adaptive algorithm. The RLS algorithm minimizes
the average weighted squared error over an interval.
Therefore, the channel tracker coefficients are chosen
to minimize the cost function

¢y =3 XK [ y(k) —a” (k)h(k) 2 (25)
k=0

where ) is the forgetting factor and the cost function
(25) is minimized by the following recursions:

Bk + 1) = h(k) + K(E)(y(k) —a” (B)h(k)
K(k) = S(k)atk) (A + aT (k)S(k)a(k)
S(k+1) = A7 (S(k) - K(k)a (k)S(k))  (26)
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By these equations, the estimator uses the informa-~
tion of the received signal to update its state esti-
mates. We can therefore observe that the RLS algo-
rithm is basically same as the measurement update
equations of the Kalman filter. Thus, the RLS is a
more appropriate algorithm if we do not have enough
information aboub the system parameters. For in-
stance, it is assumed in this paper that the channel
parameters A is not available in the RLS.

Thick solid lines in these figures represent the true
channel taps, thick solid lines with x-mark represent
channel tracking with Kalman filtering where as thin
solid lines with plus represents the channel tracking
with RLS.

1t can be seen from simulations that, both the pro-
posed pilot symbol assisted coupled receiver (Kalman
based) and the RLS based channel tracking algo-
rithm together with Kalman equalizer perform almost
identical performances especially at high SNR values.
However, the proposed Kalman based receiver yield
better performance for low SNR values.

Since we match spectral characteristics of the mul-
tipath fading channel with an AR process, a closer
match can be obtained with a higher order AR model.
However we focus on the order 2 AR model here due
to its simplicity. Moreover, we investigate the sensi-
tivity of performance to such model order selection.
We compare tracking performance of the AR order
9 with a order 1 model for SNR=30dB, as shown by
Figure 5. 1t is thus advisable to select AR model order
p > 2 in the proposed method to obtain appropriate
tracking. Of course more computational complexity
is introduced along with the tracking process if you
increase the model order.

Next we wish to illustrate and compare the tracking
performance of the proposed Kalman based receiver.
The tracking ability of pilot symbol assisted method
can be observed from Figure 6A. In a non-data aided
set-up {No pilot case), the proposed techniques per-
formance degrades significantly after 20 tones. Thus,
periodic retraining scheme is therefore suggested to
avoid run-away effect caused by Kalman equalizer.

Finally, we wish to evaluate the performance of the
algorithms by plotting the respective error probabili-
ties as a function of SNR. Figure 6B shows the symbol
error rate for the proposed method (solid line with x-
mark), and the RLS method (solid line with plus) and
the adaptive Kalman equalizer with perfect channel
knowledge (solid line with circle). The performance
of the proposed method surpassed that RLS method.
This figure also shows that the multipath fading is the
major impeding factor than the effects of the additive
noise.

6. Conclusions

We have developed a novel Kalman filter based
scheme for joint iterative channel tracking and symbol
recovery of pilot symbol assisted OFDM systems in
multipath fading channels. Modelling multipath fad-
ing channel as AR processes, Kalman filter was em-
ployed to track the variations of the channel. More-
over, to compose the joint iterative estimator struc-
ture, a linear Kalman filter equalizer with the cor-
responding state-space model was proposed for the
recovery of transmitted symbols. Although, the adap-
tive Kalman equalizer does not yield minimum vari-
ance estimates, its structure is very simple and can
be implemented with scalar Kalman filter recursions.
In this paper, we also address parameter adjustment
for the Kalman filter and show that the Kalman fil-
ter that utilizes a low-complexity AR model order 2
is useful for estimating the multipath fading channel
taps in OFDM systems. The simulation results show
that the resulting algorithms is efficient and can be
effectively employed in such applications. Future top-
ics include extensions to Space-Time coded OFDM
systems and blind estimation of the AR parameters.

f Equalizer

; Pilot symbo!

Loy

N\ Slicer
; & -
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i - + .
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Channel Estimator

Fig. 3. Proposed Kalman filter based channel track-
ing/equalization structure
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Sequence Estimation with Transmit Diversity for Wireless
Communications

Erdal Panayires, Umit Aygoli, and Ali Emre Pusane

Abstract In this paper, an optimum sequence estima-
tion algorithm for wireless systems with Alamouti’s two
transmitter diversity in the presence of multipath fading
is proposed. The algorithm is based on a jointly iterative
channel and sequence estimation according to the max-
imum likelihood (ML) criterion, using the Expectation-
Maximization (EM) algorithm employing an M-level phase-
shift keying(M-PSK) modulation scheme with additive
Gaussian noise. The discrete multipath channel is repre-
sented in terms of the channel gains from each transmit
antenna to the receive antenna. EM algorithm estimates
jointly the complex channel parameters of each channel and
the data sequence transmitted, iteratively, which converges
to the true ML solution. The channel estimation is achieved
in a simple way through the iterative equations by decou-
pling of the signals transmitted from different antennas.
The algorithm is applied to the trellis coded modulation
systems and the efficiency of the algorithm proposed has
been shown with computer simulations. The simulation re-
sults show that the EM algorithm. converges quickly for
fast fading channels. The performance of the EM-based de-
coder approaches that of the ML receiver which has perfect
knowledge of the channel.

Keywords Sequence estimation, transmit diversity, EM al-
gorithm, multipath fading channels.

1. Introduction

Transmitter diversity is an effective technique for
combating fading in multipath wireless channels. It
has been observed recently that transmitter (spatial)
diversity may be the only option when the frequency
and time diversity techniques are not always available.
For instance, frequency diversity cannot be achieved
in a frequency non-selective channel, and in a slow
fading channel, either time diversity is not effective,
or significant delays must be introduced to achieve it
because of the required large interleaver size. Trans-
mit diversity has been studied only recently to reduce
the detrimental effects in wireless fading channels be-
cause of its relative simplicity of implementation and
feasibility of having multiple antennas at the base sta-
tions.
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Several transmit diversity techniques were studied
extensively in the past. Wittneben [1] proposed the
first bandwidth efficient transmit scheme and subse-
quently, a delay diversity scheme was introduced by
Seshadri and Winters, [2]. More recently, space-time
trellis coding has been proposed by Tarokh, Seshadri
and Calderbank [3] which combines signal process-
ing at the receiver with coding techniques appropriate
to multiple transmit antennas. These so-called space-
time codes perform well in slowly-fading channels, as-
suming perfect channel information(CSI) at the re-
ceiver. With the presence of channel mismatch, how-
ever, system performance suffers a significant degra-
dation.

Recently, Alamouti proposed a remarkable trans-
mit diversity scheme for transmission using two trans-
mit antennas, [4]. This scheme has been generalized
later in [5, 6] to an arbitrary number of transmit an-
tennas and is thus able to achieve the full diversity
promised by the transmit and receive antennas. As-
suming that the channel state information is some-
how available, the orthogonal structure of these space-
time block codes enables the ML decoding to be im-
plemented in a simple way through decoupling of
the signal transmitted from different antennas rather
than by joint detection. However, channel state in-
formation is usually difficult to obtain. In the ab-
sence of perfect channel state information, evalua-
tion of the ML function requires the expectation over
the joint statistics of the channel fading coefficients,
which is usually mathematically intractable. To cope
with this technical difficulty, in this paper, we apply
the method of Georghiades and Han [7] to the se-
quence estimation in the presence of multipath fading
channels for wireless systems with two-transmitter di-
versity. The algorithm is based on a jointly iterative
channel and sequence estimation according to the ML
criterion, using the EM algorithm, [8, 9, 10]. The last
part of the paper provides simulation results on the
convergence of the EM algorithm. The performance
is presented in terms of the bit error rate for a system
employing trellis coded 8-PSK signaling. The exten-
sive computer simulations show that a formulation of
the sequence estimation based on the EM algorithm is
a promising technique for highly efficient data trans-
mission over mobile wireless channels, and it performs
close to the performance of a maximum likelihood de-
coder that assumes perfect CSL

The paper is organized in four sections following
this introduction. In Section 2, the system model is
introduced, Section 3, includes the EM-based algo-
rithm, Section 4 presents the simulation results and
finally the conclusions are presented in Section 5.
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2. System Model

We consider the wireless communication system as
shown in Figure 1 with transmitter diversity using a
space-time block coded transmit diversity scheme as
first proposed by Alamouti, [4]. The scheme is de-
scribed with 2 transmit and 1 receive antennas to
provide a diversity of order 2. Note that, the method
can be easily extended to the more general orthogonal
space-time block coded systems introduced by Tarokh
et al.[5] involving more than two transmit and one re-
ceive antennas.

The information data can be either uncoded or
encoded by a trellis coded modulation (TCM) en-
coder, then fed into the space-time block encoder.
At each time slot, the output symbols are modulated
and transmitted simultaneocusly, each from a differ-
ent transmit antenna. At the receiver end, the space-
time block decoder followed by symbol-by-symbol de-
coder, or by a Viterbi decoder, for uncoded and coded
cases, respectively, can be used to decode the re-
ceived sequence. The generated complex constella-
tion symbols characterizing the input bits are fed info
the space-time block encoder proposed by Alamouti
whose transmission matrix is given as

space —

time | [331 ¥ 272} )

*
—Ty Ty

whose rows are transmitted in successive time inter-
vals with the first and second symbol in a given row
sent simultaneously through the first and second an-
tenna, respectively. Based on this scheme, at each
time slot k (k = 0,1, -+, L—1), the signal transmitted
from the first antenna is sqx and the signal transmit-
ted from the second antenna is sog1. In the next time
slot (k-+1), the signal —s%, _, is transmitted from the
first antenna, and the signal s}, is transmitted from
the second antenna. Coherent M-PSK modulation is
used here to enhance the system performance.

The wireless channel is assumed to be a fast fading
channel where the maximum Doppler spread normal-
ized by the symbol rate is of the order of 10™2. Since
we use Alamouti’s scheme, it means that channel fad-
ing is required to be constant over two consecutive
symbol periods(277), but it independently varies from
one time interval 27 to another. Therefore, the system
also offers time diversity through the TCM encoding
and/or the interleaving of the data.

Define now ho = [h0,0; hg)g, Ty hQ)(g[__Q) and
hy = [h1o, b1, ',hl‘(gLﬂg)]T, where h;,; denotes
the channel gains from the first and second transmit
antennas to the receive antenna, respectively, at the
jth symbol period, j = 0,2, ---,2L—2. They are mod-
eled as complex zero-mean Gaussian random vari-
ables with autocorrelation r; = E[hiygkh; 2k+2!]) 7 =
0,1;1 = 0,1,---,L — 1 and that hgo and h; are in-
dependent of each other. For mobile fading channels,
the autocorrelations are given by 7 = v2Jo(27 f4T1)
where v? is the unmormalized variance of the fading
gains, Jo(.) is the zero-order Bessel function of the

I

first kind, f4 is the maximum Doppler frequency in
Hz, and T represents the signaling interval. Thus, for
1 = 0,1, vector h; has a normalized Toeplitz covari-
ance matrix R = (1/v%){r). For k = 0,1,--,L — 1,
each pair of the two consecutive received signals can
then be expressed as

Tor = Sopho2k + Sarr1h1 2k + Mok
*
Tokt1 = —Sseiihozk + Spphioe + 1ok (2)
where noy and mgg.; are independent samples of an
additive Gaussian random variable with variance o2,

representing the additive white Gaussian noise enter-
ing the system.

Letting = = [rd )7 where 7o =
[ro, 2, szL—z]T and vy = [ry,rs, - ‘:T?,LMI]T»
(2) can be expressed in a matrix form

r=Sh+mn (3)
R T T .
where, h = [hy ki7", n=[nd nT|T,
So Sy
S = { t ot (4)
-51 5%
and, S¢ =  diag{so, 82, ", 8202}, S1 =
diag{sy,ss, -+, 82r-1}. | denotes conjugated trans-
pose.

3. Sequence Estimation with EM Algorithm

Now consider the classical problem of estimating data
sequence 8 = (sg, 81, -, 821-1) from observations of
received data r = (rg,71, -, 72r-1)- A ML receiver
then performs

maxp(r|s) = max Ep, [p(r|s, h)]. (5)

Note that evaluation of the likelihood function
above requires the expectation over the joint statis-
tics of the random channel parameters h, a task that
more often is mathematically intractable, even if the
likelihood function can be obtained analytically off
line. However, it is invariably a nonlinear function
of s, which makes the maximization step computa-
tionally infeasible in real time. For long and/or coded
sequences transmitted over fading channels, the prob-
lem of optimum sequence estimation is known to be
especially difficult or intractable. In such cases, an it-
erative formulation of the sequence estimation prob-
lem based on the EM algorithm can provide an imple-
mentable solution. We now briefly present the EM al-
gorithm following the notation employed in [7]. How-
ever, the reader is urged to review the original paper
of Dempster, Laird and Rubin, [8]. For an application
of the EM algorithm to fading channels and a tutorial
on the EM algorithm to read [9] and [11], respectively.

Let in general s be a set of parameters to be esti-
mated from the some observed data r. Then, The ML
estimate S, of s is a solution to

Spr = argm?xp(ﬂs) (6)
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Fig. 1. (a) Transmitter and (b) Receiver block diagrams of the transmit diversity system

where p{r|s) is the conditional density of the data
given the parameter vector to be estimated. Note
that, in many cases an explicit expression for this con-
ditional density does not exist, or hard to obtain. In
other cases, such an expression may exist, but it can
not be easy to maximize efficiently over the set of
parameters. In such situations, and under some con-
ditions, the EM algorithm may provide an iterative
solution to the ML estimation problem.

The EM algorithm based solution proceeds as fol-
lows. Suppose that instead of the data r that is actu-
ally available, one had access to data x. The data z is
such that r could be obtained through a many-to-one
mapping & — r{x), and their knowledge makes the
estimation problem easy (for example, the conditional
density p(z|r) is easily obtained). The two sets of data
7 and « are referred to as the incomplete and com-
plete data, respectively. The EM algorithm makes use
of the log-likelihood function for the complete data
in a two-step iterative procedure which under some
conditions converges to the ML estimates given in (6)
[12, 8]. At each step of the EM iteration, the likelihood
function can be shown to be nondecreasing [12, 8}; if it
is also bounded (which is mostly the case in practice)
the algorithm converges. The two-step procedure at
the ithe iteration is as follows:

1. Expectation Step(E-step): Compute Q(s]s™) =
Ellog(p(x|s)|r, s™];

2. Maximization Step(M-Step):
argmaxs Q(s]s™)

Solve 80+ =

where s(? i{s the parameter vector estimate at the
ith iteration. Note that since the complete data x is
not actually available, and the quantity logp(x|s) is a
random variable, the algorithm maximizes its condi-
tional expectation instead, given the incomplete data

and the most recent estimate of the parameter vector
to be estimated. In the beginning, the EM algorithm
starts with an initial value 50 of the unknown pa-
rameters 8. The initial estimate is chosen based on the
data and/or side information available. Otherwise, an
a priori estimate is used.

Let us now apply the algorithm specifically to our
problem. An cbvious choice for the complete data is
the observed data sequence r, and the unwanted ran-
dom channel parameter vector h, namely, = (r, h).
In this case,

p(xls) = p(rih, s)p(h)

where p(h) is a a prior: density of h, under our as-
sumption that s and h are independent. Then

Q'(s]sW) = Ellog p(r|h, 8)|r, sV +E[log p(h)|r, sV

and since the second term above is not a function of
s {and thus it is a constant as far as the M-step is
concern) it can be dropped to yield

Qsls) = Ellogp(r|h, s)|r, V). (M

We now briefly show that the EM algorithm con-
verges to the ML algorithm [7]. The conditional ex-
pectation above is with respect to the conditional den-
sity of the random parameter vector h given the in-
complete data 7 and assuming that s = s(. The
conditional density p(hlr, s} can be expressed as

p(hlr, sD) = C.p(rih, sO)p(h)

where C' is some constant not a function of s that can
be evaluated, but need not be. Thus

Q(sism) = C./hlog[p(rlh,s)]p(rlh, sp(h)dh.
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Then a necessary condition for a maximum of
Q(s]s) (assuming differentiability) is

plrlh, ) dp(rlh, 3)
(h’ dh’ o i+1 :O
/h p(rlh, s) as N Jdh|s—se+o

It is easy to see that at convergence, in which case
s = s = gl the condition reduces to

Ip(r(s)

Js ls—Bus =

which is the necessary condition satisfied by the ML
estimate of s.

We now return to our original problem. The log-
likelihood function of » given s and h needed in (7)
to compute the expectation step is easily obtained
from (3) as follows

U(r|s, k) = log p(r|s, h) ~ p(llr — Sh|*).

Dropping unnecessary terms and rearranging
slightly it follows that
1
thrls,h) = Relr!Sh = gISI%. ()

Assuming the PSK signaling is used we can drop
the second term in the right hand side of (8). Then
the expectation step of the EM algorithm at the ith
iteration yields,

Q(s]s(“‘)) = Rer! Sﬁ(i)]

-1

e

* * * /\(i)
= [Re { (roxsax — Tokt155k+1) ho,zk}
k=0

+Re { (Fhusaner + 75ee53) b ] )

where s() is the most recent sequence estimate at the
1th iteration and

7Y~ Elhr, sO). (10)

The above conditional mean can be evaluated as
follows: After some algebra, it is shown in Appendix-
A that

plhlr, s©) ~exp | —(h — B~ (b — E‘”)} (11)
where, for a zero-mean, independent and identically
distributed complex Gaussian noise vector, replacing
the autocorrelation matrix Ty = o2 in (A.4),(A.5),
and for PSK signaling, replacing S'S =1TIin (A5)it
follows that

Y (w? /o)W st Wy, (12)
v = Ryt + (fuz/o?)f]"l. (13)

Here, Ry, is a 2L x 2L block diagonal matrix defined
by Rj, = diag{R R}, where R is the normalized

autocorrelation matrix of the random fading vector,
as defined earlier, whose main diagonal elements are
unity. v? is the unnormalized variance of the random
fading gains. o? is the variance of the noise.

The EM algorithm starts with the initial channel
estimates {h(()oék, h(loék} and uses them in (9) to pro-
duce, by maximization over s, a sequence estimate.
This is then used in (12) to obtain the next chan-
nel estimate which, in turn, is used again in {9) to
produce the next sequence estimate, and so on, un-
til convergence occurs within two to three iterations.
At convergence, st = s() the algorithm produces
both a sequence estimate and a fading channel esti-
mate.

We now turn to the maximization step of the
EM algorithm, where we distinguish between the
coded and the uncoded transmission. First we ob-
serve from (9) that in the absence of coding, maximiz-
ing Q(s]s(®) with respect to sequence s is equivalent
to maximizing each individual term in the sum, i.e.,
making symbol-by-symbol decisions. Then, if sG+1) is
the maximizing sequence, for k = 0,1,---,L ~ 1, its
components are given by

(i+1) _ * 7(1) * NG
Sap = argmaxRe | mop 52k pp + Tok+152k01 2k
(i+1) [ _px e 30

2kl T BB BX Re\”r%wszkﬂho,gk

+T§k32k+1ggi,>2k} (14)

where we have used the expression for Q(s|s®) in
(9).

When trellis coding is used, the maximization over
all trellis sequences can be done efficiently using
the Viterbi algorithm. It is seen that in contrast to
directly evaluating the likelihood function in (5),
the EM algorithm yields at each step of iteration a
likelihood function that allows the use of the Viterbi
algorithm for efficient computations.

Instialization

In order to be able to choose good initial values for
59 the Npg data symbols {sag, Sok41} for k € Sps,
in each observation block are generally used as pilot
symbols known by the receiver. They are inserted pe-
riodically in the sequence. Here, Spg denotes the set
of pilot symbols indices. To interpolate the channel
estimates, initially, there exist a minimum spacing,
lsc, between pilots given by lsc < 1/Tmes, where
Tmaz 18 the maximum delay spread of the channel (
Beoh = 1/Tingz, channel coherence bandwidth}.

To initialize the receiver, we determine ﬁg?%k =
~(0 ~ ~(0
7 (2k) and RO, = 27 2k], k € Sps in terms of the
pilot symbols and the received signals corresponding
to the pilot symbols from the following equations.

~(0)

hy = \Ilg? (sé(o)ro - s§°>r1) -+ \Ilgg)(s‘;(o)m + s(go)rl)
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(0
h(l . \I!gi)(sz,(mro - sgo)rl)

+\I’g%)(sf(1>r0 +s0r),(15)
and

0 0
v~ [\Ilgl)(o) \P(%Si}
*\I’2l ‘1122

The complete initial channel gains {h(()(,)%k: hg(’)%k} for
k=0,1,---,L ~ 1 can be easily determined using an
interpolation technique, i.e., Lagrange interpolation
algorithm.

The EM algorithm is now summarized briefly as
follows:

Step 1. Set 4 = 0 and choose the initial values s,

~(0) (0
and determine h(() >, h(1 ), as explained above

Step 2. Compute s0D by maximizing Q(s|5)
in (9) over all sequences by Viterbi algorithm if
trellis coding is present. Use (14) to perform the
maximization if coding is not present.

Step 3. Compute héHl))h(;H) from (12) and go
to Step 2, repeat until the algorithm converges, in
which case the last sequence estimate is produced as
the ML estimate.

Note that a computation of the number of iter-
ations needed to implement the EM algorithm in-
dicates that it increases linearly in the sequence
length compared to the more than exponential in-
crease for direct implementation. Also, the maximiza-
tion step can be implemented easily due to the fact
that Q(s]s(9) can be expressed in recursive form as in
(9), and thus, the Viterbi algorithm can be employed.

4. Simulation Results

Error performance of the proposed iterative decoder
has been investigated via computer simulations. The
fading channel is modeled as the Jakes fading with
normalized autocorrelation (v? = 1) ry = Jo(27 faT'l)
where Jo(.), fg and T were defined previously. Data
bits are first encoded by a rate 2/3, 4-state 8-PSK
TCM encoder to produce the coded data symbol se-
quence of length 100. The encoder whose trellis di-
agram is given in Figure 2 was recently proposed in
(13] and has optimum performance when used in com-
bination with Alamouti’s transmit diversity scheme.

In order to initialize the EM algorithm, the receiver
has to have good estimates of the channel. These esti-
mates have been provided using pilot symbol assisted
modulation (PSAM), [14]. Six pairs of pilot symbols,
which are already known at the receiver, are added
periodically to the data symbol sequence with a pe-
riod of 20. At the receiver, channel fading coefficients
are first estimated at the pilot symbol positions. The
unknown data fading coefficients are then estimated

d0 d4 d2 d6

didsdad7

d4 40

d4 d0 d6 d2

d5

d5d1d7d3

(a} 1]

Fig. 2. (a) Trellis diagram of the 4-state 2/3 rate 8-PSK
trellis code (b) 8-PSK signal set
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Fig. 3. Bit error performance of trellis coded 8-PSK code
for fpT = 0.01

by applying Lagrange interpolation technique on the
pilot fading coefficients, according to the initializa-
tion procedure as explained in Section 3. The EM
algorithm uses these channel estimates to initialize
and converge to the maximum likelthood decoding
within two or three iterations. The maximization step
of the EM algorithm is efficiently performed using the
Viterbi algorithm. Bit error probability curves have
been presented for a channel with a normalized max-
imum Doppler frequency of 0.01 in Fig. 3.

The proposed scheme seems to converge to the ML
decoding in two iterations. This provides an SNR gain
of 3dB in the high SNR region. The performance im-
provement is caused by the reduction in the channel
estimation error which can be seen in Fig. 4, where
the mean square estimation error (MSEE) values ver-
sus iteration numbers are presented for different SNR
values.

The channel estimation errors converge to the max-
imum likely estimates in two iterations. For a channel
with higher Doppler frequency (fpT = 0.03), the bit
error probability curves again converge in two itera-
tions (Fig. 5), but this time resulting in an error floor.
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Alamouti’s transmit diversity scheme loses its orthog-
onality property in the presence of channel estimation
error and an error floor is observed.

Since, in the fast fading channel, PSAM with a pilot
separation of 20 symbols, loses its effectiveness in esti-
mating the channel fading coefficients, the algorithm
converges to a local maximum which results in a high
estimation error (Fig. 6). In both cases, the proposed
decoder is shown to converge to the ML decoding in
just two iterations.

5. Conclusion

In this paper, we proposed an optimum sequence es-
timation algorithm for wireless communications sys-
tems employing a transmit diversity. This algorithm
performs an iterative estimation of the transmitted
sequence of data symbols according to the ML cri-
terion, using the EM algorithm employing M-PSK
modulation scheme with additive Gaussian noise. The

Fig. 6. Mean square estimation error for fpT = 0.03

discrete multipath channel was represented in terms
of the channel gains from each transmit antenna to
the receive antenna. EM algorithm estimates jointly
the complex channel parameters of each channel and
the data sequence transmitted, iteratively, which con-
verges to the true ML solution. The algorithm is ap-
plied to the trellis coded 8-PSK modulated wireless
systems and efficiency of the algorithm proposed has
been shown by the computer simulations. Simulation
results show that the EM algorithm converges quickly
for fast fading channels. The performance of the EM-
based decoder approaches that of the ML receiver
which has perfect knowledge of the channel. In ad-
dition, the EM-based detector is rather simple to im-
plement since the maximization step of the algorithm
can be done using the Viterbi algorithm.
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Appendix

Derivation of Eq. (11)

Let,

r=S8h+n (A1)
where 1 and h are N x 1 dimensional zero-mean iden-
tically distributed Gaussian random vectors with co-
variance matrices £y and Ry, respectively. S repre-
sents the N x N dimensional data matrix, assumed to
be independent of h. That is, if s = (81,52, -, sn)
is the data vector then S is a diagonal matrix with
element of s as diagonal elements. Note that for the
special case of phase shift keying, it is easy to see that
51S =1I.
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Using the Bayes formula p(hlr, s) can be expressed

- ok, s)p(h)

p(hlr,s) = [ p(rih, s)p(h)dh (A2)
where
p(hir,s) =

1
T & —=(r - ST (r ~ Sh)
(2m)N det S| exp{ Rl SR E }

1 1
) = m——e———exp{ ~=h' R 'h A3
p(h) (2m)N|det Ry, | e"p{ 2" h } (A3)
Defining
h=wstsslr, (A4)

and i
. (R; + 5*2;;15) , (A5)

Tt can be easily shown that the denominator of (A.2)
can be expressed as

1 . N
plri, s)p(h) ~ oxp {5 [(h =Byt e ! = By
P at g
rissle — R e R Yae)
From (A.G) it follows that

[, ptrin,syptnydn =
M(Q,,r)!\f ldetEn} exp {~é (rTEﬁlr - /f;T\I’ng) }(A?)

Substituting (A.6) and (A.7) into (A.2), we have the
final result.

p(hlr, s) =

[(h ~ Ry (A — E,)} } .
(A8)

rO b=

1
@m)Vdet iRy, ©F {“
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Abstract- In this paper, a computationally efficient algorithm is presented for maximum a posteriori
(MAP) channel estimation for OFDM systems employing M-PSK modulation scheme with additive
Gaussian noise, based on the Expectation Maximization (EM) method. A non-data-aided scheme is
considered for the estimation of a multipath time-varying channel by averaging over the M-PSK signal
constellation. For this, an EM algorithm is derived which estimates the complex channel parameters of
each subcarriers iteratively in frequency domain and which converges to the true MAP estimation of the
unknown channel. The algorithm requires a convenient representation of the discrete multipath fading
channel based on the Karhunen-Loeve orthogonal expansion. The algorithm is applied to the QPSK
modulated OFDM systems and efficiency of the method proposed is shown by the computer simulations.

1. INTRODUCTION

OFDM signaling is proven to be an efficient way to overcome the effects of
fading channel and multi-path by dividing the frequency selective channel into a
number of sub-channels corresponding to the OFDM sub-carrier frequencies.
OFDM has already been accepted for the new wireless local area network (WLAN)
standards (IEEE 802.11), the ETSI High Performance Local Area Network type 2
(HIPERLAN/2) and Japan's Mobil Multimedia Access Communications (MMAC)
systems [1].

In OFDM, channel state information between transmit and receive antenna pairs
is required for coherent decoding. Therefore, several channel parameter estimation
techniques were proposed in literature. In [2-3] a channel estimator for OFDM
systems has been proposed based on the singular-value decomposition or frequency-
domain filtering. Time domain filtering has been proposed in [4].
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To further improve the channel estimator performance, a MMSE channel
estimator, which makes full use of the time-frequency correlation of the time-
varying dispersive channel were proposed in [5]. This technique has been extended
later in [6] to develop a channel estimation in OFDM systems with transmitter
diversity using space time coding. In this paper we apply the method of Siala [7] to
the estimation of time-varying fading channels for OFDM systems. This algorithm
performs an iterative channel estimation according to the maximum a posteriori
(MAP) criterion, using the Expectation-Maximization (EM) algorithm. It uses
profitably not only pilot symbols but also information-carrying symbols on the
optimization of the channel estimation. It requires a conventional representation of
the multipath Doppler channel, based on a discrete Karhunen-Loeve(KL) orthogonal
expansion of the discrete multipath Doppler channel seen by the OFDM receiver.
The channel estimator makes full use of the correlation of the channel frequency
response at different times and frequencies. In particular, for mobile wireless
channels, the correlation of the channel frequency response at different times and
frequencies can be separated into the multiplication of the time-and frequency-
domain correlation functions and this would decrease the computational complexity
of the channel estimation substantially [5]. Computer simulations demonstrate that
the computational complexity of our channel estimation algorithm is significantly
improved.

2. OFDM SYSTEMS WITH TIME-VARYING CHANNEL ESTIMATOR
The received signal after demodulation (performing a DFT), can be expressed as

R(nk)=H(n k) A(n k) + W(nk) k=01..K-1; n=0l..N~1 (1)

where A(n k) is the signal modulating the kthe subcarrier during time nT:St <
(n+1)T, T, being the OFDM symbol duration. They are assumed to have unit
variance and be independent for different &'s and n's. Since the phase of each
subchanne! can be obtained by the channel estimator, coherent phase-shift keying
(PSK) modulation is used here to enhance the system performance. W(nk) is
represents the additive complex Gaussian noise with variance o !, entering the
system. H(n k) is the frequency response of the fading channel at the kth subcarrier
at time »n. They are correlated samples, both in time and frequency, of a complex
Gaussian process.

In the absence of absence of channel state information, decoder must estimate
the channel states and there has been extensive affords in the direction of channel
parameter estimation. However, most of the works done tries to achieve this goal
with employing the training symbols. For OFDM systems channel estimation is
challenging if we assume that this should be implemented in a non-data aided
fashion [8, 9]. In this paper a novel time-varying channel estimation algorithm is
presented by representing the discrete multipath channel based on the Karhunen-
Loeve orthogonal representation and make use of the Expectation Maximization

technique.
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3. REPRESENTATION OF DISCRETE MOBILE RADIO

For an OFDM system with block length 7, and subchannel spacing 4f, the
discrete correlation function for different blocks and subcarriers of the frequency
response of the time-varying multi-path radio channel for different discrete times
and frequencies defined by r(ink;n'k)=E[H(n, J)H " (n' k')] can be written as

r(n, kyn' ,k') =ohn (n, n‘)rz (k, k‘), nn'=0),.,N-1; kk'=0]..K-1 2)

where ¢y’ (1) is the total average power of the channel impulse response defined as

cr;: = zgf .o/ (1) is the average power of the /th path and
£

ry (kjk') = (;/g}—; zo.l-"eﬁ,f.?z(k—k‘);;/‘rl j
~

From Jakes' mode] [11]

1',(17,17'): Jy(2m(n - ;7’)/‘(,71,) (3)

where J, is the zeroth-order Bessel function of the first kind and f; is the Doppler
frequency which is related to the vehicle speed v and the carrier frequency /. by
Ju=vf./c, where ¢ is the speed of light.

Discrete frequency response of the wireless channel, H(n,k) can be expressed as

N=l K-1

Hipk)=S S 60, (k) n=01..N -1 k=01,..K-1 (4)

1= =l

where the random variables { G(ij) | are independent complex zero-mean Gaussian
coefficients. The variance of these coefficients, arranged in decreasing order, are

equal to the eigenvalues { 4} of the Karhunen Loeve (KL) transformation with the
orthogonalized eigenfunctions y;;(nk)'s of the discrete autocorrelation function
r(nk;n' k') defined by

N-l K-l
Z Zr(n,k;n',k')z//,,'/ (n‘,k'): )L,-Jt//,’., (n,/\'), n=01...N-1I, k=0, .K~-1

n'=0 k'=0
5)
Note that when the autocorrelation function is separable as in (2), then it can be
shown that {y;(nk)}'s become also separable. That is,
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v, (nk)=)(ni), (k./) (6)
where @,(n,i) and @y(k,) are the components of the normalized eigenvectors of the
autocorrelations r,(n, n') and r,(k k'), respectively. The corresponding eigenvalues are
G, and y, i=0,1,..,N-1; j=0,1,..,K-1. From (1) and (5), they satisfy the following
- relationship. :

’1:‘,/‘ = ﬁi}’j/o"fzf ' (7

The advantage in having the autocorrelation function by a separable function is
that instead of solving NK x NK matrix eigenvalue problem of (5), only two N x N
and K x K matrix eigenvalue problems need to solved. Since the required.
computations to solve these problems are O(NK’Y and O(N’)+O(K’), respectively,.
the reduction in dimensionality achieved by the separable model is quite significant.

4. 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 probability density function of the random variables
are known by the receiver and can be expressed as

p(G)~]] Hex{_lﬁ%ﬂ’_} (®)

where G = {G(ij)}. Given the transmitted signal A = {A(nk)}, and the discrete
channel representation G, and taking into account the independence of the noise
components, we can express the conditional probability density function of the
received signal R = {R(n.k)} as

p(RlA,G)z H Hexp -

The MAP estimate {G} is given by
G=arg max p(G}R). (10)

!

o

R(n,k)-/!(n,k)z ZG(:’, j);/,-)_,-(_n,k%— %)

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
conditional pdf in (9) is guaranteed. The monotonic increase is realized via the
maximization of the auxiliary function '

Q(G[G“”): S p(R,A,G)log plR, A,G") (n
A

where sum is taken over all possible transmitted data coded signals and G™ is the
estimation of G at the mth iteration. Given the received signal R, the EM algorithm
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 starts with an initial value G of the unknown channel parameters G. The (m+//th
p )

estimate of G is obtained by the maximization step described by

G /) = arg max Q(G}G(m)).
G

After long algebraic manipulations the expression of the (p,¢)th component
™, q), (p=0,1,...N-1; g=0,1,....K-]) of the re-estimate G™ " can be obtained as

follows: ‘
ni+ : ] m i
Gl ”(Pﬂ)zm; zk:f( )R kYo o (n.) (12)

where,

r.G") (13)

F("')()v,k): Za* P(.AI()?J{): a
aeS,

and S, denotes alphabet set taken by the (n.k)th OFDM symbol. In order to be able
to choose good initial values for the unknown channel parameters and to ensure a
fast start up in the equalization/detection operation following the channel estimation
process, the leading L data symbols D(1,k), k=0,1,...,L-] in each OFDM frame are
generally used as pilot symbols known by the receiver. When K is large, however, -
this does not create a significant degradation in spectrum efficiency since L takes
small values with respect to the total number of subcarriers carrying the data.
" Therefore for PSK modulated alphabet set, the initial value of the channel
parameters can be selected according to the following datataided estimates.

) ; e N
G(U.(p’q):m; k{\;oé_(;1,%)]?(17,/\),1/[)'(‘,(17,/«) (14)

4.1 Computation of I ™ n k) for OPSK Signaling

If a=(x1 # j) represents independent identically distributed data sequence
modulating the QPSK carrier, ]'(”’)(n,k) in (13) can be expressed as follows.

zaeﬂ’

a * P(R(i?,k);_/l(n;k): a,G("'))P(A(n,k) =a)

(k)= =2 (15)
() Z P(R(n,k)‘A(n,k)= a,G('"))P(A(n,k): a)
.HESnJ: i . )
From (11) it follows that
206\, a* exp( 2_7 Re[a *Z"(nk )D
f("’)(;?.k)z - g (16)

ZaeS R eXP( —0’23 RE[CI A (I’l,k)D
" \

where
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Z" (k)= RO KL ZG(m)‘(i,j)w:j»(n,k). |

Then, taking summations in the numerator and the denumerator of (16) over the
values of QPSK symbols a, we have the final result as follows.

(k) = tanhE; Re(z” (n,k))} jtanh[% [m(Z"'(n,k))] (17

Note that the Modified-Cramer-Rao-Bound (MCRM) can be derived for the
estimated random parameters {G(i,j)} as follows. Performing the derivatives in (8)
and (9) with respect to {G(ij)}, taking expectations over R, A and G and then taking
into fact that the eigenfunctions w ;;(n k) are orthogonal, it follows that

MCRB(G(p,q)=2 (1/&+1/2,)" (18)

P . . - . X N
where o is the noise variance and 4,, are the eigenvalues of the discrete
autocorrelation function r(nkn' k) '

5. SIMULATION RESULTS

The performance of the proposed EM based ML channe! estimation technique
was evaluated as a function of signal-to-noise ratio (SNR) based on the Monte Carlo
simulations. We considered the fading multipath channe! with an exponentially-
decaying power delay profile & 7 )=C exp(-7/Tua) per path delays 7, that are
uniformly and independently distributed over the length of the cyclic prefix. Cis a
normalizing constant. Note that the normalized discrete channel-correlations for
different subcarriers of this channel mode! was presented in [3] as follows:

rmy N

o1~ exp(= L T, ){4_!_ . ,L?z.fﬁ::_fi))

rms IV

The discrete channel correlations for different block is given by (3) The scenario
for our simulation study consists of a wireless QPSK OFDM system operating with
a 500 kHz bandwidth and is divided into 16 tones with a total symbol period (7) of
136 us, of which 27 us constitute the cyclic prefix (L=4). The uncoded data rate of
the system is 0.24 Mbit/s. We assume that the rms width is 1.,=/ sample (6.8 pus)
for the power-delay profile and the dopler frequency is fy=/00 Hz.

The proposed algorithm was tested for 100 Monte Carlo trials per SNR point
accross a range of SNRs (5-15 dB). The average SNR was defined as El
\H(nJ)PJENA(n k)]l 0. Since Ef|A(nk)’J=1 for QPS signaling and E[|H(nk)]]=1
for the normalized frequency response of the fading channel, the normalized SNR
simply becomes I/c°, where & is the variance of the complex white Gaussian noise
entering the system. The initial values of G™(n k)'s were according to (14). Root
Mean-square-error (RMSE) s defined as the difference between the matrices

"J(k»k')=
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G=[G(nk)] émd G=[ é(n,k) ], representing the true and the estimated values of

channel parameters, respectively . Namely,

_[§ i[c(n,k)-c;(ﬁ,,k))z

=0 k=0

RMSE =G -G

1In each trial, the RMS of the estimation error for the channel parameters were
recorded. In Fig. 1, we have plotted the experimental estimation RMS error as well

as the corresponding modified CRBs. Fig. 2 shows the estimation RMS error
experienced by the proposed technique at each iteration (SNR=10dB and SNR=20
dB respectively). Based on the experimental results, we made the following
observations:

_Since MCRB given by (18) provides an approximate bound, it is not tight
however it is much easier to compute. "

-For low SNR, the proposed approach requires more iterations to converge. 1t is
concluded from Fig2 that the MSE performance of the EM-based algorithm
converges within 3-10 iterations, depending on the SNR.

6. CONCLUSIONS

In this paper, we proposed an optimum channe] estimation algorithm for OFDM
~ systems. This algorithm performs an iterative estimation of the channel according to
the MAP criterion, using the EM algorithm employing M-PSK modulation scheme
with additive Gaussian noise. The discrete multipath channel was represented in
terms of a Karhunen-Loeve expansion which makes full use of time and frequency-
domain correlations of the frequency response of the time-varying dispersive fading
channel. A non-data aided estimation scheme was considered for time-varying
channel estimation by taking averaging over the M-PSK signal constellation. For
this, an EM algorithm is derived which estimates the complex channel parameters of
each sub carriers iteratively in frequency domain and which converges to the true
MAP estimation of the unknown channel. The algorithm is applied to the QPSK
modulated OFDM systems and efficiency of the algorithm proposed is shown by the

computer simulations.
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Chapter 1
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Abstract In this paper, first, a non-data-aided(NDA), maximum likelihood (ML)
algorithm is derived for the carrier phase offset in OFDM systems, em-
ploying M-PSK modulation scheme, in the presence of nondispresive
channels. It is shown that for sufficiently small SNE the ML phase
estimator obtained reduces to the familiar Mth order power synchro-
nizer which belongs to the class of NDA feedforward carrier synchroniz-
ers introduced earlier in the literature. Its mean-squared performance
is obtained analytically and compared with simulation results. Then,
a computationally efficient algorithm is presented for NDA maximum
likelihood (ML) carrier phase estimation of OFDM systems for trans-
mission over frequency selective channels based on the Expectation-
Maximization (EM) algorithm. For this, an EM algorithm is derived
which estimates the phase rotations of each subcarriers iteratively and
which converges to the true ML estimation of the unknown phases. The
algorithm is applied to the QPSK modulated OFDM systems and it is
demonstrated by simulation that the phase error variances of estimated
subcarrier phase rotations do not depend on the number of subcarriers.

Keywords: phase synchronization, OFDM systems,ML algorithm, EM algorithm
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1. Introduction

OFDM signaling is proven to be an efficient way to overcome the ef-
fects of fading channel and multi-path by dividing the frequency selective
channel into a number of sub-channels corresponding to the OFDM sub-
carrier frequencies. OFDM has already been accepted for the new wire-
less local area network (WLAN) standards (IEEE 802.11), ETSI High
Performance Local Area Network type 2 (HIPERLAN/2) and Japan’s
Mobile Multimedia Access Communication (MMAC) systems. The tech-
nique is recommended in BEurope for Digital Audio Broadcasting(DAB)
over satellite, it is also being adopted by EBU for terrestial digital video
broadcasting (DVB-T)transmission. OFDM is now being considered for
the fourth generation mobile communication systems.

When compared with single carrier systems, channel equalization is
less complex, and sensitivity to channel estimation and frame synchro-
nization error can be reduced. See (1] and [2] and the references therein.
However, OFDM systems are more sensitive to carrier frequency and
phase offset, caused by the mismatch of the oscillators in the transmitter
and the receiver, than single carrier systems. A time varying frequency
error not only disturbs the frequency orthogonality, but also makes sub-
carrier synchronization much more difficult to achieve and maintain [3],
[20]. For example, in the absence of additive noise, the frequency offset
must satisfy |e] < 1.3.10~2 in order to obtain an effective signal-to-noise
ratio of 30 dB or higher. Therefore, assuming that the symbol timing
has already been known, carrier and phase synchronization in OFDM
systems is one of the major tasks to be implemented.

A frequency offset estimate may be generated at the receiver with the
aid of pilot symbols known at the receiver [4], [5] or as in [6], by maximiz-
ing the average log-likelihood function. In [7) a data aided(DA)frequency
offset estimation algorithm is presented ensuring high speed synchroniza-
tion with negligible decoder performance degradation at a low implemen-
tation cost. Redundancy in the transmitted QOFDM signal also offers the
opportunity for synchronization. Such an approach is found in [8],[9] for
a frequency offset. Along with this approach, [8] describes a method of
using a correlation with the cyclic prefix to find the frequency offset and
the OFDM frame timing. However they make a Gaussian approximation
for data in deriving the maximum likelihood ratio and therefore the effect
of modulation of data symbols is ignored. In [10, 12] the frequency offset
is estimated and compensated by the technique based on the redundant
information contained in the cyclic prefix preceeding the OFDM sym-
bols. The paper extends the Van de Beek’s[8] method in several ways as
follows: 1) A maximum likelihood (ML) estimation algorithm is derived
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for frequency offset estimation in OFDM systems without any Gaussian
assumption for data symbols. ii) Its mean-squared performance is ob-
tained analytically and compared with simulation results. iiil) It is shown
that the derived estimator can work also in tracking mode as well as the
forward estimation mode. iv) A tracking algorithm is provided to track
the frequency offset and the symbol error rate(SER) degradation before
and after synchronization with estimated offset is also calculated for a
closed loop system

The OFDM carrier phase estimation is a part of OFDM channel es-
timation, which is widely known and treated in the literature. See [13],
[14, 15] and the references therein. As with frequency recovery, ML esti-
mation method plays a central role in carrier phase estimation. Various
approximation to the ML formulation lead to different phase estimation
techniques. This is also a consequence of many scenarios depending on
the specific modulation format and avaibility of data information. Phase
Shift Keying(PSK) is a popular modulation technique which is widely
employed in digital radio transmission. Optimum demodulation of PSK
signals requires that a phase coherent carrier be reconstructed at the
receiver. Assuming that the data is not available to the synchronizer,
non-data-aided(NDA) carrier recovery methods have been proposed in
the literature including classical M-th power loop [13, 16]

The main objective of this paper is to derive NDA ML estimation al-
gorithms for carrier phase in OFDM systems employing M-PSK modula-
tion scheme, suitable for frequency-nonselective and frequency-selective
channels [12, 11, 17, 18]. After a brief description of an OFDM system in
Section 2, Section 3 then considers the NDA ML carrier phase synchro-
nization maximizing the low SN R limit averaged over M-PSK signal
constellation. The mean-squared error of the estimator is also derived
analytically and its performance is compared with the simulation results
and is shown that the performance converges to the Cramer-Rao bound
with increasing SNR. In Section 4, a computationally efficient algo-
rithm is derived for the phase synchronization of ODFM systems in the
presence of frequency-selective channels via the Expectation Maximiza-
tion(EM) technique. Finally, Section 5 summarizes the main conclusions
of the paper.

2. OFDM Systems

The main idea behind OFDM is to gplit the data stream to be trans-
mitted into N parallel streams of reduced data rate and to transmit
each of them on a separate sub-carrier. These carriers are made orthog-
onal by appropriately choosing the frequency spacing between them.
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Therefore, spectral overlapping among the sub-carriers is allowed, since
the orthogonality will ensure that the receiver can separate the OFDM
sub-carriers, and a better spectral efficiency can be achieved than by
using simple frequency division multiplex. A typical block diagram of
an OFDM system is shown in Fig.1.1. During each mth OFDM symbol
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Figure 1.1. Raseband OFDM system, transmitting N-blocks of data

interval, the transmitted data symbols split by a serial-to-parallel con-
version block into N lower bit rate streams {ak, 2]:’01 each modulating a
sub-carrier. These sub-carriers are converted via an inverse FF'T proces-
sor into N time signals {sfn ,1::"01, and then a cyclic prefix of length L is
added to form a complete OFDM symbol. The cyclic prefix is generated
by copying the last [ samples of the OFDM symbol (N samples long)
and appending them to the beginning of the frame. Therefore, the effec-
tive length of the OFDM symbol as transmitted is N + L samples long.
The insertion of a cyclic prefix is an accepted means of avoiding inter
symbol interference and preserving orthogonality between sub-carriers.
The redundant information contained within the cyclic prefix enables
also the frequency offset estimation very effectively and without addi-
tional pilots. The rest of the samples of the OFDM symbol{/V samples
long) can be used effectively to implement the phase synchronization.
We assume that the N complex data being transmitted is derived from
M-PSK (M-ary phase shift keying) scheme and the channel noise is addi-
tive, white and Gaussian. The channel filtering is equally split between
transmitter and receiver and the over all channel response is Nyquist
in the absence of frequency offset as well as that the clock recovery is
ideal. Tt is known that excellent timing information can normally be
driven even with frequency errors on the order of 10-20% of the sym-
bol rate [19]. It is also shown in [20] that the guard time provided by
the cyclic prefix will eliminate the Intersymbol and interchannel inter-
ferences as long as the duration of the channel impulse response(the
Nyquist pulse) is smaller than the gnard time. At the receiver the data
are recovered by means of a DFT (Discrete Fourier Transform). As-
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suming that the OFDM frame and symbol timing synchronization have
already been achieved, the complex signal envelope of the received signal
obtained from the matched filter output for the mth OFDM syrmbol can
be expressed as

rm(k) = sm(k) + nm(k), m=12--, Lo (1.1)
where
{ s N=Loxp {§(2mek/N + $)}, k=01,...,L~1
sm(k) =

skl exp {j(2mek/N + ¢)}, k=L L+1,---,N+L-1
(1.2)
and sk s are the IFFT of the data sequence given by
N-1
st = (1/N) Z al exp(y2rkn/N), (1.3)
n=0
and o, denotes M-PSK symbol transmitted on the nth subcarrier during
the mth OFDM symbol, taking values in the set {ejz—z&r r=0,1,... M~
1}. eis the relative frequency offset of the channel (the ratio of the actual
frequency offset to the intercarrier spacing) and ¢ represents the chan-
nel phase offset. nm(k) is the complex envelope of the additive white
Gaussian noise with variance o2 = E{|nm(k)|*}.

3. ML Estimation for Phase Estimation in
OFDM systems

It is shown in [8] that, first L samples of each OFDM symbol are
sufficient to determine the carrier frequency offset estimate. Therefore,
assuming that the OFDM frequency offset synchronization have already
been achieved and compensated, the the rest of the N samples of each
symbol can be employed for the carrier phase synchronization. Under
the assumption that the frequency offset estimation is achieved perfectly,
the complex signal envelope of the received signal for the mth OFDM
symbol can then be expressed as

rin(k) = sm(k) + nm(k), m=1,2,..., Lo, (1.4)
where .
sml(k) = st/ kE=02...N—1 (1.5)

and sk ’s are the IFFT of the data sequence given by (1.3). In (1.5),
¢ represents the channel phase offset and ny,(k) in (1.4) is the com-
plex envelope of the additive white Gaussian noise with variance U%m =

E{n(K)[*}.




Consider now an observation vector r containing Lo number of OFDM
symbols each containing IV samples,

r = [rmry... rro)t
tm = [mm(0),rm(1) . rm (N — D7, m=1,2,... Lo.
Thus, from (1.4),(1.5) and (1.3), given ¢ and the data sequence {a™},

the likelihood function of the observed samples r can be expressed in
terms of the original data sequence and takes the form,

Ly N—-1N-—

L(¢, {am}) :exp{ 3 SN Z Re{ jQWnk/N&;xTr;e~j¢}}.

"mel n=:0 k=0
(1.6)

It is clear that, the term Rp(n) = Zk——o rm(k) exp(—j2mnk/N) in
(1.6) is the DFT of the observation sequence rm(k). Taking this into
account, {1.6) becomes

2 Lo N-—1
I(¢ {am}> = eXp{j\, 5 Z Z Re{ m(n>a e 945]} (17)

”m =1 n=0

Now, in order to get a log-likelihood function only depending on ¢,
expectation of (1.7) is to be taken first over the M-PSK data sequence
a?,. Taking then the logarithm of the averaged quantity yields,

Ly N-1 M~1

2
Al In{ — xp{ —=|Rm(n
= 2. 2 I ZO exp{ 7 ()
x cos(¢p + 2mr /M — arg R (n))}). (1.8)

By making same mathematical approximations, that are valid at low
SN R, the following log-likelihood function is obtained.

Lo N-1

= > Z In{Io((2/No2)| Ry (n)]) + ZIM(N Q{Rm(n)D
m=1 n=0
x cos[M (¢ — arg Rm(n))]}- (1.9)

Here, Iy and Iy are Oth and Mth order modified Bessel functions of
the first kind, respectively. The ML estimation of ¢ can be derived by
taking derivative of (1.9) with respect to ¢ and retaining the only lower
order term in the denominator as follows

A dA(¢)

Wig) = W = yesin M¢p — v, cos M ¢ (1.10)
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where,
Ly N-—1

Yo == Z Z Apm cos|M arg(Rm(n))], (1.11)

m=1 n==0

Lg N-1
Yo =53 Anmsin[M arg(Rm(n))], (1.12)

me=1 n=0
—2M I (5% | Bim ()
Io( 5z | Rm(n)])

(1.13)

Anm =

Then, setting Equation (1.10) to zero gives NDA ML estimate for the
phase offset
bz = — tan~1 (L) (1.14)
A M Yo' ‘
We now show that for sufficiently low SN R, the ML phase estimator
obtained above reduces to the familiar Mth power synchronizer (14, 15]
which belongs to the class of NDA feedforward carrier synchronizers
introduced in [16]. For SNR = 02,/02 = 1/(Na2) << 1,( (1.3) it
follows that o2 = 1/N for M-PSK data), Io(z) and I (2) in (1.13) can
be approximated as

(2/2)"
Ip(z) = 1, Tn(z) "_/_]\Z‘"‘

Using them in (1.13),(1.11) and (1.12), the phase estimate in (1.14)
can be expressed as

Ly N--1

buL = —]%/[— arg Z Z RM(n). (1.15)

m=1 =0

Hence, we have shown that also for OFDM systems the phase syn-
chronizers resulting from ML approach can be approximated for Mth
power synchronizer in the low SNR region.

3.1 Mean-Squared Performance of the Phase
Estimator

For the case of relatively small jitter the approximation of variance is,

-
Varlpu — ¢) = A7 Var[W(9)] = EW($)]

oaalr e (1.16)
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where the quantities A and W (.) are defined as follows [23].

_dn
B

_dF

W F(O = BW@) A% Flee

After some algebra, we drive the following expressions for A and
E[W?($)] whose details are given in the Appendix.

A = O%Mj\‘f;/%ﬁoé\/ff—lﬁ’ (1.17)
) - S@av Ay, (118)
where,
Q = —2M/(Nop)MM,
BlP| = M!(202)M§{:(M)—-—~—-—1 .
m e mi(202)™

So, substituting these results in (1.16), the final analytical expression
for variance of phase estimation is obtained as follows

. 1 oM M, oM
Varlpaur — ¢ = ToN {W > (h)mﬂ} : (1.19)

m=0

The variance is a function of symbol length N, number of observed
OFDM symbols Lo, number of levels of M-ary signaling and finally the
SNR(= 1/(No?2)). The performance of the estimator can be obtained
by varying any of these parameters.

Fig.1.2 shows the analytical variance of the phase estimator for, N =
256, Ly = 100,M = 4 as a function of observation length for different
values of SN R. Fig.1.2 shows that the performance improves in higher
SN R and higher observation length.

We note that the variance expression given by (1.19) is an extension
of the approximate variance formula appeared in ([21], Equation(14))
for M-PSK constellations. We also observe that the self noise is absent
and the performance of the NDA algorithm is basically the same as the
Cramer-Rao bound for moderate to high SNR. Similar observations
have been made in (8, 16].
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Figure 1.2, Analytical performance of MI. phase estimator as a function of observa-
tion length

3.2 Simulation Results for Phase Offset
Estimation

In order to evaluate the performance of the presented phase estimation
algorithm as well as to make some performance comparison, computer
sitnulations were carried out. The following parameters were selected
for this purpose: Total number of sub-channels N = 256; Number of
levels in M-ary signaling M = 4; Carrier Phase offset ¢ = 45; Length of
observation symbol Lo = 100,200. Only additive white Gaussian noise
is present.

The simulation was carried out over 1500 OFDM symbeols and the
phase estimation was obtained according to Equation (1.15). Because
of the low SN R assumption, simulation particularly covered the range
for 0 to 16 dB.

Fig. 1.3 shows the variance of estimator as a function of SNR, for
4-PSK signaling and for the observation length of 100 and 200. Ana-
lytical variance curves were also included in the same plot. From the
comparison of these curves, it is seen that there is an excellent agree-
ment between the analytical and simulation results. It is also observed
that the performance is better at higher SNR and longer observation
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Figure 1.3. Gimulated and analytical variance of ML phase estimator as a function
of SNR

intervals, as expected. Performance of the OFDM system as depicted in
Fig.1.4 was also determined in terms of symbol error rate (SER) plot
for different signal-to-noise ratio. To correct phase offset, a closed-loop
realization of the algorithms was carried out for a certain observation
interval. It is shown in Fig.1.4 that as variance of estimation becomes
better with higher SN R, the SER is also low under these conditions.
The curves almost coincides because of low variance of the estimator.

4. Phase Synchronization of OFDM Systems
over Frequency-Selective Channels via the
EM Algorithm

As mentioned in Sec. 1, OFDM signaling is proven to be an effi-
cient way to overcome the effects of fading channel and multi-path by
dividing the frequency selective channel into a number of sub-channels
corresponding to the OFDM sub-carrier frequencies. In the presence of
the nondispersive channels, the channel shift is identical for all carriers.
For this case, a nondata-aided(NDA) Maximum Likelihood(ML) estima-
tion algorithm was derived in Sec. 3 for carrier phase synchronization
in OFDM systems which maximizes the low SNR limit of the likelihood
function averaged over M-PSK signal constellation.
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Figure 1.4. SER performance of OFDM system with phase synchronization

On the contrary, the frequency selective channels or dispersive chan-
nels (e.g. the terrestial mobile channel) give rise to a phase shift which
is different for each of the modulated carriers in the OFDM signal. In
this case the phase synchronizer will estimate the phase rotation of the
useful signal on each carrier. Estimating these phase shifts by maximum
likelihood technique does not seem to be analytically intractable. Even if
the likelihood function can be evaluated offline, however, it is invariably
a nonlinear function of the parameters to be estimated, which makes the
maximization step (which must be performed in real-time) computation-
ally infeasible. In such cases, an iterative formulation of the parameter
estimation problem based on the expectation-Maximization(EM) algo-
rithm [22] can provide an implementable solution.

The main objective of this section is to investigate the use of the EM
algorithm to the problem of carrier phase estimation of OFDM systems
employing M-PSK modulation scheme for transmission over frequency
selective channels with additive Gaussian noise. The algorithm iterates
back and forth, using the current phase estimates to decompose the
observe data better and thus improves the next phase estimates. It was
shown that under some regularity conditions [22] the algorithm converges
to a stationary point of the likelihood function where each iteration cycle
increases the liklihood of the estimated phases. We consider here also
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the nondata-aided(NDA) carrier phase synchronization and show that
performance of the synchronization algorithm converges to the Cramer-
Rao bound with increasing SNR.

4.1 Phase Estimation in OFDM systems with
EM algorithm

Assuming that the OFDM symbol timing and the frequency offset
synchronization have already been achieved and compensated, and that
the OFDM signal is transmitted over an AWGN channel, the complex
signal envelope of the received signal for the mth OFDM [rame can be
expressed as

rm(k) = sm(k) + nm(k), (1.20)
m=1,2,...,L and k=0,1,---,N —1. where
N=1
sm(k) = (1/N) Z al | Hy| exp(j0n) exp(j2mkn/N). (1.21)
n=0

Here, {a?,} denotes M-PSK symbols transmitted on the nth Subcar-

rier duung the mth OFDM frame, taking values in the set {e] M7=
0,1,...M—1}. |Hy,| and 8, represent the samples taken from the amph-
tude and the phase spectra of the frequency selective channel, including
the influence of a pulse-shaping filter in the system( e.g. Nyquist filter),
and 1., (k) is the complex envelope of the additive white Gaussian noise
with variance 02 = E{|nm(k)[*}.

Consider now an observation vector r containing Lo number of OFDM
symbols(frames) each containing IV samples,

r=[rirg.. . rrgl,
T = [P (0), (1) oo, P (N = YT, m=1,2,...Lg

where 7 (k) for samples k = 1,2... N in mth frame is given by (1.20).

Thus, from (1.20) and (1.21), given 6 = [fg, 61, - -,0n-1] and the data
sequence a = {a?,}, the likelihood function of the observed samples can
be written as [20],

Ly N-1

p(rla,8) =~ exp |c Z Z |Hn|Re{ Ry (n)ale 7%} . (1.22)

m=1 n=0

where ¢ 2 2/No? and (*) denotes complex conjugate. The term Rm(n) =

i\r 01 rm (k) exp(—72mnk/N) in (1.22) is the DFT of the observation se-
quence T,(k). We assume the channel gain parameters, [Hyl, to be
known at the receiver.




Feedforward NDA Phase Synchronization Techniques for OFDM Systems 13

For the comparison of the results obtained later we now give the
Cramer-Rao lower bound [20] on the variance of the estimation error,

E {,Hn - éniz] as follows

E[l@nfgnﬂ > n=01, - N-1, (1.23)

o
[HL)2 Lo’
where Lq denotes the number of symbols per carrier within the observa-
tion interval.

The EM Algorithm

The key element of EM algorithm is to replace the maximization pro-
cess of the likehood ratio over the parameters to be estimated with an
iterative maximization of the new objective function

Q(016") = Fa {log p(r|a, 0) x p(r]a, 6%)}
where 6% is the estimation of 6 at the ith iteration. Referring to x = (r,a)
as the complete data, Q(0]60") may be viewed as a smootehed version of
the complete-data loglikelihood. Given initial estimates 69, the ithe it-
eration of the EM algorithm is described by
1. Expectation step (E-step): Compute
Q(016°) = Fa {logp(rla, 0) x plrla, 6},

It can be shown that

N~—1
Q(010%) = 3 |H.| [7;(1", 0" cos 0, + 5 (r, 6%) sin gn} . (1.24)
n=0

where

Lg
wwwzﬁ{zmwmwmwmw} (1.25)
me=1

m=1

Lo
4(r,07) = Fa { > Im[Rm(n)any] x plrla, Qi)} - (1.26)
2. Maximization Step(M-Step): Solve

! — arg max Q(6]6%).
gHE@Q( 16°)




14

Performing the maximization step, we obtain the recursion

O = arg v(r, 6%), (1.27)
where ' . _
y(r,6") = 7°(r,0) + j7°(x, 6°) (1.28)
and
c i - c 3 cf i c i T
B (I‘,G) - {’70(1‘98)7{71\1‘:0)7'“77NA1(Y>9>} s
) . 5 AT
e 0) = [8(r,69),%5 (0,89, i (r,6)]

Computation of v2(r,0%) and 5 (r, 6
From (1.22) and (1.25), 7E(r@") can be expressed as
Yil(r,07) = Fa [Z Re{ By }
X exp (cz > \HllRe{Rs(l)a”m*e”jQ?g}
)

= > Ea[Re{Rmay;

X exp (c[Hniﬁe{Rm(n)&ﬁf eujgi‘})]

X H H E {exp <ClHllRe{RsU)a’TZ‘e“j@Z‘}ﬂ

5¢Sm l;én
(1.29)
from which we can easily obtain,
Y¥o(r,6%) =
Fa [Re{ Rmais ) exp (¢l Hn| Re{ Rm(n)ajire ™%}
Ky — ( ) (1.30)

o E, [exp (clHn}Re{Rm(n)aﬁje’j@%}ﬂ

Using the same steps as above, we also obtain a similar expression for
~i(r,8") as follows:
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vi(r, 0%) =
Ea {]m{RmaJ;‘f} exp (ciHane{Rm(n)a%*eﬁ@%})}
- Eq exp (clﬂnme{Rm<n)ag¢e~j@a}ﬂ

sy

where the constant K is defined as
K= H H E, {exp (cIHl[Re{RS(Z)agje“ﬁ’f}ﬂ
E

and it is immaterial since it is canceled when taking arguments in (1.30)
and (1.31).

4.2 An Example: Phase estimation for QPSK
Signaling

We first obtain an exact analytical expression for 15 (r, 8%) and 73 (r, 6%)
as follows. If a?, = (+1 & j) represents independent identically dis-
tributed data sequence modulating the QPSK carrier, the expectation
in the numerator of (1.30) can be evaluated as follows:

E, ClHn | Re{ B (n)anre~i0h} _
E, { Ec{H,n,[(X.:‘,,,@)Re{a:;}Hﬁ (n) Im{a;,g})} (1.32)
where
Xi(n) £ Re{Rm(n)e %)
Yin) & Im{Rm(n)e %)

Then, taking expectations in (1.32) with respect to the data sequence
after taking into account the fact that the Re{aj,} and Im{a7,} are
independent random variables taking values &1 with equal probability,
it follows that

B eCHHn | Re{ R (n)aly] eithy
& punasy

cosh (C}Han,fn(n)> cosh (¢ HalYs(n))

In a similar way, the expectations of the denumerators of (1.30) and
(1.31) can be evaluated yielding,
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Ea [RE{Rm(n)a%}6C1HnER€{Rm(n *J‘”‘}]

Re{Rm(n)}smh( [Ha XE (n )> cosh (c[HMY,Mn))
+Im{ R (n)} sinh (c[HnlYTfm(n)) cosh (c]HniXin(n))

and, ’
Ea {Im{Rm(n)CL?: }ecianRe{Rm(n)ar,:e'ﬂ’?«}} =

Im{Rm(n)}smh( | Hy| X3 () ) cosh <c{H Y2 (n ))
—Re{Rm(n)}sinh (cmnty;;(n)) cosh (qu;‘n(n)) .

Finally, substituting these results in (1.30) and (1.31), we have

Lo

(5,6 = 3. Re{Run(n)} tanh (c|Hal X5, (n))

me==1

+ Im{ Ry (n)} tanh (C;HMY;(TL)) (1.33)

and

Lo
8 = Y Im{Rm(n)} tanh (c[Ha| XF(n))

m=1

— Re{Ryu(n)} tanh (c}Hn{an(n)) ‘ (1.34)

Tt can be shown from (1.33) and (1.34) that (1.28) can be expressed
as

Yulr, 0%) = %i(r 0%) + jys(r,6%)
= ZRm )T (n (1.35)
where,
I (n) = tanh (C[Hn1an(n)}> +jtanh (| HalYii(m)),  (1.36)

and R (n) was defined earlier as the DFT of the observation sequence
rm(k),k =0,1,---, N — 1 as follows:

Z ren (k) exp(—j2mnk/N).
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We now give a brief summary of the final EM algorithm which esti-
mates the phase vector 8. Given an observation sequence T, the channel
gain parameters |Hy| and the signal-to-noise ratio,

1 Set ¢ = 0 and choose the components of the initial phase vector,
0% = 168,69, ,6%_,]", independently from a uniform distribu-
tion on (—m, ).

2 Compute A/(r7 60) = [70(1‘7 00)> ’Yl<r> 90>’ T 7()'1\]—1(1‘)7 90)}Y1> where
Yalr,0°) = 75 (r, 0%) + 7 (r, 0°)

and the quantities 75 (x, 6°) and v (r, 8°) are computed from (1.33)
and (1.34), respectively.

3 Compute 0771 = [0571, 67T, - L0517, from (1.27).

4 Compute ~(r, 6t1) and go to Step 3. Repeat until the algorithm
converges, in which case the last phase estimate is produced as the
ML estimate.

1t is now instructive to consider the two extreme cases of high and
low SNR. For high SNR (02 — 0) we may approximate

tanh(z) ~ sign(z)
to obtain ', (n)

I (n) = c|Hylsign (X}'ﬂ(n)) + je|Hlsign (y,;(n)) ‘ (1.37)

It is very interesting to observe from (1.35) and (1.27) that for high
SNR case, the EM algorithm becomes independent of both the signal-to-
noise ratio and the channel gain parameters. This reduces the compu-
tational complexity of the algorithm and removes the need to estimate
also these parameters separately.

For small SNR(c? >> 1), we may approximate

tanh(z) &~ ¢ — 2°/3
to obtain

I () = c|Hal Rn(n)e 1% (1 - §c2;f1n12Rm<n)e~j295»-)
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from which the recursion in (1.27) can be computed as
. . Lo 1, o
G =gt arg S Rl (1 - ~c“§Hn§2Rm(n)e‘729“> .
me=1 3
From the above, it follows that for low SNR case, the EM algorithm
depends both on the signal-to-noise ratio and the channel gain parame-
ters.

4.3 Simulation Results

We now present simulation results with EM algorithm for carrier
phase estimation OFDM systems operating over dispersive channels.
The dispersive chanel is chosen as a multipath Rayleigh model which is
suitable for wireless systemns operating at the outdoor dispersive environ-
ment. We assume that the channel response is only slowly time varying
with respect to the OFDM symbol period. That is, it is assumed that
the channel is quasi-stationary and its impulse response stay constant
throughout all of the Lo OFDM symbols. Note that this assumption is
realistic for high bit rate OFDM systems, such as those being planned for
terrestial digital video broadcasting services in which the time selectivity
can be neglected for several consecutive OFDM blocks [24]. In general,
however, the validity of this assumption should be checked against the
value of the Doppler bandwidth Bp of the multipath fading channel
normalized to the Ly OFDM block blocks rate 1/LoNT. As a rule of
thumb, the multipath channel can be considered stationary within Lg
blocks if BpLoNT < 0.01.

The following multipath model was employed for the channel impulse
response for the duration of Lo OFDM frames,

Ky
h(t) = ZAi(S(t —Ti)s A; = pe? (1.38)
=1

where p; and f; are the amplitude and phase of the path associated with
the delay 7; and K, is the number of paths. The random variables {A;}
are zero-mean complex-valued Gaussian and are mutually independent.
The random independent delays {7;} are generated so as to provide an
exponential power delay profile with an average delay 74, and a maxi-
mum delay Trmaz. As an example, we adopted the same parameters values
for the quasi-stationary channel model as employed in [24]: K, = 30,
Tow = 518, and Tmes = 20ps. The values of {7}, {0:} and {pi} for the
channel are listed in Table 1.1. We assume in our simulation that the
information bits are mapped onto QPSK symbols. The symbol inter-
val is chosen to be T = 0.167us, corresponding to a symbol rate of 6
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Mbaud. Finally, in the simulations, the number of subcarriers is chosen
as N = 1024 or N = 2048. The actual phases 6 = [00,(91,---,9N_1]T
and the amplitudes H = {|Hol, | H1l, -+, IHN“MT were determined from
the samples taken from the amplitude and the phase spectra of the dis-
persive channel whose parameters are given in Table 1.1. That is

\Hy| = H(k/NT), 6y = arg(H(k/NT)).

First, we have run extensive computer simulations to check the sensiv-
ity of the EM algorithm to the initial starting point scanning wide range
of SNR values and for different values of Lo. We have selected all NV ini-
tial phase values randomly from an uniform distribution in (=, 7). Our
main conclusion is that the algorithm converges within the Cramer-Rao
lower bound to ML estimates of all the unknown parameters, regardless
of the initial guess.

Secondly, our simulations have revealed the fact that the estimation
error variances of each of the phases are equal to each other and are
independent of the channel gains, |Hy| and the number of sub-channels,
N for wide range of SNR values. This implies that the EM method
iteratively decompose the observe signal and estimate the parameters of
each signal components separately leading to a numerically as well as
statistically stable algorithm.

Fig.1.5 presents the simulation results of the phase error variance ver-
sus SNR, for different values of Lo, the number of symbols per carrier
within the observation interval. In simulations, we applied the EM al-
gorithm summarized in Sec.4 and set the starting point for the initial
phases to zero. As seen in Fig.1.5, the variance of the estimation error
of each phase value converges to the Cramer-Rao bound for SNR values
greater that 10 dB. Figs. Fig.1.6 and Fig.1.7 show, for Lo = 50, several
phase-error variance curves each corresponding to a different number of
iteration varying from 1 to 5. We see that for SNR values greater that
10 dB, the algorithm converges to the Cramer-Rao bound after first it-
eration. For SNR values less than 10 dB the convergency is reached in
at most three iterations.

5. Conclusion

In this paper, we have presented several feedforward carrier phase syn-
chronization algorithms for OFDM systems. First, maximizing the low
SNR limit of the likelihood function averaged over M-PSK signal con-
stellation, an NDA ML phase estimation algorithm has been derived for
OFDM systems operating over nondispersive channels and their mean-
squared performances were determined analytically as well as by com-
puter simulation. It was shown that there is an excellent agreement
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between the analytical and simulation results. Tt was concluded that
for sufficiently small SN R the ML phase estimator obtained reduces to
the familiar Mth order power synchronizer which belongs to the class of
NDA feedforward carrier synchronizers introduced earlier in the litera-
ture. We observed that the resulting algorithm generates very accurate
estimation even when the phase offset is high, self noise is absent and
that the performance of the NDA algorithm is basically the same as the
Cramer-Rao bound for moderate to high SNR.

We have then obtained a computationally efficient algorithm for ML
carrier phase estimation of OFDM systems employing M-PSK modu-
lation scheme for transmission over frequency selective channels with
additive Gaussian noise, based on the EM algorithm. We considered the
non-data-aided(NDA) carrier phase synchronizer and derived an EM
algorithm which estimates the phase rotations of each subcarriers iter-
atively and which converges to the true ML estimation of the unknown
phases. The algorithm was applied to the QPSK modulated OFDM
systern and demonstrated by simulation that the algorithm converges it-
eratively to the exact ML estimate of all unknown phase simultaneously
where each iteration increases the likelihood. It was concluded that most
of the time the convergence is achieved in maximum two iterations and
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the convergence is independent of the initial stating points and of the
number of the parameters to be estimated.

Table 1.1. Parametérs of the Channel Model

i | Delay 7; | Amplitude | Phase 8;
(ms) p; (deg)
1 0.0120 0.4213 5.9010
2 0.2892 0.1543 0.2147
3 0.5593 0.4401 3.8968
4 0.6919 0.4380 4.6862
5 1.0266 0.1864 4.4331
6 1.2347 0.0669 1.1484
7 1.3056 0.0809 4.0282
8 1.9643 0.1647 3.3214
g 2.0906 0.1503 4.0649
10 2.3076 0.1714 3.8432
11 2.3907 0.1289 2.8815
12 2.8962 0.2123 2.8152
13 3.7334 0.3531 5.0859
14 3.7415 0.0982 6.2326
15 3.7630 0.0808 0.7662
16 4.0452 0.1157 5.6671
17 5.4348 0.2199 2.3719
18 5.5246 0.2016 6.0266
19 5.9653 0.1228 5.1854
20 6.6460 0.2004 1.1537
21 6.8295 0.2102 1.3142
22 7.5086 0.2630 4.4436
23 7.9602 0.1199 6.0964
24 8.2400 0.3210 5.0876
25 8.8824 0.1907 1.4835
26 9.7827 0.2379 4.7438
27 | 10.1142 0.1800 0.13986
28 11.1587 0.2539 1.8221
29 17.6513 0.2767 1.7052
30 18.3765 0.1208 53582 |
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Appendix: Derivations of A and E[W? ()]

In Sec. 3.1, the slope A was defined as A = dE{W’(qg)/d(Z)ld;:(j). From (1.10), it
follows that
E[W($)] = Elve) sin M — Elvs] cos M¢. (1.A.1)

From (1.11)and (1.13}, it follows that

Lo N-—
Ely] = ZZ MM‘Re{E{R,,A,{(nm

m=1 n=0
Now, recalling,
N-—~1 N-1
-j2nnk N - n. n
Rm' <n) = Z Tm<l€)€' s/ = L E'Jw!is,m(k;) + n”‘(k)]e 7 o= 8 (a‘n:L + Nm)
k=0 k=0

(1.A.2)

we have,
M

EIRM ()] = &M B+ No)™ = MBI+ () Een) BN = 1.
1==0

From the expression of MPSK symbols, it can be easily shown that El(al)] =1
if | = M,2M, .. and since the noise is zero-mean complex Gaussian, it follows that
EI(NZ) =0 for all I # 0. As a result,

Lo -
—2M .., —2Locos Mg
")/c Z Z (N M,M COSJ’V[Q’) s mm
m=1 n=0
Similarly,
—~2Losin Mé¢
NM-TgZM (M~ 1)

Byl =

Putting these expressions in (1.A.1) and taking derivative with respect to é and
setting ¢ = ¢, the final result for A is obtained, as given by (1.17).

Derivation of E[W?($)]
From (1.10} it follows that

B2 @) = LB + 73]~ 5Bl — 12 cos 2M$ - Blyer sin2M
We now compute E‘p/f ++%], El? - ~2] and E{v.vs] as follows.

From expressions of vc,vs and Q given by (1.11), (1.12) and (1.18),respectively,
we have

Lg N—-1 Lg N-1
ve=3 ST QRe[RN (M), = D QIm{Ry(n)]
m=1 n=0 mexl n=0

from which it follows that




Lo N—1 Lo N-1

Pa? =@ N ST SRR ()R ) (1.A.3)

m=1 n=0 i=1 y=0

Similarly,
Lo N—-1 Lg N-1
2et=@ Y N D {RRIMBY (), (1.A.4)
m=1 n=0 =1 5=0
and,

Lo ~1 Lg N-1

e = QY ZZZR@ (RY (n)] Im[RY! (4)). (1.A.5)

m=1 n=0 i=1 j=0
From (1.A.2) it follows that
E{RN (n)R;™ ()} = E{lan + Na)™ [aj* + N7},
After some algebra, it can be shown that
E{lal, + N:PMY = E[P) fn=tandm=7
B{lan+ NI lay +N7 ) = {

1 otherwise.

(1.A.6)
Using these results in (1.A.3) yields,
Elv2 4+~ = Q°LoN (E[P} = 1+ LoN).
Similarly, to compute E[v2 — 2], we note from (1.A.2) that

B{RY () RY(5)) = &2 B{lan + N2 laj + ;1)

and it can be shown that for all ¢, 7,7 and m,
E{lap, + Np)Maf + NiMY = 1.
Using these results in (1.A.4) yields
Ely? =42 = Q*LEN?Re{e"™?} = QLN cos 2M .
Finally, to compute Efyevs] it can be shown in (1.A.2) that for all 7, j,n and m,
B{Re(RY () Im{R )]} = 3 BUIm{F ()]} = 5 sin2M9
Substituting this in (1.A.5) yields

1
Elyeys] = ngL(z;Nz sin 2M ¢
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Computation of E[P)

The quantity P is defined in (1.A.6) by

fod ]@:’n "i* 17\’7::,[2]%'

i2nr

Here, ale{e ™ 7 =0,1... M — 1} with i.i.d distribution and

N-1
NP = Z n¥, exp(—j2rkn/N).
k=0

Since n¥, has distribution of N(0,02), N& has distribution of N(0,No2). Let,
= |al, + N[|. Probability density function of V is given by [25], as follows.

p(V) = G 5 10 (),

o?

where ¢” = NCW,ZL/Q. Therefore,

R 0 y2M4l y2
E(P] = E[V*M] :/ Y e, <Y§) av.
o 22

P
Using the integral formula,

©a? mo1 ), m b
o ymlp (be)ds = —22 M 1, 2
/0 et holba)de = 5 oEM(T L g,

we have
1

B[P = ¢ 57 M\(20) M M(M + L153), (1.A7)
where M(a,b,c) is the M-function and is defined as,
M(M+l,1,212) 7 M(— M,l,~§~cl;5):e§§7[,§8)(—§§5).
Here, Lg\g) is the Laguerre function defined as,
(0) 1 < m M l
Ly (~55) = ZO<~1> (t—m) W Zu W

Using these expressions in (1.A.7), the final result for E[P] is obtained

M
1

E[P) = M}(25°)" Z(fﬁ)m

=0
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Channel Estimation for Space-Time Block Coded OFDM Systems
in the Presence of Multipath Fading
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Abstract— In this paper, a computationally efficient, non-
data-aided maximum a posteriori(MAP) channel estimation algo-
rithm is proposed for orthogonal frequency division multiplexing
(OFDM) systems with transmitter diversity using space-time block
coding. The Alamouti’s transmit diversity scheme with two trans-
mit antennas is employed here and generalized for OFDM sys-
tems. The algorithm requires a convenient representation of the
discrete multipath fading channel based on the Karhunen-Loeve
orthogonal expansion and estimates the complex channel param-
eters of each subcarriers iteratively using the Expectation Maxi-
mization(EM) method, which converges to the true MAP estima-
tion of the unknown channel. An analytical expression is derived
for the Modified Cramer-Rao lower bound of the proposed MAP
channel estimator. The performance is presented in terms of the
mean-square error for a system employing QPS signaling.

I. INTRODUCTION

Orthogonal frequency division multiplexing (OFDM) has re-
cently emerged as an attractive and powerful alternative to con-
ventional modulation and multiple access schemes for achiev-
ing the high bit rates required for a wireless multimedia service
[1]. In OFDM, the entire channel is divided intc many nar-
row sub-channels, thereby enabling high data rate transmission
in time-dispersive channels with relatively low-complexity. On
the other hand, the dispersive property of the wireless channel
causes deep fades for those subchannels. Hence, diversity tech-
niques have to be used to compensate for the frequency selec-
tivity. Transmitter diversity is an effective technique for com-
batting fading in mobile in multipath wireless channels. More
recently, space-time coding has been developed for high data-
rate wireless communications [2]. In [3], space-time coding
with OFDM has been studied. However, decoding of space
time codes requires channel state information, which is usu-
ally difficult to obtain. The work in [3] assumes ideal channel
state information. Recently, Alamouti proposed a remarkable
transmit diversity scheme for transmission using two transmit
antennas [4]. This scheme has been generalized later in [5] to
an arbitrary number of transmit antennas and is able to achieve
the full diversity promised by the transmit and receive antenna.
The orthogonal structure of these space-time block codes en-
able the Maximum likelihood decoding to be implemented in a
simple way through decoupling of the signal transmitted from

This work was supported in part by the Turkish Scientific and Tehnical Re-
search Institute (TUBITAK) under Grant 100E006.

different antennas rather than joint detection. As will be shown
in the following sections, the space-time block coding make the
channel estimation quite easy.

In this paper we apply the method of Siala [6] to the esti-
mation of multipath fading channels for OFDM systems with
two-transmitter diversity proposed first by Alamouti. The al-
gorithm is based on a non-data-aided iterative channel estima-
tion according to the maximum a posteriorilMAP) criterion,
using the Expectation-Maximization (EM) algorithm [8]. It
uses profitably not only pilot symbols but also information-
carrying symbols on the optimization of the channel estimation.
It requires a conventional representation of the fading channel,
based on a discrete Karhunen-Loeve(KL) orthogonal expansion
of the discrete multipath channel seen by the OFDM receiver.

II. ALAMOUTI’S TRANSMIT DIVERSITY SCHEME FOR
OFDM SYSTEMS

In this paper, we consider OFDM systems with transmit-
ter diversity using a space-time block coded transmit diversity
scheme first proposed by Alamouti [4]. We describe the scheme
with 2 transmit and 1 receive antennas to provide a diversity of
order 2. Note that, the method can be easily extended to the
more general orthogonal space-time block coded systems in-
troduced by Tarokh et.al. involving more than two transmit and
one receive antennas. The Alamouti’s scheme can be general-
ized for OFDM systems with two antennas transmitter diversity
as follows.

At each time slot n, the data symbols Aj{n, k),l =1,2;k =
0,1, --, N — 1, modulated by the kth subcarrier(tone)during
the OFDM symbol time T, are simultaneously transmitted
from the two antennas { = 1, 2. They are assumed to have unit
variance and be independent for different k’s and n’s. Since the
phase of each subchannel can be obtained by the channel es-
timator, coherent phase-shift keying(PSK) modulation is used
here to enhance the system performance. The wireless channel
is assumed to be a quasi-static so that path gains are constant
over a frame of Lf,qm. and vary from one frame to another.
The channel frequency response for the kth tone corresponding
to the 4th transmitter antenna and the receiver antenna is defined
to be channel attenuations Hy(k),l = 1,2; £ =0,1,---,N—1.
The attenuations on each tone are given by [7]

Hy(k) = H(k/NT,), k= 0,1,---,N — 1,



where H,(.) is the frequency response of the channel hy (t) be-
tween the [th transmitter and the receiver. They are correlated
samples, in frequency, of a complex Gaussian process.

For the kth tone, Alamouti’s encoding scheme maps every
consecutive symbol A(2n, k) and A(2n+1, k) to the following
2 X 2 matrix:

space —
fime | | ACHE) A(2n +1,k) (1
vme —A*(2n+1,k)  A*(2nk)

whose rows are transmitted in successive time intervals with
the first and second symbol in a given row sent simultaneously
through the first and second antenna respectively.

Since the Alamouti’s two branch transmit diversity
scheme with one receiver is employed here, for n =
0,1,2,---, Eﬂg—"—g —~ 1 (Lframe is even integer.) each pair of
the two consecutive received signal can be expressed as

R(2n,k) = A@n,k)Hi (k) + A(2n+1,k)Ha(k)
+ W(2n,k)
R2n+1,k) = —A*(2n-+1,k)H (k) + A™(2n, k)Ha(k)

+ W(en+1,k) )
where W(2n, k) and W{2n+ 1, k) are independent samples of
an additive Gaussian random variable with variance o2, repre-
senting the additive white Gaussian noise entering the system.

If the received signal sequence is parsed in blocks of N tones,
R(2n) = [R(2n,0),- -, R(2n,N — 1)]T and R(2n + 1) =
[R(2n+1,0),---, R(2n + 1, N — 1)]T, (2) can be expressed
in vector form as

R(2n)
R(on+1) =

A(2n)H, + A(2n-+ 1)H, + W(2n)

i

where A(2n) and A(2n + 1) are an N x N diagonal matrices
with A(2n)[k, k] = A(2n,k) and A(2n + 1)[k, k] = A(2n +
1, k) respectively. H; = [H;(0),- -, Hi(N —~ 1)]¥ denotes the
channel attenuations for the NV tones between the Ith transmitter
and the receiver. Finally, W (2n) and W(2n+1jarean N x 1
zero-mean, i.i.d. Gaussian vectors that model additive noise in
the IV tones.

Equation (3) shows that the information symbols A (2n) and
A(2n + 1) are transmitted twice in two consecutive time in-
tervals 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 define, R =
[RT(2n) RT(2n + 1)]” and write (3) into a matrix form

=AH+W C))

where H = [HT HI)T, W = (W7 (@2n) WP (2n + )T

and
A(2n) A(2n+1) }
At(2n) |

A=l 4 n+ )

&)

Obviously, channel estimation is very essential for decoding
space-time codes. In the absence of channel state information,
decoder must estimate the channel states and there has been
extensive affords in the direction of channel parameter estima-
tion. In this paper a novel channel estimation algorithm is pre-
sented by representing the discrete multipath channel based on
the Karhunen-Loeve orthogonal representation and make use of
the Expectation Maximization technique.

I11. REPRESENTATION OF DISCRETE MOBILE RADIO
CHANNELS

The complex baseband representation of a mobile wireless
channel impulse response can be described as [7]

=2 lt)d

where 7; is the delay of the ithe path and o (¢) is the corre-
sponding complex amplitude. Due to the motion of the vehicle,
a;(t)’s are wide-sense stationary narrowband complex Gaus-
sian processes, which are assumed to be independent for differ-
ent paths. The correlation function of the frequency response
of the multipath radio channel for different frequencies is

(r =)

(6

r(f, f1) = EIH(N)H* ()] )
where H(f) = [T n(r)e 27 = 3, cvje~2mIme,
It can be shown that
r(f,f") = ohri(f—f") ®)
ri(Af) = (1/o%) ZUQ IEmAS

G )where o? is the average power of the ith path and 0% is the total

average power of the channel impulse response.

~A"(2n+ 1)H;, + A*(20)Ha + W(2n + 1) gor an OFDM system with subchannel spacing A f, the dis-

crete correlation function for different blocks and subcarriers
defined by r(k, k') = E[H(k)H*(k')] can be written as

r(k, k) = o4ra(k, k),

where r, (k, k') = v, ((k = E")Af).

Discrete frequency response vector of the wireless channel,
H,, | = 1,2 between the antenna [ and the receive can be ex~
pressed as

bk =0,1,--- N=1 (9

H, =V G, (10)

where the random variables G, | = 1,2 is an N x 1 zero-
mean iid. Gaussian vector with Gi(k) = G;(k) whose co-
variancce matrix is A = diag{Ag, A1, -+, Ay—1). The vari-
ances of the components of G, arranged in decreasing order,
are equal to the eigenvalues A; of the Karhunen Loeve(KL)
transformation with the orthogonalized eigenfunctions ¥ =
[, 11 -+, 4P ] of the discrete channel autocorrelation ma-
trix r defined as

r = EB{H H"}

which satisfies r1p; = Ajah,.

an




IV. EM-BASED MAP CHANNEL ESTIMATION
A. Channel Estimation

The MAP criterion is used in the fading channel as seen at
the FFT output of the OFDM receiver since the joint probabil-
ity density function of the random variables are known by the
receiver and can be expressed as

(@) ~exp(-GFATIGY), 1=1,2. (12)

Given the transmitted signals A as coded according to Alam-
outi’s scheme and the discrete channel representations G =
[GT,GI17 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|A, G) ~ exp [~(R _ATG)TE YR - A@G)}
(13)

where 3 is an 2N x 2N diagonal matrix with B[k, k] = o2,

fork=10,1,---,2N — 1 and

= v 0
¥ = { 0 o } . 14

The MAP estimate G is given by
G= arg max p(G|R). (15)

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 conditional
pdf in (15) is guaranteed. The monotonic increase is realized
via the maximization of the auxiliary function

QGIG™) =3 " p(R, A, G)log p(R, A, GI™)
A

(16)

where sum is taken over all possible transmitted data coded sig-
nals and G{™) is the estimation of G at the mth iteration.

Note that p(R, A, G) ~ p(R|A,G)p(G) since the data
symbols A = {A;(n,k)} are assumed to be transmitted in-
dependent of each other and identically distributed and the fact
that A is independent of G. By similar argument, we have
p(R, A, G'™) ~ p(R|A, G™)p(G™).

Therefore, (16) can be evaluated by means of the expressions
(12) and (13). ‘

Given the received signal R, the EM algorithm starts with an
initial value G of the unknown channel parameters G. The
(g + 1)th estimate of G is obtained by the maximization step
described by

Gt = arg max QIG|GY).
After long algebraic manipulations the expression of the reesti-

mate GL(QH) (I =1,2) can be obtained as follows:

Gty (T+3A7) 1w [0 R(2n)

H@
PZ

|

R(2n + 1)}

GEY = (T4 SAT) e DV R(n)

l

" Ron + 1)] a7

where it can be easily seen that
(I+ZA™Y ! = diag[(1+02/20) 7Y, -+, (1402 An_1) 7Y

and I'f in (17) is an N x N dimensional diagonal matrix repre-
senting the a posteriori probabilities of the data symbols at the
gth iteration step whose kth diagonal component is defined as

T7(k) = > a"P(A(2n,k) = a1, A(2n-+1, k) = az| R, G9)

a€Sy
(18)
and Sk denotes alphabet set taken by the kth OFDM symbol.

B. Initialization

In order to be able to choose good initial values for the un-
known channel parameters and to ensure a fast start up in the
equalization/detection operation following the channel estima-
tion process, the Npg data symbols {A(2n, &)} A(2n + 1,k)
for k € Spg, in each OFDM block are generally used as pilot
symbols known by the receiver.

Here, Spg denotes the set of pilot symbols indices. Note
that, Npg > L in order to identify the channel. When N is
large, however, this does not create a significant degradation
in spectrum efficiency since L, the number of prefix symbols,
takes small values with respect to the total number of subcarri-
ers carrying the data. To interpolate the channel estimates, ini-
tially, there exist a minimum subcarrier spacing, [gc, between
pilots given by lgc < 1/7Tmaqe, Where Ty, is the maximum
delay spread of the channel in the frequency domain. Therefore
for PSK modulated alphabet set, the initial value of the chan-
nel parameters GEO) { = 1,2, can be selected according to the
following data-aided scheme.

Let D? denote an Npg x 1 vector with Di{k] = Hy(k),
resulting the channel attenuations at frequencies k/NT, for
k € Spg. Using 2Npg pilot data symbols in the successive
two OFDM blocks, &k € S pg,/\the linear minimum mean-square
error (LMMSE) estimate of Dy is given by [7]

Dy =w,A,¥7H, (19)
where W, is an unitary matrix containing the eigenvectors of
the Npg x Npg dimensional channel covariance matrix rp, with
rolk, k') = r(kK), kK € Sps. A, is an diagonal matrix

with entries 1

1+ fo? e
where, 111’s are the eigenvalues of r, and,

B = E{|AMK)}E{I1/A(K)I*}

P



is a constant depending on the signal constellation [7]. In the
case MPSK signaling, 8 = 1. Then, given Npg channel attenu-
ation samples H7 [k}, k € Spg, the complete initial channel at-
teration sample values Hp (k), k = 0,1, -, N — 1 can easily

be determined using an interpolation technique, i.e., Lagrange

interpolation algorithm. Finally the initial values of Ggo)

be determined as follows

can

GO =wiH? =01

Taking the pilot symbols into account, the final expression of
Ggq“) can be expressed as follows:

GO = (1+zA) e [VIOR(n)
- VI R@n+1)]
Gt = (L4 3AH) e [VIOR(n)

|

v R(n+1)] (20)

where ng) = diag| l((’)(O),vl(Q)(l),<-~,vl(q>(N — 1)] and
vf(k), 1 =1,2,is given as

@ | Al2nk) ifk e Sps

v (k) = { rl(k)  ifke Sog
’U(q)(k:) . A(2n+1,k) ifk e SPS
2V Tik) ifk € Stg

Note that implementation complexity of the EM algorithm, pre-
sented above, can be reduced substantially due to the fact that
the magnitude of the eigenvalues Ay, k = 0,1, -, N —1of
the channel correlation matrix in (11) becomes negligible for
k > 2BT + 1 where B is the one-sided bandwidth and T is
the length of the channel impulse response. As pointed out in
[7], for an OFDM system 2BT = L, where L is number of
symbols in the cyclic prefix since T = LT, and 2B = 1/T%.
Since L is much smatler than N, the total number of subcarri-
ers, the complexity of the MAP estimation algorithm based on
the Karhunen-Loeve expansion proposed in this paper will be
low while it is being optimal.

C. Computation ofI‘I(Q) (k) for QPSK Signaling

Let a = (1 & j) represents independent identically dis-
tributed data sequence modulating the QPSK carrier. Since for
l=12and k = 0,1,---, N — 1, the data sequence si(k) is
independent, T',,, (k) in (17) can be computed as follows:

s anes, 0F P (FrRelo 21" ()])

F(Q) IC —_ 21
= S AR R
where

2900wy = RLES GO (k)

m

R (2,k) Y G (m)pm (K)

Z0(k) = R(LK)D G (m)pi (k)

R*(2,k) S GO (m)pm(k) QD)

Then, taking summations in the numerator and the denom-
inator of (21) over the values of QPSK symbols a1, a2, for
{ =1,2and k = 0,1,---, N — 1, we have the final result
ag follows:

I (k) = tanh [%Re(Zl(Q) (k))] —jtanh {%Im(Zl(‘”(k))}
(23)

V. MODIFIED-CRAMER-RAO BOUND(MCRB)

Letforl=1,2andm =0,1,---,N — 1, {G;(m)}s be the
random parameters to be estimated. The (m,n)th element of
the Fisher information matrix is defined as

m,n) = —F W ; 9% Inp(Gu)
i) = =F 3G1(m)301(n)} E{@G;(m)@(h(n)}

where the joint probability density functions p(G) and

p(RJA, G) are given by (14) and (15), respectively and, expec-

tations should be taken over R, A and G . Performing the the

above derivatives and taking into fact that the eigenfunctions

1hr (k) are orthogonal, it follows that

):{ 2(3%:4-;17) ifm=n
0

Jilm,n .
wm, otherwise

Therefore
MCRB(G(m)) = J (m,m)

where o2 is the noise variance and A, are the eigenvalues of
the discrete autocorrelation function r(k, k") of the multipath
fading channel.

VI. SIMULATIONS

The simulation results for estimating the channel parameters
of OFDM systems with transmitter diversity via EM algorithm
are now presented, We consider the scheme with 2 transmit and
1 receive antennas with the fading multipath channels between
transmitters and the receiver. H;(k)’s are with an exponentially
decaying power delay profile 8(r;) = Cexp(~7/Trms) and
delays 7; that are uniformly and independently distributed over
the length of the cyclic prefix. C is a normalizing constant.
Note that the normalized discrete channel-correlations for dif-
ferent subcarriers of this channel model was presented in [3] as
follows,

1—exp [~ L[1/7ems + 275 (k = k') /N)]

kLK) =
Tl( ) Tr’ms(l - eXP(”’L/TrmsD (I/Trms + jzﬂ—(k - kl)

/N) -

R




The scenario for our simulation study consists of a wireless
QPSK. OFDM system employing the transmitted pulse hav-
ing a unit-energy Nyquist-root raised-cosine shape with rolloff
o = 0.2. The symbol period(Ty) is chosen to be 0.167 us,
corresponding to an uncoded symbol rate of 6 Mbit/s. Trans-
mission bandwidth (3.6 MHz) is divided into N = 256 tones.
We assume that the multipath channel models consist of 5 im-
pulses with uniformly spaced intervals of durations T,. There-
fore, the maximum channel delay Tmaz = 4 sample (0.668 us)
long. On the other hand, the duration of the transmitter impulse
responses after matched filter at the receiver are chosen to be
L, = 7 symbols interval. They are truncated at £3 sample in-
terval around their center. Note that, in order prevent ISI and
IC], the length of cyclic prefix (L) should be longer than the
overall channel response length (Trnas + Ly — 1), 1e, L >10
samples. As explained previously, this puts a constraint on the
number of pilot symbols to be chosen as Npg > L. For this
simulation study we chose Nps = 10. To get insight into the
average behavior of the channel estimator, we have averaged
the performance over 100 Monte-Carlo runs.

Fig. 1 demonstrates the average MSE performance of the
EM-based channel estimation algorithm as a function of the av-
erage SNR for Trms = 04 together with the modified CRB. The
average SNR was defined as B[ Hy(k)P)E[|Ac(k)|?/o®. Since
E[|Ay(k)|* = 1 for QPSK signaling and E[|H (k)] = 1 for
normalized frequency response of the fading channel, the nor-
malized SNR simply becomes 1/02, where o2 is the variance
of the complex white Gaussian noise entering the system. Av-
erage Mean-square-error(MSE) is defined as the norm of the
difference between the vectors G = (GT, GT) and G nap, T€P-
resenting the true and the estimated values of channel parame-
ters, respectively. Namely,

_ 1 R
MSE = 16 = Gl

Notice that the modified CRB provides a looser bound which
gets closer to MSE as SNR increases. In Figs. 3, the average
MSE performance of the EM-based algorithm are presented as
a function of the number of iterations for Trms = 4. It is con-
cluded from these curves that the MSE performance of the EM-
based algorithm converges within 2-5 iterations, depending on
the average SNR.

VII. CONCLUSIONS

In this paper, we proposed an optimum channel estimation
algorithm for OFDM systems. This algorithm performs an it-
erative estimation of the channel according to the MAP crite-
rion, using the EM algorithm employing M-PSK modulation
scheme with additive Gaussian noise. The discrete multipath
channel was represented in terms of a Karhunen-Loeve expan-
sion which makes full use of frequency-domain correlation of
the frequency response of the time-varying dispersive fading
channel.

‘, % ESTIMATOR MSE
107F - 5 MODIFIED CRAMER-RAG BOUND

CHANNEL ESTIMATION MSE

15 20 25 30
Ave. SNR In dB

Fig. 1.
SNR

MSE performance of the EM algorithm as a function of average

SNR =5 dB

SNR = 1048
* - Mo mm - P

Ave. MSE

SNR = 15dB

SNR = 20dB
4

SNR =25 dB

SNR = 30 dB
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3 4
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Fig. 2. MSE performance of the EM algorithm as a function of number of
iterations (trms = 4 sample for the exponentially decaying power delay
profile
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Joint Channel Tracking and Symbol Detection for
OFDM Systems with Kalman Filtering
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Abstract— This paper proposes a new joint channel
tracking and symbol detection scheme for pilot symbol as-
sisted OFDM systems in multipath fading. The proposed
scheme uses Kalman filters for both channel tracking and
subsequent equalization which are combined in the cou-
pled estimator structure. Modelling the multipath fading
channel as random processes to describe channel’s varia-
tions in a general AR framework lends itself to a state-space
representation that enables application of Kalman filtering
for tracking of channel variations. However, the proposed
tracking algorithm requires knowledge of the transmitted
symbols. This implies that an iterative method should be
sought to obtain alternatively either channel or transmit-
ted symbols. To compose the coupled estimator structure, a
linear Kalman filter equalizer with the corresponding state-
space model is therefore proposed for the detection of trans-
mitted symbols. With the proposed Kalman filters, iterative
structure is utilized to decode transmitted symbols and sub-
sequently to track channel parameters. Finally, the perfor-
mance of the proposed method is studied through the exper-
imental results.

Index Terms—OFDM receiver, Kalman Filtering.

1. INTRODUCTION

FDM has emerged as an attractive and powerful al-
O ternative to conventional modulation schemes in the
recent past due to its various advantageous in lessening
the severe effect of frequency selective fading. There-
fore, OFDM is currently being adopted and tested for
many standards, including terrestrial digital broadcasting
(DAB and DVB) in Europe, and high speed modems over
Digital Subscriber Lines in the US. It has also been pro-
posed for broadband indoor wireless systems including
[EEES02.11a, MMAC and HIPERLAN/2.

This work was supported in part by The Research Fund of
The University of Istanbul, Project numbers: UDP-45/24072002,
1680/15082001 and The Scientific and Technical Council of Turkey
(TUBITAK) Project number: 100E006.

An OFDM system operating over a wireless commu-
nication channel effectively forms a number of parallel
frequency nonselective fading channels thereby reduc-
ing intersymbol interference (ISI) and obviating the need
for complex equalization thus greatly simplifying chan-
nel estimation/equalization task. Moreover, OFDM is
bandwidth efficient since the spectra of the neighboring
subchannels overlap, yet channels can still be separated
through the use of orthogonality. Furthermore, its struc-
ture also allows efficient hardware implementations using
FFTs and polyphase filtering [1].

Although the structure of OFDM signalling avoids ISI
arising due to channel memory, fading multipath channel
still introduces random attenuations on each tone. Hence,
accurate channel estimation technique have to be used
to improve the performance of the OFDM systerns. Re-
cently, several channel parameter estimation techniques
were proposed in the literature [2-5]. In this paper, we ad-
dress the estimation and equalization problem for OFDM
systems with pilot symbols. Among various channel mod-
els, the stochastic approach has been used to describe
channel’s variations in a general AR framework. The in-
formation theoretic results in [6] has shown that the lower '
order AR models provide a sufficiently accurate model for
multipath fading channels. Fortunately, the AR modelling
lends itself to a state-space representation that enables ap-
plication of Kalman filtering for tracking of channel vari-
ations. We therefore propose Kalman filtering to derive
minimum variance estimators for the fading coefficients
yielding an adaptive channel tracking algorithm. How-
ever, it requires the knowledge of the transmitted sym-
bols. This implies that an iterative method should be
sought to obtain alternatively either channel or transmitted
symbols. To complete detection-estimation algorithm for
OFDM systems with the pilot symbols, a linear Kalman
filter equalization technique [9] is therefore proposed for
the detection of transmitted symbols.
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II. PROBLEM FORMULATION

Before developing Kalman filter based channel estima-
tion and data detection algorithm, we briefly describe the
OFDM system model and the channel statistics in this sec-
tion.

A. A Model for the Received Signal

In OFDM, the entire information stream is split in many
parallel low-rate channels, which are then regularly multi-
plexed and transmitted through narrow-band subcarriers.
Consider an OFDM system with N subcarriers, and let
a(k) be the independent data symbol to be placed on sub-
carrier k, 0 < k < N — 1. Thus, the data symbols a(k)
are modulated by NV subcarriers using inverse fast Fourier
transform (IFFT) and the last L samples are copied and
put as cyclic prefix (CP) to form the complete OFDM
symbols of N + L samples long. This data is transmitted

over the channel, whose impulse response is shorter that L -
samples. The cyclic prefix is removed at the receiver and

the signal is demodulated with a Fast Fourier Transform
(FFT). We assume that the use of CP both preserves the or-
thogonality of the subcarrier frequencies (tones) and elim-
inates ISI between consecutive OFDM symbols. Further,
the channel is assumed to be constant during one OFDM
symbol. Under these assumptions we can describe the
system as a set of parallel Gaussian channels with corre-
lated channel attenuation h(k). The attenuations on each
tone are given by {3]

k

—_ 0,1,
NT,

h(k) = G( ), k= ,N—1 1
where G(.) is the frequency response of the channel g(7)
during the OFDM symbol and T is the sampling period
of the system.

The received signal after demodulation (performing a
DFT) at the kth tone, can be expressed as

y(k) = a(k) h(k) + v(k),

k=0, ,N—1 (2

In the above expression v(k) is additive complex white
Gaussian noise at the kth tone with zero mean and vari-
ance o2,

The problem of estimating channel  taps
{h(0),h(1),---h(N — 1)} along with the signals
modulating the tones {a(0), a(1),---,a(N — 1)} from
noisy observations {y(0),y(1), - - - y(IN — 1)} is the main
concern of the paper. In this paper, we model channel
taps as AR process with a priori known structure in the
development of estimation technique. Let us now briefly
describe the channel statistics in the multipath fading
environment.
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B. Channel Statistics

The complex baseband representation of a fading mul-
tipath channel can be described as

g(r) = Z ay§(r —nTs) 3)
!

where 77 is the delay of the [th path and ¢ is the cor-
responding amplitude with a power-delay profile 8(7;)
which are zero-mean, narrowband complex Gaussian pro-
cesses independent for different paths.

Using the channel model in (1) and (3), the attenuations
on each tone k becomes

h(k) =Y aqed2r/NIm
l

G

The correlation between the attenuations h(k) and h(k +
m)
ri(m) = E {h(k)R*(k+m)} . )

More frequently used channel model could be explicitly
derived by using an exponentially decaying power delay
profile 8(7;) = Ce™™/Tms and special delays 7; that are
uniformly and independently distributed over length of
CP. In [2], it is shown that the normalized exponential dis-
crete channel correlation for different subcarriers is

1 —exp (=L (1/Trms + 2mjm/N))

(M) = e T exp (L rems)) (1 oms z«njm{g) '
Note that, the correlation function of the channel taps for
different frequencies depends, in general only on the mul-
tipath delay spread and is separated from the effect of
Doppler frequency. By only exploiting the frequency cor-
relation in the channel estimation task, we are able to re-
duce complexity of the channel estimator.

111I. CHANNEL ESTIMATION AND EQUALIZATION

In this paper, the algorithms employed to acquire the
channel and equalize information symbols are based on
the Kalman recursive state estimation algorithm. Kalman
filter is a useful channel estimator if the channel model
embedded in the Kalman filter closely matches the under-
lying communications channel. To build a channel model
for the multipath fading channel, we match spectral char-
acteristics of the multipath fading with an AR process.

A. Channel Estimation

Since only the first few correlation terms are important
to finitely parametrize structured variations of wireless
channel in the design of channel estimator, low-order AR
models, or even a simple Markov model can capture most




)
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of the channel tap dynamics and lead to effective tracking
algorithms. In this paper, we follow the common prac-
tice and model the channel’s variations as a random pro-
cess. Thus, this paper associates the multiplicative multi-
path fading effect of the channel with an AR process.

1) AR Model Considerations: We will approximate
the multiplicative multipath fading effect in OFDM sys-
tem with a general AR model order p,

P

h(k) S"Zcih(k~i)+w(k), E=01,--,N—1
i=1

)

where w(k) is a white gaussian random process with vari-

ance o2, The estimation of ¢; is still not trivial since the

channel h(k) is not observed directly. One needs to some-

how acquire the channel correlations r4(m) in order to
solve the Yule-Walker equations

iy ={ =T T2

. —5F Jern(—i) +oy m=0

®

and obtain ¢;. For example, a channel correlation model
given by (8) can be used here to determine c; coefficients.
However, the problem of estimating the statistics of a ran-
dom channel taps has been previously studied in [7], [8].
However, we assume in the sequel that channel statistics

" are either known a priori or estimated from received data.

Thus, given channel statistics r,(m), AR parameters can
be directly obtained by solving normal equations. Once
the AR model parameters are identified, Kalman filtering
ideas may be employed to track the variations of channel
coefficients. Since the Kalman filter would require state-
space representation of the multipath fading channel, we
will now formulate the state-space description of the fad-
ing channel model based on AR model parameters.

2) State-space Representation: If we define h(k) =
[h(k),h(k —1),---, h(k — p)]7, then (7) can be written
in state-space form as

—cy =Cy ... —Cp w(k)

h(k) = h(k—1) +

0 ... 1 0 0
Let A be the (p X p) square matrix in the right hand side
of (9), then the state equations becomes

h(k) = Ah(k — 1) + bw(k) (10)

where b = [1,0,- - -, 0]7. In order to obtain the measure-
ment equation, define a(k) = [a(k),0,---,0]T . Then (2)
can be written as

vy(k) = al (k)h(k) +v(k) . (11
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Equations (10) and (11) offer a state-space representation
of the multiplicative multipath fading model with transi-
tion matrix A (which is assumed to be known in this sec-
tion). Based on this representation, the minimum variance
estimator for the state vector, i.e., the conditional expec-
tation of h(k) given {a(k),y(k)}L o can be computed
from Kalman filtering recursions.

B. Adaptive Kalman Equalization

In this paper, we adopt adaptive Kalman equalizer to
couple proposed Kalman channel estimator. Adaptive
Kalman equalizer was originally developed for FIR chan-
nel model [9]. In this section, we first summarize the
adaptive Kalman equalizer, then we modify it to apply for
OFDM systems.

If we assume FIR channel model, the elements of the
state vector would be the inputs to the channel, i.e.,

ac(k) = [a(k),alk —1),---,alk =T (12)

where (d 4 1) is the number of taps of the channel. This
choice of the state vector is in contrast with Kalman based
channel estimator, where the channel taps are used to con-
struct the state vector.’

For the adaptive Kalman equalizer, the state transition
equation has the following form:

ac(k) = Fa.(k — 1) + ga(k) (13)
where F is the (d -+ 1) x (d -+ 1) shift matrix, i.e,
[0 0 ... ... 0]
10 ... ... 0
F=1]0 1
0 ... ... 1 0]
and g is a vector with (d+1) elements, g = [1,0,- - ,07
or more concisely, «
- ® To o 0 " a(k) ]
1 0 0 0
a(k)=10 1 a.(k—1)+
0 ... ... 1 0] o |

Then, the observation equation for the Kalman equalizer
is '

y(k) = al (k)he(k) +v(k) . (14)

where h, (k) = [h(k), h(k—1), -, h(k—d)]T is a vector
with channel taps. Based on the state-space representation
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for FIR channel, adaptive Kalman equalizer recursions are
summarized in [9]. However, the state-space representa-
tion (13) and (14) for FIR equalizer could be adopted for
OFDM systems in a very simple form since OFDM over-
comes I8 arising from channel memory and only intro-
duces random attenuations on each tone. Thus, the simpli-
fied form of state-space representation for OFDM systems
becomes

a(k) = f a(k = 1)+ a(k)
y(k) = a(k)h(k) + v(k) . (15)
where f (f = 0) in (15) superficially introduced param-
eter in order to put (15) in a form given by (13). (15)
is therefore simply a scalar form of the state-space rep-
resentation. With the initialization for a(1) (from pilot
symbol) and pre-selected power o2 for the measurement
noise Kalman filter for equalization could be obtained
with scalar Kalman filter recursions.

IV. RECEIVER STRUCTURE

The proposed receiver uses Kalman filters for both
channel tracking and subsequent equalization. Therefore,
the Kalman filters are combined in the proposed coupled
estimator structure of Figure 1. Note that, in the joint
detection-estimation problem, both h(k) and a(k) are un-
known. With the knowledge of pilot symbol a(1) and the
observation (1), (1) can be obtained using a Kalman re-
cursions. However, the detectionof a(k), k =2,---, N~
1 relies on the estimates of h(k), k = 2,---, N — 1 that
in turn require the knowledge of a(k), k=2,--- N — L.
Therefore, iterative structure is employed in the proposed
receiver to obtain alternatively either a(k) or h(k). Ac-
cording to (10) and (11), a coarse prediction of h(k |
k — 1) can be obtained directly from prediction step. It
can be observed from Kalman recursions that the coarse
channel prediction obey the recursion

h(k|k—1)=Ah(k—1|k—1) (16)
that are initialized by h(0 | —1) = 0. Next, we use
the coarse channel estimates in adaptive Kalman equal-
izer to obtain coarse symbol estimates for a(k) that are
denoted by a°(k). These estimates are subsequently trans-
formed into a"(k) using the nearest neighbor criterion
with a slicer.

Replacing a(k) by a"(k), we rely on Kalman filter to
obtain refined channel estimates h(k | k). Thus, we sum-
marize our algorithm for channel tracking and symbol de-
tection, in the following steps:

Initialization: Obtain h(1 | 1) from pilot symbol;
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Obtain h(k | k — 1) using (16);
Use Kalman equalizer to decode a°(k);
Use slicer to obtain & (k) from a°(k);
Perform Kalman channel estimator to retrieve
h(k | k) using a" (k);
Repeat Steps 1-4 for k + 1 «+ k.
Next, we test the performance of our joint channel
tracker and equalizer through simulations.

PN

n

V. SIMULATIONS

We now present the simulation results for tracking the
channel taps and decoding transmitted symbols in OFDM
systems with Kalman filtering. We consider the fading
multipath channel given by (6) with an exponentially de-
caying power delay profile and delays 7; that are uni-
formly and independently distributed over the length of
the cyclic prefix.

The scenario for our simulation study consists of a
wireless QPSK OFDM system employing the pulse shape
as a unit-energy Nyquist-root raised-cosine shape with
rolloff o = 0.2 with a symbol period(T}) of 0.277 us.
Transmission bandwidth(3.6 MHz) is divided into 128
tones. We assume that the fading multipath channel has
exponentially decaying power delay profile (6) with an
Trms = 4 sample (1.08 us) long.

Since the first-order AR model provides a sufficiently
accurate model for multipath fading channels, AR(1) pro-
cess {(p = 2) is adopted in the development of the state-
space description. Channel model AR(1) parameters are
obtained by solving Yule-Walker equations in terms of
the correlations. QPSK-OFDM sequence passes through
channel taps and corrupted by AWGN (30dB, 20dB and
10dB respectively). We use a pilot symbol every twelve
(P=12) symbols.

In the following, the coupled estimator is used to obtain
alternatively either transmitted symbols or channel taps in
a iterative receiver scheme shown in Figure 1. The results
of the Kalman tracking algorithm for both real part and
imaginary part of h(k) are obtained and shown in Figure
2 at each SNR. In order to better evaluate the performance
of the proposed tracking algorithm, we compare it with
other previously developed recursive least squares (RLS)
adaptive algorithm. Thick solid lines in these figures rep-
resent the true channel taps, thick solid lines with x-mark
represent channel tracking with Kalman filtering where as
thin solid lines with plus represents the channel tracking
with RLS.

It can be seen from simulations that, both the proposed
pilot symbol assisted coupled receiver (Kalman based)
and the RLS based channel tracking algorithm together
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with Kalman equalizer perform almost identical perfor-
mances especially at high SNR values. However, the pro-
posed Kalman based receiver yield better performance for
low SNR values.

VI. CONCLUSIONS

We have developed a novel Kalman filter based scheme
for joint iterative channel tracking and symbol recovery of
pilot symbol assisted OFDM systems in multipath fading
channels. Modelling multipath fading channel as AR pro-
cesses, Kalman filter was employed to track the variations
of the channel. Moreover, to compose the joint iterative
estimator structure, a linear Kalman filter equalizer with
the corresponding state-space model was proposed for the
recovery of transmitted symbols. Although, the adaptive
Kalman equalizer does not yield minimum variance es-
timates, it is structure is very simple and can be imple-
mented with scalar Kalman filter recursions. The simula-
tion results show that the resulting algorithms is efficient
and can be effectively employed in such applications.

Fig. 1.
structure

Proposed Kalman filter based channel tracking/equalization
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Abstract—We consider pilot- and data-aided channel
estimation for orthogonal frequency division multiplex-
ing (OFDM) in frequency-flat Rayleigh fading. Our
goal is to derive the optimum channel estimator which
processes noisy observations of both the pilot and the
data symbols, aiming at a minimum mean square er-
ror (MMSE). For simplicity, we restrict the analysis to
a two-carrier OFDM model, in which one carrier is as-
signed to carry a reference pilot whereas the other is
used for data transmission. The MSE performance of
the optimum estimator can be bounded by the modi-
fied Cramér-Rao bound (MCRB) and we show that this
bound is asymptotically attained.

I. INTRODUTION

N order to provide accurate estimates, pilot-aided
Ichannel estimation schemes are often deployed in
orthogonal frequency division multiplexing (OFDM).
Basically, there are two ways of processing the pilot
receive symbols. First, the channel can be considered
as deterministic but unknown, which is the underly-
ing assumption behind maximum-likelihood (ML) es-
timation. Second, we can regard the channel as to be
a collection of random parameters and may utilize the
statistical properties of the channel in the design of an
estimator.

A broad overview of various pilot-aided channel
estimation schemes can be found in [1], which also
provides references for further reading. Model-based
channel estimation by Wiener filtering belongs to the
category where statistical channel knowledge is avail-
able and utilized in the estimation process, for exam-
ple, see [2]. Wiener filters minimize the mean square
error (MSE) between the estimate and the parameter
of interest, applying linear filtering of the observed
data. Since the Wiener filter is a linear MMSE filter,
only the first-order and second-order moments of the
channel statistics define the filter coefficients. Conse-
quently, the Wiener filter achieves the smallest possi-
ble MSE only if the channel model is linear and the

random parameters which are involved in the estima-
tion process are Gaussian {3]. For OFDM, a Gaus-
sian linear model is the common wide-sense station-
ary uncorrelated scattering (WSSUS) channel model
with slowly-fading Rayleigh taps.

If the assumption of normality does not hold, the
linear MMSE estimator is no more optimum. In the
general case, the MMSE estimate is the conditional
mean (for example, see [4]), which in general is a
nonlinear estimate. These considerations gain impor-
tance if one is interested in improving the channel es-
timate by using both pilot and data symbols in the es-
timation process. Unlike the deterministic pilot sym-
bols, the data symbols are random variables which are
not Gaussian. Consequently, the optimum pilot-/data-
aided MMSE estimator is a nonlinear estimator.

In this paper, our goal is to derive and analyze the
optimum pilot- and data-aided (PDA) MMSE channel
estimator for a simplified two-carrier OFDM system.
Though is it possible to extend the theory to an entire
OFDM system, we confine the study to a two-carrier
model to keep the mathematics tractable and compre-
hensive. The channel is assumed to cause frequency-
flat Rayleigh fading. In our analysis, we compare the
PDA estimator to the conventional pilot-aided (PA)
estimator. The MSE of the latter is easily obtained,
but the derivation of the MSE of the PDA estima-
tor is cumbersome. However, the PDA-MSE can be
lower bounded by the modified Cramér-Rao bound.
It is shown that this bound is asymptotically attained
which allows to calculate the asymptotic performance
gain of PDA over conventional PA estimation.

The remainder of this paper is organized as follows.
We introduce the system model in Sec. IT and derive
the conventional PA and the enhanced PDA estimator
in Sec. III. In Sec. IV, the MSE performance of the
PDA estimator is studied and an expression for the
high-SNR performance gain is given. Finally, Sec. V
shows simulation results for 4-ASK and 4-PSK.
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Abstract— Incorporating subchannel grouping, space-
frequency coding for transmit diversity orthogonal frequency
division multiplexing (OFDM) systems has been proposed recently
to achieve maximum diversity gain. Focusing on space-frequency
transmit diversity OFDM transmission through frequency selec-
tive channels, this paper proposes a computationally efficient,
non-data-aided maximum a posteriori(MAP) channel estimation
algorithm. The algorithm requires a convenient representation
of the discrete multipath fading channel based on the Karhunen-
Loeve orthogonal expansion and estimates the complex channel
parameters of each subcarriers iteratively using the Expectation
Maximization(EM) method, which converges to the true MAP
estimation of the unknown channel. An analytical expression
is derived for the Modified Cramer-Rao lower bound of the
proposed MAP channel estimator.

1. INTRODUCTION

The overwhelming growth of broadband wireless services
usage together with the scarcity of bandwidth resources, moti-
vate intense focus of research toward developing efficient cod-
ing and modulation schemes that improve the quality and band-
width efficiency of wireless systems. One approach that shows
real promise to overcome the limitations imposed by fading
channel, and provide reliable transmission and high spectrum
efficiency is to combine two powerful technologies in the phys-
ical layer: space-time coding (STC) and OFDM modulation
(11021

STC has been proved effective in combating fading and in-
creasing channel capacity without necessarily sacrificing band-
width efficiency [3],[4],[5]. There is in fact a diversity gain
that results from multiple paths between base station and user
terminal, and a coding gain that results from how symbols are
correlated across transmit antennas. Unfortunately, most ex-
isting space-time coding schemes have been developed for flat
fading channels initially. Therefore, their successful implemen-
tation over broad-band frequency selective channel requires the
development of sophisticated signal processing algorithms for
channel estimation, and joint equalization/decoding. This task
is quite challenging with multiple transmit antennas due to the
long delay spread of broad-band channels, which increases the
number of channel parameters to be estimated and the number
of states in joint equalization/decoding. This, in turn, places

This work was supported in part by the Turkish Scientific and Tehnical Re-
search Institute (TUBITAK) under Grant 100E006.

significant additional computational load which motivates a
more practical reduced-complexity space-time coded OFDM
(ST-OFDM) structure [1]. OFDM is chosen over a single-
carrier solution due to lower complexity of equalizers for long
delay spread channels [6]. In OFDM, a broadband signal is bro-
ken down into multiple narrowband carriers, where each carrier
is more robust to multipath. OFDM can be implemented ef-
ficiently by using fast Fourier transforms (FFTs) at the trans-
mitter and receiver, At the receiver, FFT reduces the channel
response into a multiplication constant on each tone. The com-
bined application of OFDM modulation and space-time coding
allows us to avoid the complexity of space-time equalizers and
therefore yields a unique reduced-complexity physical layer ca-
pabilities [1].

The use of OFDM in transmitter diversity systems also offers
the possibility of coding in a form of space-frequency OFDM
(SF-OFDM) [3]. In [2], it was shown that the SF-OFDM system
has the same performance as a previously reported ST-OFDM
scheme in slow fading environments but shows better perfor-
mance in the more difficult fast fading environments. This pa-
per therefore focuses on channel estimation approach for SF-
OFDM systems. In this paper, a computationally efficient,
non-data-aided maximum a posteriori(MAP) channel estima-
tion algorithm is proposed for orthogonal frequency division
multiplexing (OFDM) systems with transmitter diversity using
space-frequency block coding. In the development of the MAP
channel estimation algorithm, the channel taps are assumed to
be random processes. Moreover, orthogonal series expansion
based on the Karhunen-Loeve expansion of a random process
is applied which makes the expansion coefficient r.v.’s uncorre-
lated. Thus, the algorithm estimates the uncorrelated complex
expansion coefficients iteratively using the Expectation Maxi-
mization(EM) method.

1I. ALAMOUTI’S TRANSMIT DIVERSITY SCHEME FOR
OFDM SYSTEMS

In this paper, we consider a transmitter diversity scheme in
conjunction with OFDM modulation. Many transmit diversity
schemes have been proposed in the literature offering different
complexity vs. performance trade-offs. We choose Alamouti’s
space-time block code (STBC) scheme due to its simple im-
plementation and good performance. The Alamouti’s scheme




imposes an orthogonal spatio-temporal structure on the trans-
mitted symbols that guarantees full (i.e., order 2) spatial diver-
sity. In addition to spatial, to realize multipath diversity gains
over frequency selective channels, the Alamouti STBC scheme
is implemented at a block level in frequency domain.

The Alamouti STBC system with 2 transmit antennas and
1 receive antenna, where utilizing V. subcarriers per antenna
transmissions is employed in this paper. The fading chan-
nel between the pth transmit antenna and the receive antenna
is assumed to be frequency selective but time-flat and is de-
scribed by the discrete-time baseband equivalent impulse re-
sponse h,(n) = [huo(n), -+, hyr(n)], with L standing for
the channel order.

Let Ay, ,(n) be the data symbol transmitted on the kth sub-
carrier frequency (frequency bin) from the pith transmit antenna
during the nth OFDM symbol interval. As defined, the symbols
{Agp(n)yp=12, k=0,1,--+,Ne - 1} are transmitted in
parallel on N, subcarriers by 2 transmit antennas.

At the receiver, the antenna receives a noisy superposition
of the multiantenna transmissions through the fading channels.
We assume ideal carrier synchronization, timing and perfect
symbol-rate sampling. We also assume thata cyclic prefix (CP)
of length L has been inserted per OFDM symbol and is removed
at the receiver end. After FFT processing, the received data
sample Ry (n) at the receive antenna can be expressed as

2
Ri(n) = Y Hyep(n)Agu(n) + Wi(n) (1)

p=1

where Hy ,(n) is the subchannel gain from the pth transmit
antenna to the receive antenna evaluated at the kth subcarier

L
Hy pu(n) = Z By () TR/NG) 2
1=0

and the additive noise Wy (n) is circularly symmetric, zero-
mean, complex Gaussian with variance o that is also assumed
to be statistically independent with respect to n and k.

Equation (1) represents a general model for transmit diver-
sity OFDM systems. However, the generation of A, u(n) from
the information symbols lead to corresponding transmit diver-
sity OFDM scheme. In our system, the generation of Ag,p(n)
is performed via space-frequency coding, which was first sug-
gested in [3].

A. Space-Frequency Coding

We consider a strategy which basically consists of coding
across OFDM tones and is therefore called space-frequency
coding. Since an OFDM communication system can be
considered as a block transmission system, the serial in-
put data symbols is converted into a data vector A(n) =
[Ao(n), Ai(n) -+, An,—1(n)]". The space-frequency encoder

then codes data symbol vector into two vectors A;(n) and
Ag(n) as
Ai(n) = [Ao(n), —A{(n), -, An,—2(n), = AR, 1 (W]

AQ(TZ) = {Al(‘n)’ WAE")(n)7 . ANc_l(n), —A}VC_Z(n)]T (3)
In space-frequency Alamouti scheme, Aj(n) and As(n) are
transmitted through the first and second antenna element re-
spectively during the block instant n.

The operations of the space-frequency encoder can best be

described in terms of even and odd polyphase component vec-

tors. If we denote even and odd component vectors of A(n)
as

Ae(n) = [Ao(n), AQ(TL), che ,ANC»—4<TL)= ANc-Q(nHT
Au(n) = [A1(n), As(n), -, An,-3(n), An. ()] (4

then the space-frequency encoder maps every two consecutive
frequency blocks to the following matrix:

space —
fregquency | [fi?gm ﬁi’gzg ) )

B. Vector Signal Model

If the received signal sequence is parsed in even and odd
blocks of N, tones, Re(n) = [Ro(n), Ra(n), -+, Ry, —2(n)]”
and R,(n) = [Rl(n),Rg(n),‘--,RNC_l(n)]T, the received
signal can be expressed in vector form as

Re(n) = An)Hie+ Ao(n)Hz e+ We(n) (6)
Ro(n) = —Ay(n)Higo+ AL(n)Hao + Wo(n)

where A.(n) and A,(n) are an N./2 x N./2 diagonal ma-
trices with diagA.(n) = A, and diagA,(n) = A, respec-
tively. H , o(n) = [Hou(n), Ha,u(n), -+, Hy,—2,u(n)]" and
Hyo(n) = [Hopu(n), Hiu(n) -, Hy,1,u(n)]" be Ne/2
length vectors denoting the even and odd component vectors
of the channel attenuations between the [th transmitter and the
receiver. Finally, Wo(n) and W ,(n) are an N./2 x 1 zero-
mean, i.i.d. Gaussian vectors that model additive noise in the
N, tones.

Equation (6) shows that the information symbols A¢(n) and
Ao(n) are transmitted twice in two consecutive adjacent sub-
channel groups through two different channels. In order to es-
timate the channels and decode A with the embedded diversity
gain through the repeated transmission, for each n, we define,
R =[RY(n) RT(n)]T and write (6) into a matrix form'

R=AH+W Q)
where H = [er I‘I;c]T, W = [WZI(n) WI(n)]" and
_ | Am)  As(n)
A= [ “Ax(n) Arn) | ®

1We assume that the complex channel gains between adjacent subcarriers are
approximately constant, i.e, Hi e = Hi o and Ho o =~ Hz .




Obviously, channel estimation is very essential for decoding
space-frequency codes. In the absence of channel state in-
formation, decoder must estimate the channel states and there
has been extensive affords in the direction of channel param-
eter estimation. Based on the received signal model (7), we
will propose a novel channel estimation algorithm in this pa-
per by representing the discrete multipath channel based on the
Karhunen-Loeve orthogonal representation and make use of the
Expectation Maximization technique.

C. Karhunen-Loeve Representation of the Multipath Channel

The Karhunen-Loeve expansion methodology has been used
for efficient simulation of multipath fading environments [10].
An exception to this approach, we model discrete frequency
response vector of the wireless channel gain vector, H peln)
based on the Karhunen-Loeve expansion [7], [9] since it makes
the expansion coefficient random variable’s uncorrelated. Thus,
correlated channel gains, in frequency, of a Gaussian process
can be expressed as

H,.(n)=VG,.(n) )

where G, o (n) is an N /2 x 1 zero-mean i.i.d. Gaussian vector
whose covariance matrix is A = diag(Xo, A1, -, Av-1). The
variances of the components of G, o(n), arranged in decreas-
ing order, are equal to the eigenvalues A; of the Karhunen Lo-
eve(KL) transformation with the orthogonalized eigenfunctions
U = [tpg, 1y -+, Py, ) Of the discrete channel autocorre-
lation matrix r,, defined by 7, = E{H“(n)HL(n)} which
satisfies 7,40 = A;1; where T denotes conjugate transpose.

111. EM-BASED MAP CHANNEL ESTIMATION

In the MAP estimation approach we choose G to maximize
the posterior PDF or

G = argméxxp(G[R). (10)
To find MAP estimator, we must equivalently maximize
p(R|G)p(G). The prior PDF of the Karhunen-Loeve expan-
sion coefficient r.v.’s of the fading channel can be expressed as
~=1
p(G) ~exp(-G'A G, an
where G = [G{e, G;e}T and A = diag(A A).

Given the transmitted signals A as coded according to space-
frequency transmit diversity scheme and the discrete channel
orthonormal series expansion representation coefficients G and
taking into account the independence of the noise components,
the conditional probability density function of the received sig-
nal R can be expressed as,

p(RIA, G) ~ exp HR AT TR - A@G)}
(12)

where 3 = diag(X ¥) and ¥ is an N x N diagonal ma-
wix with B[k, k] = o2, fork = 0,1,---,N — 1 and & =
diag(¥ ¥).

Direct maximization of (10) 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 conditional
pdfin (7) is guaranteed. The monotonic increase is realized via
the maximization of the auxiliary function

Q(GIGY) = S p(R, A, G)logp(R, A,G)  (13)
A

where G ig the estimation of G at the 7th iteration,

Note that p(R, A,G) ~ p(R|A, G)p(G) since the data
symbols A = {Ag ,.(n)} are assumed to be independent of
each other and identically distributed and the fact that A is in-
dependent of G. Therefore, (13) can be evaluated by means of
the expressions (10) and (12).

Given the received signal R, the EM algorithm starts with an
initial value G° of the unknown channel parameters G. The
(4 + 1)th estimate of G is obtained by the maximization step
described by GO = argmaxg QIG|IGW).

A. Initialization

To choose good initial values for the unknown channel pa-
rameters, the Npg data symbols {Ag ,(n)} for k € Spg, in
each OFDM frame are generally used as pilot symbols known
by the receiver. To interpolate the channel estimates, initially,
there exist a minimum subcarrier spacing, lsc, between pilots
given by lsc < 1/Tmaz, Where Tpae is the maximum delay
spread of the channel in the frequency domain. Therefore for
PSK modulated alphabet set, the initial value of the channel pa-
rameters G’flo)e(n) 1 = 1,2, can be selected according to the
following data-aided scheme.

Let for p = 1,2, H}, ,(n) denote an Npg x 1 vector with
HY, (n)[k] = Hy k(n), resulting the channel gains at frequen-
cies k € Sps. Using 2N pg pilot data symbols in the subcarrier
groups, the linear minirmmum mean-square error (LMMSE) esti-
mate of ﬁz)e(n) is given by [8]

HY (n) = WPAPTPH, ) (n)

(14)
where ﬁi,e,ls (n) is the least-square estimate of HY, _(n) as de-
fined in ([8], page 932), TP is an unitary matrix containing the
eigenvectors of the Nps x Npg dimensional channel covari-
ance matrix v, with 7%, [k, k'] = ru(k, k'), kK € Sps. Al is
an diagonal matrix with entries 8k, = 1/(1+ 0%/ ) where,
Ak, are the cigenvalues of r®. Then, given 2Npg channel
estimated samples /E\Ii‘e(n)[lc], k € Spgand g = 1,2, the
complete initial channel gains Hz SELE=01,--- N~ 1
can easily be determined using an fnterp@lation technique, i.e.,

Lagrange interpolation algorithm. Finally the initial values of
GLO)E(TL) can be determined as Gﬁfl(n) = \IlfHELO)e(n)




Taking the pilot symbols into account, after long algebraic
manipulations, the expression of the reestimate G, (‘“’ (n) (=
1, 2) can be obtained as follows:

G = (1+ A7) et [V R (n) - VIO Rol n)

G = (12 et [V Re(n) - VIV Ro(n

where (I + ZA;H)™H = diag({(1 + /A0 h

(1 0 Aun2)"Y]) and VY = diaglul (0), vff’(z>,

vf)( — 2)} and v$ (k), is given as
i Ak,l(n); ifk € Spg
ol (k) = { r(k); ifkeShg
1 ’ 2 pPS
; Ago(n), ke Spg
B0 =1 1O ik e 95
(k) ifk € S

Here, for k € S%g, I', (k) represents the a posteriori proba-
bilities of the data symbo]s at the ith iteration step and is defined
by

(k)= > apP(Agi(n) = a1, Axa(n) = az| R, e
ay,a26Sk

(16)
and S, denotes alphabet set taken by the kth OFDM symbol.

B. Computation ofI‘Ej) (k) for QPSK Signaling

Let a = (&1 -+ j) represents independent identically dis-
tributed data sequence modulating the QPSK carrier. Since for
p=12andk =0,1,---,N;~ 1, the dara sequence s, (k) is
independent, 'y, in (15) can be computed as follows:

i 2 i . 2 i
r'®) = tanh [ﬁae(zy)} — jtanh [;rzlm(ZﬁL))} a7

where
72\ = R, v G 1 R, UGS
Z9 = R, 0 G - R, ¥ GY),

and R,, = diagl. and R,, = diagR,.

IV. MODIFIED-CRAMER-RAO BOUND(MCRB)
Letfor p = 1,2and m = 0,1, -+, No — 1, {Gn(m)}’s be
the random parameters to be estimated. The {(mn, n)th element
of the Fisher information matrix is defined as

9% Inp(RIA, G“)F {

Bolnp( /4) 1
G, (m)8G u(n) |

8G . (m)0G u(n) |

Julm, m) = ~F{

where the joint probability density functions p(G) and
p(R|A, G) are given by (11) and (12), respectively and, expec-
tations should be taken over R, A and G . Performing the the

(m] 019)

above derivatives and taking into fact that the eigenfunctions
. (k) are orthogonal, it follows that

[ 2+ ) ifm=n
Julm,n) = { 0 otherwise
Therefore
MCRB(G(m)) = J~ " (m,m)

where o2 is the noise variance and A, are the eigenvalues of
the discrete autocorrelation function r(k, k') of the multipath
fading channel.

V. SIMULATIONS

The simulation results for estimating the channel parameters
of OFDM systems with transmitter diversity via EM algorithmm
are now presented. We consider the scheme with 2 transmit and
1 receive antennas with the fading multipath channels between
transmitters and the receiver. H,(k)’s are with an exponentially
decaying power delay profile 8(7,) = Cexp(—7y/Trms) and
delays 7, that are uniformly and independently distributed over
the length of the cyclic prefix. C' is a normalizing constant.
Note that the normalized discrete channel-correlations for dif-
ferent subcarriers and blocks were presented in [3] as follows,

1 —exp [ L L + —*——hj(ffkl)ﬂ
2 (k- k')
)) (Trm.s + 7 N )

Jo(2m(n — ' fa)Ts)

where J,is the zeroth-order Bessel function of the first kind and
fa is the Doppler frequency .

The scenario for our ST-OFDM simulation study consists of
a wireless QPSK OFDM system operating with a 2MHz band-
width and is divided into 256 tones with a total period (Ts) of
136 us,of which 8 us constitute the cyclix prefix (L=4). The
uncoded data rate 3.76 Mbit/s. we assume that the rms width
is Trms = 1 sample (2 us) for the power-delay profile and the
dopler frequencies are fyq = 50,100,200H z.

Fig. 1 demonstrates the average MSE performance of the
EM-based channel estimation algorithm as a function of the av-
erage SNR and different doppler frequenmes The average SNR
was defined as E[| H; (k)2 B[] Ai(k)|?/o?. Since E[|A(k)|* =
1 for QPSK signaling and E[|H,(k)|?] = 1 for normalized fre-
quency response of the fading channel, the normalized SNR
simply becomes 1/02, where ¢? is the variance of the com-
plex white Gaussian noise entering the system. Average Mean-
square-error(MSE) is deﬁned as the norm of the difference be-
tween the vectors G = [Gl o G ] and G’map, representing
the true and the estimated values of channel parameters, respec-
tively. Namely,

Tl(/ﬂ, kl) =

Trms (1 eXp(

r(n,n') =

MSE = 511G = Gl




Notice that EM based channel estimation algorithm for SF-
OFDM system outperforms in fast fading environments and
gets closer to modified CRB for high SNR values. However,
the performance of proposed channel estimation algorithm for
ST-OFDM degrades significantly for fast fading environments
since ST-OFDM is more sensitive to channel gain variation over
time.

V1. CONCLUSIONS

In this paper, we proposed an optimum channel estimation
algorithm for SF-OFDM systems. This algorithm performs an
iterative estimation of the channel according to the MAP cri-
terion, using the EM algorithm employing M-PSK modulation
scheme with additive Gaussian noise. The discrete multipath
channel was represented in terms of a Karhunen-Loeve expan-
sion which makes full use of frequency-domain correlation of
the frequency response of the time-varying dispersive fading
channel. Simulation results verify that the proposed MAP based
iterative estimation technique is well suited in OFDM transmit-
ter diversity systems. Moreover, it also exploits the advantages
of SE-OFDM systems in fast fading environments.
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Fig. 1. MSE performance of the the proposed EM based channel esti-
mation algorithm as a function of average SNR
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Blind Channel Estimation for Space-Time Coding
Systems with Baum-Welch Algorithm

Hakan A. Cirpan' and Erdal Panayirctt

t Department of Electrical Engineering, Istanbul University, Avcilar 34850, Istanbul, Turkey

! Department of Electronics Engineering, Istk University, Maslak 80670, Istanbul, Turkey

Abstract—In recent years, space-time coding is proposed to pro-
vide significant capacity gains over the traditional communication
systems in fading wireless channels. In this paper, we consider the
problem of blind estimation of the channel parameters along with
space-time coded signals. Our proposed approach exploits the fi-
nite alphabet property of the space-time coded signals and is based
on the unconditional signal model by treating the information se-
quence as stochastic L.L.D. sequences. The iterative Baum-Welch
algorithm is then adapted to solve resulting unconditional ML op-
timization cost function. Finally, some simulation results are pre-
sented.

[. INTRODUCTION

The rapid growth in demand for a wide range of wireless
services is a major driving force to provide high-data rate and
high quality wireless access over fading channels [1]. However,
wireless transmission is limited by available radio spectrum and
impaired by path loss, interference from other users and fad-
ing caused by destructive addition of multipath. Therefore sev-
eral physical layer related techniques have to be developed for
future wireless systems to use the frequency resources as effi-
ciently as possible. One approach that shows real promise for
substantial capacity enhancement is the use of diversity tech-
niques [2]. Diversity techniques basically reduce the impact of
fading due to multipath transmission and improve interference
tolerance which in turn can be traded for increase capacity of
the system. In recent years, the use of antenna array at the base
station for transmit diversity has become increasingly popular
since it is difficult to deploy more than one or two antennas
at the portable unit. Moreover, the methods of transmitter di-
versity and channel coding have been integrated into a single
system, which is referred to as space-time coding, to provide
significant capacity gains over the traditional communication
systems in fading wireless channels 23, 13]

Achieving diversity gain for transmit diversity is particularly
challenging since the transmitter does not typically know the
channel. One problem in making space-time coding system
feasible is then the derivation of a fading channel estimation
technique. There has been considerable work reported in the
literature on the estimation of channel information to improve
performance of coded, coded modulated and space-time coded

This work was supported in part by the Turkish Scientific and Tehnical Re-
search Institute (TUBITAK) under Grant 100E006.

systems operating on fading channels [4], [5], [6]. In this pa-
per we consider the problem of blind estimation of the matrix
of path gains along with the space-time coded signals. Our
proposed approach exploits the finite alphabet property of the
space-time coded signals and is based on the unconditional sig-
nal model by treating the coded signals as stochastic LLD. se-
quences. We formulate the blind estimation problem in the un-
conditional maximum likelihood(ML) framework based on the
discrete-time finite state Markov process modeling. Since the
proposed algorithm jointly obtains the unconditional ML esti-
mates of channel matrix and the space-time coded signals, it
enjoys many attractive properties of the ML estimator.

1I. SYSTEM MODEL

In the sequel, we consider a mobile communication system
equipped with n transmit antennas and optional m receive an-
tennas tn < n. A general block diagram for the systems of
interest is depicted in Figure 1. In this system, the source gen-
erates bit sequence s(k), which are encoded by an error con-
trol code to produce codewords. The encoded data are parsed
among n transmit antennas and then mapped by the modulator
into discrete complex valued constellation points for transmis-
sion across channel. The modulated streams for all antennas
are transmitted simultaneously. At the receiver, there are m
receive antennas to collect the transmissions. Spatial channel
link between each transmit and receive antenna is assumed to
experience statistically independent fading.

The signals at each receive antenna is a noisy superposition
of the faded versions of the n transmitted signals. The con-
stellation points are scaled by a factor of E; so that the aver-
age energy of constellation points is 1. Then we have the fol-
lowing complex base-band equivalent received signal at receive
antenna j:

i3
ri(k) =y o (k)ei(k) +ns(k) (1)

i=1
where o ; (k) is the complex path gain from transmit antenna
i to receive antenna §, ¢;(k) is the coded symbol transmitted
from antenna i at time k, n;(k) is the additive white Gaussian
noise sample for receive antenna § at time k. (1) can be written

in a matrix form as

r(k) = Q&) (k) +n(k) 2)

0-7803-7400-2/02/$17.00 (C) 2002 IEEE




Space-Time Coder

[ o o '
. ¥
Information 4 H

Source | » Channel > Spatial N
s 3 Encoder Formatter b T
:___ _________________________ __: Fading
Channel
Information f
Sink Space-Time | Space-Time .
D) Decoder Demodulator . T

Fig. 1. Space-time coding and decoding system

where r(k) = [r1 (k), ..., T (B)]T € C7*1 is the received sig-
nal vector, c¢(k) = [ei(k), -, en(B))T € €t s the code
vector transmitted from the m transmit antennas at time k,
n(k) = [ni(k), -, nm (k)T € C™** is the noise vector at
the receive antennas and (k) € C™*™ is the fading channel
gain matrix given as

a1 (k) an,1 (k)
Q(k) = : 3
al,m(k) an,m(k)
We impose following assumptions on model (2) for the rest of
the paper:

AS1: Information sequence s(k) is adopting finite complex val-
ues.

AS2: The noise vector n(k) = [n1(k), ..., nm (K)]T is Gaussian
distributed with zero-mean and

E [n(k)nH (l)]
E [n(k:)nT (l)]

i

OZI(S;CJ
0

3

i

where E denotes expectation operator and 8,1 is the Kronecker
delta (8, = 1if k = I and O otherwise).

Thus n(k) is assumed to be uncorrelated both temporally and
spatially.
AS3: The fading channel is assumed to be quasi-static flat fad-
ing, so that during the transmission of L codeword symbols
across any one of the links, the complex path gains do not
change with time k, but are independent from one codeword
transmission to the next, i.e.,

k=1,2,---,L. (4)

The problem of estimating matrix of path gains along with
the space-time coded signals from noisy observations (L) =
7)), - ,rT(L))T is the main concern of the paper. The tra-
ditional solution to this problem is to first estimate 8 = [€2, o
from training sequence embedded in the input signal and then
use these estimates as if they were the true parameters 0 obtain
estimates of input sequence. As an alternative, we propose ML
blind approach based on finite alphabet property of the space-
time coded signals in this paper. Let us then derive ML cost
function for our proposed approach in the next section.

0;,5(k) = o,

111. ML ESTIMATION

Under AS2, AS3 and signal model (2), we can formulate the
joint ML function of u as

folr]w) W Q)
L
o d (k) — Q gluB)|?
< ,El e p{ ' }

where g(-) is the some nonlinear mapping that describes chan-
nel coder, spatial formatter and modulator, u(k) is the input
sequence influencing the space-time coded symbols.

In general, trying to estimate @ and u jointly from (5) is com-
putationally demanding except for small data alphabet size and
small data record. Therefore the goal is to obtain a cost func-
tion that is dependent only on @, in this way it is possible to
avoid least squares based two step procedures for blind ML es-
timation. To this end, we therefore consider an unconditional
signal model and compute the corresponding ML cost function
via the expectation of the joint ML function with respect to the
statistics of the input sequences

fo(r) =Eu [fo(r | u)] . (6

However, the expectation E, in (6) leads to complicated cost
function. The maximization of this cost function is therefore
computationally demanding. At this point, if we exploit AS1
and use the joint ML function (5), we can obtain the uncondi-
tional ML function specifically for the problem at hand as

1 L
fg(l‘) QnL(,)Taz)mL H (7)
k=1

FYLET !

T e {__ (k) — 2 (I }

p=1

X

where §, = [s(lk+1-1), ..., s(lk—1)]7 is the input vector influ-
encing the coded symbols at time &, ¢ is the number of memory
elements in the encoder, I = log, M is the information bits that
are transmitted (If we restrict ourselves to M-PSK). Since each
element of the ¢, takes on M possible values, MU+t-1) be the
set of all possible (I + t — 1) vectors of M.

The log-likelihood function for the unconditional signal
model is then given by

p=1

L
L) =C+ Y log g
k=1

(3)
and the unconditional ML estimation of @ is the global max-
imizer of L(6). Unfortunately, existence of the globally con-
vergent algorithm for this nonlinear cost function is unlikely.
Moreover, the direct maximization of (8) still results in compu-
tationally demanding nonlinear optimization problem. In find-
ing the ML estimator, it is quite common to resort numerical
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techniques of maximization such as the Newton-Raphson and
scoring methods. However, the Newton-Raphson and scoring
methods may suffer from convergence problems. As an alter-
native, the problem can be cast in a finite-state Markov chain
framework by employing the Baum-Welch algorithm which re-
duces computational burden significantly. The Baum-Welch al-
gorithm although iterative in nature, is guaranteed under certain
mild conditions to converge and at convergence to produce a lo-
cal maximum.

In the sequel, we exploit finite-state Markov process mod-
eling property of the space-time coded signals and employed
associated estimation algorithm to provide computationally ef-
ficient solution to resulting optimization problem.

A. Function of a Markov Chain

Many important problems in digital communications such
as inter-symbol interference, partial response signaling can be
modeled by means of finite-state Markov process with unknown
parameters observed in independent noise [8]. Based on the
AS1, codeword produced by the channel encoder in space-
time coder can be characterized as a finite-state Markov pro-
cess. Moreover, the received signal vector at an antenna array
in the presence of spatial formatting, fading channel and noise
can also be viewed as a stochastic process (function of Markov
chain) that has an underlying Markovian finite-state structure.

The space-time coder is characterized by a memory of length
¢ and MU+ 1) state trellis, where the state { (k) at time k labels
the coder memory (s(Ik +1 — 2), ..., s(lk — 1)),

Ck) eTl = {T,,, p=1,. MBI ()

The transition from state ¢(k) to ¢(k + 1) is represented on
the trellis by a branch denoted by the vector

(10)

and ¢p(k) € & = {€n,n = 1,---, M=} Then both the
{¢(K)} sequence and the {#(k)} sequence form a first order
finite Markov chains, i.e.,

PT((.b(k) =§&) = PT(C(k) =Ty, ¢k~ 1) = Ty)

for some ¢, s depending on k.

The observation vector r(k) can therefore be modeled as a
probabilistic function of the Markov chain. In the received
signal model, the unknown channel matrix € enter in a linear
way, while the nonlinear part of the function g(-) is due to the
space-time coder and is known. Let g(¢&,,) denote the space-
time coder output corresponding to the event @(k) = &, The
sample ¢(k) = £, is a realization of the complex random sam-
ple g(¢(k)) which takes M (1+t-1) possible values depending
on the ¢(k) = £,. Moreover, every realization of a sequence
of symbols corresponds to a branch sequence of length L, given
as

k) = [s(lk +1—=1),...,s{lk - 7

(D

X = (1, --,21), X€EE 12lelM P (12

The underlying Markovian structure of our signal model can be
characterized by the following model parameters: i) Pri¢(k) =
Tl Clk—1) =74)isa predetermined transition probability.
If no information about the transmitted sequence is available,
all permissible state transitions have the same probability, i.e.,
Prick) = 74 | C(k—1) = 7] = STy if state T,
leads to state 7. i) #(0) = [71(0), - -, Tpre4s-0 (0)] initial
state probability vector. If no assumption on the starting bits
is made, the initial probability is same for all states. iif) The
conditional density f(r(k) | ¢(k) = 1¢,¢(k — 1) = Ts) =
flr(k) | ¢(k) = &,) is that of a Gaussian complex random
vector with mean (3 g(£,,) and variance o%. Since the state
transition probability and the initial state probability vector are
predetermined, the only model parameter of the Markov chain
left to be estimated is f(r(k) | ¢(k) = &,) for the current
model. We therefore devise the Baum-Welch algorithm to esti-
mate the Markov chain model parameter (iii) or equivalently to
estimate 8.

B. Baum-Welch Algorithm

The Baum-Welch algorithm is a commonly used iterative
technique for estimating the parameters of a probabilistic func-
tions of a Markov chain. It maximizes an auxiliary function
related to the Kullback-Leibler information measure instead of
the likelihood function [7]. The auxiliary function is defined as
a function of two set of parameters 81, 62

Q(61,82) = Y fg, (r, X) log(fp,(r, X))

XEE

(13)

where X takes all possible branch sequences, (¢.g., [8D.

The theorem that that forms the basis for the Baum-Welch al-
gorithm explains the reason why Kullback-1Leibler information
measure can be used instead of the average likelihood.

Theorem: Q(8,6) > Q(8,6) = fg (r) = fg(r).

For the proof of the theorem, see [7].

The explicit form of the auxiliary function for the current
problem is 7],

I M(l+¢‘1)

QueY,0) = C+3 3 AE (14)
k=1 p=1

e RCRLERIE og(e™)}

where 8() is the old parameter estimates obtained at the ith
iteration while @' = [(¥', o"%] is the new parameter set to be es-
timated at the (i + 1)th iteration and 5" (k) = fge (r, ¢(k) =
€,) is the weighted conditional likelihood. The direct compu-
tation of weighted conditional likelihood is computationaily in-
tensive. Fortunately, there exists recursive procedures (called
forward and backward procedures), for computing fyff)(k)
whose complexity increases only linearly with data length N

(71
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The following explicit expression for the array response ma-
trix is obtained from 8Q /0%Y = O:

[ MUY

SO% A rk)eE,)”

k=1 p=1

Q(i+1) —

~1

(15)

I M(l-{*t-l)

x (S5 B e,)eE)”
k=1

=1

where (o) denotes the complex conjugate transpose.
The last equality follows from the definition of the partial
derivative with respect to a complex quantity (seee.g. [11])

99 _1f_eq . 99
B0, ~ 2 | GRe(q} T olm{0;})

1,

(16)

where (2;; is the i5th element of €.

12 . . . .
From 8Q/80 = = 0, the iterative estimation formula can
also be derived for the noise variance:

p o S T D W) - Vg€
o = T T . an
Ek:lzpzl ’717 (k)

Based on this results, the steps of the proposed unconditional
ML algorithm are summarized as follows:
Set the parameters to some initial value
(QO,
0,2 (0))

p® =

1. Compute the forward and hackward variables to
obtain 45 (k).
2. Compute Q'+ from (15).

,2(i+1)
3. Compute o from (17).
4. Repeat Steps 1-3 until |9+ —8%| < ¢, where
¢ is a predefined tolerance parameter.
5. Use fgo (r,p(k) = £,)'s to recover the trans-
mitted symbols.
Since the proposed method exploits the finite alphabet structure
of the space-time coded signals and implements a stochastic
ML solution, it is expected to exhibit better performance than
suboptimal estimation techniques, especially when short data
records are available. For a sufficiently good initialization, the
proposed algorithm converges rapidly to the ML estimate of 6.

1V. PERFORMANCE ANALYSIS: CRB

The evaluation of the exact form of the CRB requires the
Hessian matrix for the log-likelihood function. Under AS1, the
computation of the exact CRB is analytically intractable, we
therefore consider an alternative approach for simplifying CRB
calculation [9].

The corresponding log-likelihood function explicitly for the
current problem is given by

log [fp(r)] = —log(2"*(wo®)™")
I pFe=1)

- 1
Yo 3 e [~ Zixt - 066}

p=1
Unfortunately, due to nature of (18) the evaluation of the Hes-
sian matrix is analytically intractable. However it is common to
adopt (see e.g. [9]) an approximate log-likelihood function to
obtain valid CRB. Due to concavity of the log-likelihood func-
tion and Jensen's inequality, we obtain from (18) the following
approximate log-likelihood function:

(18)

L MU—H—'l)

oglfp®] < 3 3 log[exp{ ~ lir(k)
k=1 p=1
- 2P} (19)
If we further simplify (20), we obtain
1 I MO+D
log [fe(r)] < —;Z S k) Qg 20
k=1 p=1

At this point, we should point out that the Hessian matrix from
the approximate log-likelihood function can be easily obtained.
However, (20) leads to a CRB which is not as tight as exact
CRB, but it is computationally easier to evaluate.

It turns out from the approximate log-likelihood function of
(19) that the entries of the FIM are as

Jo2 02 = %, Jeaq = 0, Jg, = 0. @2n
Moreover, the submatrix J QO can also be obtained as
5 pgliti=1)
oo = = 21 g¢,) e (¢ @
p=

The LI.D. input sequence coded with orthogonal space-time
codes results in uncorrelated coded sequence. 1t is therefore
possible to further simplify the valid CRRB’s. In this case, the
valid CRB can be easily obtained as follows:

It=o® [ nl (23)

0 21 }
MY

V. SIMULATIONS

In this section, we illustrate some simulation results to evalu-
ate the effectiveness and applicability of the proposed uncondi-
tional ML approach. We consider generator matrix form repre-
sentation of the space-time coding system in this paper [10]. In
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this representation the stream of coded complex M-PSK sym-
bols are obtained by applying mapping function M to the fol-
lowing matrix muitiplication

c(k) A -

where u(k) = [s(lk+t—1),...,s(lk — $)]7 and G is the gen-
erator matrix with n columns and [ + s rows and M is a map-
ping function that maps integer values to the M-PSK symbols,
M(z) = exp(2rjz/M).

A space-time encoder example shown in Fig. 2 is considered
with n = 2, t = 3 and generator matrix,

modM)) 24)

2 0
10
G={0 2
01
2 2

This example would be the 8 state code with the systematic
depicted in Fig. 2. In this particular example, the coded 8-
PSK symbols are generated from [s(2k + 1), 8(2k), s(2k — 3)]
are transmitted over the first antenna, whereas the coded 8-PSK
symbols obtained from [s(2k — 1), s(2k — 2), s(2k — 3)] are
transmitted over the second antenna simultaneously. The coded
symbols are then transmitted through quasi-static fading chan-
nel matrix.

The performance of the proposed method was evaluated as
a function of SNR (signal to noise ratio) based on the Monte
Carlo simulations (200 trials per SNR point). In each trial, the
norm of the estimation error from unconditional ML for the
channel parameters were recorded. In Fig. 3, we have plotted
the estimation error norm obtained from conditional and un-
conditional ML for the channel parameters as well as the corre-
sponding approximate CRB.

Based on the simulations we made the following observa-
tions:

i) The unconditional and conditional ML approaches per-

form almost identically for high SNR values.

i) Sincethe unconditional cost function is dominated by only
one term for high SNR, it results in exactly the same cost
function as one would obtain for conditional ML estima-
tion of @. It is therefore expected that both conditional and
unconditional cost functions yield similar estimates of # at
high SNR.

V1. CONCLUSIONS

In this paper, we presented unconditional ML approach to
the problem of blind estimation of channel parameters along
with the space-time coded sequence. We derived iterative ML
algorithm based on the unconditional signal model. Further-
more, the performance of the proposed algorithms is explored
based on the derivation of approximate CRB. We also presented
Monte Carlo simulations to verify the theoretically predicted
estimator’s performance.
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Abstract

Minimum Shift Keying (MSK) is a bandwidth- and power—efficient modulation scheme with its
continuous phase and constant envelope properties. MSK is widely used in satellite communication
channels where bandwidth-efficiency takes an important role on the cost of the communication
system. A new technique that is used for reliable transmission of data over fading channels is
known as space-time coding. Space-Time codes employ multiple transmit and receive antennas
to ensure diversity. In this paper', the combination of these two techniques is presented. This
new scheme, namely Space-Time Coded Multiple MSK, has both high bandwidth— and power-
efficiency. A computer—based code—search algorithm has been developed to find codes with high
error performance. The exact bit error probabilities for the proposed codes have been investigated
over rapid fading channel. Simulation results show that the new codes outperform the given refer-
ence MSK codes. The exact error probability and simulation results are also shown to converge for
high signal-to-noise ratios.

1 Introduction

Wireless channel has severe problems that do not allow high-speed reliable data communications. Some
of these problems are the additive white Gaussian noise (AWGN), multipath fading and interchannel]
interference (ICI). Data rate at which reliable communications can take place is strictly limited by
these destructive effects. For years, the main approach to the solution of this problem have been on
the design of better codes that would ensure reliable communications at rates closer to the channel
capacity. Recently, Tarokh et. al. [1,2, 3] came up with a new coding approach exploiting the benefits
of using multiple transmit and/or receive antennas, such as the increase in channel capacity. Channel
capacity calculations for this case have been independently presented by Telatar [4] and by Foschini
and Gans [5]. Another technique that is used in order to increase the error performance in fading
channels is diversity. Diversity systems transmit replicas of data over independent channels to ensure
that at least one less—attenuated copy arrives at the receiver. These independent channels may be
in temporal, frequency and spatial domain. Diversity technigues can be implemented separately or
together. In temporal diversity technique, a less-attenuated replica may be obtained in the temporal

I'This work was supported by a grant from the Scientific and Technical Research Council of TURKEY (Project No:
100EE006) 25
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downain, where, in frequency diversity technique, diversity can be achieved using different frequency
regions. Spatial diversity technique, however, uses multiple transmit and/or receive antennas to ensure
independent channels in space. While the diversity schemes employing multiple receive antennas are
widely implemented in the literature, using multiple transmit antennas and designing different codes for
each transmit antenna by jointly considering the overall system error performance is & new approach.

Minimum Shift Keying (MSK) is a spectrally efficient modulation scheme with its constant envelope
and continuous phase properties. Using synchronous demodulation and exploiting phase continuity,
MSK has the same error probability as Binary Phase Shift Keying (BPSK). MSK trellis and signal
constellation are presented in Figure 1. Gince it involves an inherent coding due to the phase continuity,

Im
0/80

81
1/51

0/*-81

—%0 50 Re

—8
1/——5’0 '

Figure 1: MSK trellis and signal constellation

MSK modulation can be represented in terms of a convolutional encoder followed by a memoryless
mapper [8](Figure 2).

—

Memoryless
Mapper
Cy

so(t) " e

Figure 2: Coded-modulation representation of MSK

Until now, Space-Time codes have been applied to PSK and QAM modulation schemes, where,
in this paper, we apply to MSK modulation to exploit the additional bandwidth—efficiency as a result
of the continuous phase. The code search is performed on the set of the multiple trellis coded MSK
channel symbol pairs, but can be easily extended to sets with more than two consecutive MSK symbols.
Optimum and near—optimum codes for 2-, 4- and 8 state trellises are obtained. The exact pairwise
- error probability curves for the proposed codes are obtained using the technique given for trellis—coded
modulation by Cavers and Ho {7} and extended to space-time codes by Uysal and Georghiades [6].
Based on this approach, the bit error probabilities of the proposed codes are also estimated for rapid
fading channels.
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SPACE-TIME CODED MULTIPLE MSK

The organization of the paper is as follows. We describe the system model used in this study in
Section 11 In Section III, the development of the code-search algorithm is presented and a general
block diagram is given. In Section IV, exact bit error probability calculations for our codes are derived
and in Section V, simulation results are presented. Finally, the conclusions are given in Section VL

2 System Model

The block diagram of the considered system is given in Figure 3. The input to the space-time encoder

by MSK
F’ Modulator

:
4 Space-Time

Encoder -

Receiver

MSK
Modulator

Figure 3: Space-Time coded MSK System Block Diagram

is a sequence of binary digits denoted by a = (a1,a2, ..., ak,...) and the outputs are sequences of coded
binary digits. Each output sequence b is MSK modulated to arrive at one channel symbol pair per
data bit resulting in a rate 1/2 multiple trellis coded MSK denoted by ¢ix = (c:gf},c(fg, ’651276522, )
wherel1 <i<nand1<k<L.n and L stand for the number of transmit antennas and frame length,
respectively. Each channel symbol pair c§1,3 CE? is transmitted simultaneously via transmit antenna ¢ at
the time interval kT <t < (k+ 1T

The channel gains ¢ ;. corresponding to the channel between transmit antenna ¢ and receive antenna
7, are assumed as independent samples of complex Gaussian random variables with zero-mean and
variance 0.5 per dimension. This is equivalent to the assumption that signals transmitted from different
antennas undergo independent fades. The temporal characteristics of the channel gains can be modelled
either by rapid flat fading, where the channel gains vary from one symbol interval to another, or by
quasi-static flat fading, where the channel gains stay constant for a frame and vary independently from
one frame to another.

The additive white Gaussian noise samples 7 are, as usual, modelled as zero-mean complex
Caussian distributed random variables with variance N, /2 per dimension.

9.1 Quasi-static Flat Fading Case

The received signal at receive antenna j in time interval k for the quasi-static flat fading case can be
given by

n
) =3 0nse B trf) 5125 = L2 W
i=1

where Eg is defined as the average energy per symbol. Assuming ideal channel state information (CSI),
the probability of transmitting ¢ and deciding in favor of the erroneous sequence € at the decoder is
upper bounded by

Ple — elay ;i =12, j =1472...,m) < exp(—d?(c,e)Eg/4N,) (2)
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where d2(c, e) is defined as the Euclidean distance hetween the correct and erroneous sequences, ¢ and
e. d*(c,e) can be calculated as

2 n 2

dQ(c, e) = iz

j=1k=1p=1

)
o (e - eB)

i=1

(3)

After simple manipulations, we can arrive at the pairwise error probability upper bound for space-time
codes over quasi-static flat Rayleigh fading channels, ik

T

Plc—e) < (H ,\i> (Eg/4N)™™™ (4)

i==1

where r and ); denote the rank and it non-zero eigenvalue of the path difference matrix A(c,e).
A(c,e) can be easily computed by its square-root B(c,e):

A(c,e) = B(c,e).B™(c,e) (5)
1) 1 @) (2) a 1 2 2
e(lil - C<1iz 31%1 - C1{.}1 el,)L - 0(1%, eEJL - C%},
3 ) 1 i 3 P
foan - A
- 1 1 p) 1 1 3 2
B(c,e) = €31 ~ €31 Csi —C3 i gi - CgJ)J e(s )L - 0(3}, (6)
1) 1 (2 2) 1 1 2 2
eEz,l - CS"L.)I e’n,)l = Cp1 e e efz,)L - 61(1,)[, en,)L - CEL,)L

with (.)* representing the complex conjugate operation. From (4), to minimize the pairwise error
probability, one should first maximize the minimum rank of the path difference matrix A(c,e) (Rank
Criterion), then maximize the minimum sum of determinants of all the principal r * 7 cofactors of A
(Determinant Criterion) for all possible error events.

2.2 Rapid Flat Fading Case

Similarly, the received signal at receive antenna j at time interval & for the rapid flat fading can be
given by

n
a7 =5 al?) BVEs + n® L p=127=12.m . (7)
=1

This time, the path gains agf})‘k for k=1,2,...,0L,i=12,..,n7=12.,mcan be modelled as
independent samples of a complex Gaussian random variable with zero-mean and variance 0.5 per
dimension. This assumption corresponds to rapid Rayleigh flat fading. Also, ng”g are samples of
independent zero-mean complex Gaussian random variables with variance N, /2 per dimension.
Pairwise error probability upper bound can be obtained as

Plc — e[ag?.k,i =1,2,...,nj=12.,m k=12 L Lp=12)< exp(—d?(c,e)Es/4N,) (8)

where d?(c,e) can be defined as

L 2

Plee =213

j=1k=1p=1

n

~ @ (,» (»)
Zai,j,k(c‘i,k Gk

1=1

9)

Averaging with respect to the Rayleigh distribution, we arrive at

L 2 ) ) ES -m
P(c—e) < HH (}); |t — eff rm) . (10)
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Let v(c, e) denote the set of time instances such that lci”) ~ egf’)\ # 0 and let |v(c, e)| denote the number

of elements of (c,e). Then (10) can be rewritten as

remas T (4 -Pgp) (1)

kpevice)

To minimize the pairwise error probability, we should first maximize |[v(c, e)| (Distance Criterion),
then maximize the minimum of the products  [] )cff) - egf’) |2 taken over distinct codewords ¢ and
k.p€r(c.e)

7n
e where (:}3)) —ePp =S !c(pk) - (,gpglz (Product Criterion).
i=1 ’

1

3 Code Search Algorithm

A computer-based code search algorithm has been developed to search for space-time coded MSK
schemes that have good error performance over quasi-static and rapid fading channels. Our search
set is limited to trellis coded MSK symbol pairs, but can be easily extended to sets with more than
two consecutive MSK symbols. 2-, 4-, and 8- state space-time coded MSK schemes that ensure full
“diversity for both quasi-static and rapid flat fading channels are found. Search results are presented in
Figures 4-6.

Quasi-static F. Rapid F.
Tx! Tx2 Tx1 Tx2
€&
o So Sp S, -8, 8y -5, 8 =5
c, 8, -Sg Sp S Sp 51 So Sy
Cy -85-S; | ~S; 8 -5, 8 -8y 8y
¢, ¢, c, =88 | -Sp-85 | -So-85 1 =So-S

Figure 4: 2-state space-time coded nmultiple MSK schemes

While the 2- and 4-state codes are fully optimized for the two criteria for both type of channels,
8-state codes are only optimized for the first criteria. This is because of the increase in processing time
for the second criteria over quasi-static and rapid fading channels with the growing number of states.

The proposed codes have the following parameters for the quasi-static (QF) and rapid (RF) fading
channels.

QF QF RF RF
Rank C. Determinant C. Distance C. Product C.
2 State 2 64 4 1024
4 State 2 128 6 36864
8 State 2 96 7 6912

4 Exact Error Probability Evaluation

The exact expressions for the bit error probabilities of the proposed codes under rapid fading has been
evaluated by the technique given for trellis-coded modulation by Gavers and Ho [7] and extended to
space-time codes by Uysal and Georghiades [6]. Inghis technique, it is assumed that the received signal

N
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Quasi-static F. Rapid F.
Txl Tx2 Txl Tx2
¢ &
¢, S So 8y -8 $6 50 8, -8,
s S, -Sg 5084 8 ~Sq Sg 5
¢y €, e .
34 Ly -84 -Sg -8, S, SIS -8 S,
¢y -5, 85 -85 -5, -85 S ~Sg -84
Cq ot -$, So -8y -8, -8} S
Cs G € 51 8 -8q -8 81 8y S0 ~Sq
¢y So 8 Sy ~Sg 8 -Sq $, g
oo Cq S, -8, Sp 5o S So S So
7Cs

Figure 5: 4-state space-time coded multiple MSK schemes

is passed through a matched filter having an impulse response with a scaling factor of 1 /vN,. The
received signal is

(p) Z afp]), TE}? +n; ) ] (12)

where w ) denotes the pt* transmitted symbol from the ith transmit antenna in the k*% time interval.
For Idpld fading channels, the maximum likelihood receiver chooses the sequence x which minimizes

mdx ZZZ

j=1k=1p=1

2

d(p) Z L\Spj)kzipk) (13)

Then, the probability of the receiver to decode X when, in fact, x was transmitted can be given by

P(x — %) = Pr[m(d,%) < m(d,x)] = Pr|D < 0] (14)
where D is defined as
m L 2 m L 2
D=5 508 =S 53 (midR #5) - midf. = ) (15)
j=1 k=1p=1 7=1 k=1p=1 )

After some simplification, D( ) can be obtained by

Za(r)) (P) gp) (p)* Za(g)k* & (fr’g* _ Epk)*)ngplg (16)

ok

ZC‘?;)A (p) mxp

which is similar to the well-known quadratic equation DE’Q = lr§p,2‘12 + B(P)l gp)‘g J(pA) §p) (e

C(P)* Py, () and A(P) —_ O B(P) — 1 C(p) —1.

Pl B0, where r(z)) = n'P), (») Z a(z)) (p) (})))

Gk Ug k SPAJ
Because of the spatial and temporal mdependency, the characteristic function of D can be given as

e

HHHM@ (17)

PP {1 E -
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Quasi-static F. Rapid F.
Tx1 Tx2 ~ Txl Tx2
¢y 0y -« .
¢ 50 3o Sy Sy 5178 So So
¢, ¢, 2 5051 Sy "3y S0 5 5 Sy
3 <
Ca -5 -85 -5y Sy -5y 5 -5y 5y
) C4 59 ~5y -8y -Sg Sy Sy 80 -5y
€5 Cq C e < e
Cs S -5 59 Sp Sy Sp Sg Sg
S Sy 59 Sy -8y 8y S Sy -8y
€y Cy
<y -8y 8 -8y 8y “Sp5) -$1 8
Cy -8y 8 Sy g -8y 8y Sy =S¢
Gy Cyp Cy Sy =S, 89 50 So Sy 875,
Cig 51 Sy ) Sy -8y S0 5y
Cy St 59 -5y Sy 56 -5, Sy 59
Cyp €y .
1S Cpa -8, 8§, ~S “Sp -5, 8, -5y 8
Cy3 S Sy S0 So S1 -5 Sp So
13 Cua Cit So 84 S; -89 So 51 81 Sy
Ce -8 -5 -8, 8y -S4 So 8y -8,
c.c Cig -8y -5y -8y ~Sy -5q ~Sg -S4 -Sy
15 €16

Figure 6: 8-state space-time coded multiple MSK schemes

where M(”( ) is defined as the two-sided Laplace transform of the pdf of the Gaussian distributed

. random variable Dg’? 9957) 2 (s) is given by

(» (P
) P1jxP2 5.k
@5 (8) = (18)
" (s — ) (s = pF) )
with
P I
Pije | . RV 1
: =wj F (W) +
o, ’ \/ P At o — e HCE2 — AT BI)
and
(») _ Agplz“rr B( K H‘W C( A Hre C&:}?*“rv

U frend
4.k %

A phyr o — Iﬂrvl')(i 4.k tz - gp) (p))

[y by and L, denote the variances of random variables r(p ) and o)

;.4 and covariance between them,
respectively. Assuming ideal CSI, ®p(s) can be expressed as

—m m

op(s)=| ] (5\; Z\iﬁﬁ?—xﬁ? 2) I1 (p)~1 ) (19)

kpev(x,d) O =1 k,per(z,2) 16(s — p; g, k)(“" Pz,J 1\)
where
(»)
Pik 1 1
{ p(pﬂ } RRIRET: - Eg o |alp) _ (@)
4B 30 |50 2
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The probability of error can be expressed in terms of the Laplace transform of D as

P(x — %) = Pr[D <0} = — ZR%’MU@ [®5(8)/8) Right Prane Potes - (20)

Up to now, we have presented the exact expression for the pairwise error probability which is usually
not enough to estimate the error performance of the code. Therefore, we use the transfer function
approach. We estimate the bit error rate of the code by considering only some error events of lengths
up to a pre-determined number. This estimation can be given by the equation:

Py = 2 3 alx = RP(x = %) (21)

xFER

where M is the number of input bits per trellis transition and g(x — %) is the number of bit errors
associated with the considered error event.

5 Simulation Results

Computer simulations have been obtained for the proposed codes over quasi-static and rapid flat
fading channels. Error performances of the proposed rate 1/2 coded multiple MSK codes have been
investigated over a communication system employing two transmit and one receive antennas. Channel
state information is assumed to be known perfectly at the receiver (ideal CSI). Frame size is taken as
100 trellis transitions which corresponds to 200 channel symbols. Simulation results are presented in
Figures 7-9.

1 I
2Tx 28tate
2Tx 4State
2Tx 8State
2Tx same code |1
1Tx 2State

Frame Error Probability

0 2 4 6 8 10 12 14 16 18 20 22 24 26
Eb/No (dB)

Figure 7: Frame error probabilities of the proposed multiple space-time coded MSK schemes for quasi-
static flat Rayleigh fading channel
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-0~ 2Tx 2State
-0~ 2Tx 4State |:
-k~ 2Tx 8State |+

Frame Error Probability

Eb/No (¢B) .

Figure 8: Frame error probabilities of the proposed multiple space-time MSK codes for the rapid flat
Rayleigh fading channel

Reference space—time and trellis coded MSK schemes have been used to emphasize the benefits
of using multiple transmit antennas and employing proper coding for them. First reference schemne
employs one transmit and one receive antennas. It is designed to have optimal performance over quasi-
static flat fading channels. The second one employs two transmit and one receive antennas but two
antennas transmit the same channel symbols simultaneously. '

Tt is easily seen from Figure 7 that, codes that guarantee rank 1 have poor error performance
compared to the others with rank 2. Full rank codes have close error performances, while their order
is determined by the value of the determinant criterion.

According to the simulation results over rapid fading channels, codes with higher distance parameter
have better error performance for high signal-to-noise ratios. To achieve a frame error probability of
10~#, the 2-state code requires a signal-to-noise ratio of 17dB, where 4~ and 8-state codes need only
12dB.

" For both type of channels, while the primary criterion effects the slope of the error curves, secondary
criterion effects their values.

According to Figure 9, it is proven that the bit error probabilities of space-time codes are well-
estimated by using the exact error probability technique. Simulation and analytical bit error probability
curves converge at high SNR values as seen from Figure 9.

6 Conclusions
In this paper, the space~time coding technique is applied to MSK modulation technique to achieve a

power— and bandwidth-efficient communication system. Optimum and near-optimum codes for both
quasi-static and rapid fading channels have bedd designed. Error performances of the proposed codes
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1] - EEP 4State |3
-0- SiM 45tate |4

—4— EEP 2State |

Bit Error Probability

o] 2 -4 6 8 10 12 14 18 ‘ 18
Eb/No (dB)

Figure 9: Bit error probabilities of the 2— and 4-state multiple space~-time coded MSK schemes for the
rapid flat Rayleigh fading channel

have been investigated analytically and by means of computer simulation. Exact error probability
calculation technique is applied to estimate the error probabilities of the new codes over rapid flat
Rayleigh fading channel. It is shown that our codes outperform the considered reference MSK systems.
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Abstract - Performance of data communication systems
over wireless channels is severely degraded by the
multipath fading effects. Space—time codes exploit the
channel capacity increase by using multiple transmit
and/or receive antennas. This ensures space diversity
without expanding the required transmission bandwidth.
A type of space-time codes, namely orthogonal transmit
diversity (OTD), has recently attracted much attention.
This scheme has low complexity and can achieve
maximum diversity. However, error performance of OTD
systems decreases in the absence of perfect channel state
information at the receiver. In this paper, we present an
enhanced power control scheme for OTD systems with
two transmit and multiple receive antennas. Simulation
results have been presented to show the performance
improverment.

Keywords - Orthogonal Transmit Diversity, Fading
Channels

I INTRODUCTION

Wireless communication systems suffer from several
destructive effects, such as the additive white Gaussian
noise and the fading effect caused by the multipath
structure of the communication channel. Data rate
at which reliable communications can take place is
strictly limited by these disturbances. At high mobility
conditions, the performance of wireless communication
system is severely degraded by the multipath fading
effect.

A well-known technique used in order to increase
the error performance of communication systems in
fading channels is diversity. Diversity systems transmit
replicas of data over independent channels to ensure
that at least one less—attenuated copy arrives at the
receiver. These independent channels may be formed
in temporal, frequency and spatial domains resulting
in time, frequency or space diversity which can be
implemented separately or together. In temporal
diversity technique, diversity can be achieved in time,
while, in frequency diversity technique, independent
channels can be formed over different frequency regions.
Space diversity technique generally employs multiple
transmit and/or receive antennas. These antennas are
located at enough distance of each other to ensure
that the formed channels are independent. Schemes
employing multiple antennas and using signal processing

0-7803-7589-0/02/$17.00 ©2002 IEEE

based combination at the receiver are widely investigated
in the literature. However, using multiple antennas at
each mobile unit would result in an increase of the system
cost. ‘This is the first motivation to design schemes
employing multiple antennas at the base station.

The first studies on this issue were done when Telatar
[1] and Foschini and Gans [2] independently calculated
the capacity of multi~antenna channels. Results of
these works have shown that multi-antenna systems have
higher capacities compared to that of the single antenna
schemes. Then, Tarokh et al. [3, 4] came up with a
new coding approach exploiting the benefits of using
multiple transmit and/or receive antennas. This new
scheme is known as space-time coding. Main idea of
this technique is using multiple transmit antennas and
designing different codes for each transmit antenna by
jointly considering the overall system error performance.
On the other hand, Alamouti [5] proposed orthogonal
transmit  diversity (OTD) scheme employing two
transmit and M receive antennas. This scheme ensures
full diversity over fading channels with low complexity.

II SYSTEM MODEL
A.  Alamouti’s Scheme

According to this scheme, for a communication system
employing two transmit and one receive antennas,
channel symbols sg and s; are transmitted over a period
of two signalling intervals. It is assumed that channel
gains (fading coefficients) remain constant over a period
of two signalling intervals and vary independently from
one period to the other. In the first interval, s¢ is
transmitted from the first transmit antenna, while, sy
is transmitted from the second. In the second signalling
interval, the symbol —s¥ is transmitted from the first
transmit antenna and s} is transmitted from the second
one. Thus, each channel symbol has been transmitted
over the two independent channels. The received signals
at the first and second intervals can be given as

ro = hosg + h1s1 + o
ry o= —hoSI + hlsg + 1y

(1)

with (.)* representing the complex conjugate operation.
ho = [holej% and hy = Ihliejel denote the channel
gains defined from the first and second transmit antennas
to the receive antenna, respectively. These fading
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coefficients can be modelled by zero-mean, complex
Gaussian distribution with variance 0.5 per dimension.
ho and h; are assumed to be uncorrelated random
variables. Noise samples ng and n; are also modelled
as zero—mean, complex Gaussian random variables with
variance Np/2 per dimension and are assumed to
be statistically independent for different channels and
subsequent signalling intervals.

Assuming ideal channel state information (CSI), the
received signals ro and ry are combined as follows,

§g = hz;’r'o -+ hﬂ'{
= (|hol? + |h1]?)s0 + hgno + hanj
31 = hire — hery

= ([hol?® + |h1|*)s1 — hont + hing

@)

where §; and s are the estimated values for s¢ and s;.
These estimates are used for the decoding of the received
signals due to the maximum likelihood decision rule. The
estimated value for a transmitted channel symbol (sg or
s1) depends only on itself and some noise components.
It can be seen from (2) that if one of the channels is
effected by severe fading (ho = 0), the replica of the
symbol transmitted over another channel could improve
the error performance. The performance of orthogonal
transmit diversity systems decreases in the absence of
perfect CSI. Erroneous estimate of the channel gains can
be given as

Bgzhow“éo

~ (3)
hi = hy + €1.

In (3), channel estimation errors e and ¢; are assumed
to have zero-mean complex Gaussian distribution with
variance o;. The quality of the estimation process can be

given by the signal-to—estimation error of channel fading

parameters ratio (SECR) which is given by o%/0}. o}

stands for the average signal energy of the constellation
used. Receiver uses the erroneous channel estimates
he and hy for the combination process. Therefore,
transmitted symbols are then estimated as

3o :ilg'f’g + ﬁlrf
=(hg + €§)ro + (h1 + €1)ry
=(lho|? + |h1 | + hoel + hier)so
+ (hy€} — hier)st
+ (g + €5)no + (hy +€e1)ny
3y :ﬁi‘ro - fzorf
=(h} + €} )rg — (ho + €07}
=(lho|? + |h1 | + hi€l + hieo)s1
+ (hoel — hieo)so
+ (hy + €] )no — (ho + €o)n].

According to (4), the estimates include a dominant
signal term, an intersymbol interference term and
noise terms. At high signal-to-noise ratios (SNR),
intersymbol interference becomes the primary effect
degrading the error performance. This term causes an
error floor which is independent of the SNR value.

B.  Power Control Scheme for Single Receive Antenna

To increase the error performance of orthogonal transmit
diversity systems employing two transmit and one receive
antennas in the absence of ideal CSI, Fan et al. [6] have
presented a power control scheme. According to this
scheme, the signals to be transmitted from the first and
second transmit antennas are multiplied by constants a
and b, respectively. In order to keep the average transmit
power constant, power control coefficients a and b are
chosen to satisfy a® + b® = 1. At the receiver, each
received signal is multiplied by the corresponding power
control constant. Power controlled estimation gives

3o :ajzarg + bﬁlri
=a(h§ + €§)ro + b(h1 + €)r]
=(a®|ho|? + b*|h1|?* + a®hoel + bPhier)so
+ ab(hyel — hger)s:
+a(hg + €5)no + b(hy + €1)n] %)

gy =bhlro — ahor}
=b(h} + €})ro — a(ho + €0)r]
=(a?ho|? + 0*|h1|* + b*hiel + a®Ren) sy
+ ab{hoe] — hieo)so
+ b(h} + €])no — alho + €0)n7.

The selection of the power control parameters depends
on the channel gains of the corresponding signalling
intervals. If the gain of the first channel is higher than
the second {|hg| > |h1]), power control parameter a is
chosen greater than b to concentrate the transmit power
to the channel with higher gain (better channel). The
transmitter side has to know which channel has better
characteristics over this interval. This information is
sent from the receiver to the transmitter by a feedback
channel. This feedback channel is assumed to be error
free.

This scheme improves the signal-to-noise ratio of
the received signal. Moreover, it can increase the
signal-to-interference ratio (SIR). As an example, if the
power control parameters in (5) are chosen as a = 1 and
b = 0, the intersymbol interference terms will disappear
and the communication system will be equivalent to a
selective diversity system.




C. Power Control Scheme for Multiple Receive
Antennas

In this paper, the power control scheme proposed
by Fan et al. for two transmit antennas and one
receive antenna is extended to the cases where the
receiver is equipped with two and three antennas. The
complexity of the power control scheme increases for
the multiple receive antennas case. The increasing
number of independent channels used makes the power
control parameter selection much more difficult. Channel
symbol estimates §y and §; have been expressed for these
schemes and computer simulations have been performed
for the proposed power control schemes for different
values of SNR and SECR. The considered schemes are
given in Figure 1.

(a) (b}

Figure 1: OTD scheme employing (a) two receive
antennas (b) three receive antennas

For the OTD system employing two receive antennas,
the channel gains between the two transmit and two
receive antennas are shown as hg, f1, he and hg, as
depicted in Figure 1. If the symbols transmitted from
the first and second transmit antennas are weighted by
the parameters a and b, respectively, signals received by
the first and second receive antennas in the subsequent
signalling intervals can be given by

ro =ahgsg + bhisy + ng

. . (6)
r1 = — ahgs] + bhisg + 1
and
79 =aha8y + bhasy + ng (7)
r3 = — ahgs] + bhssy + ng
respectively. Although the power control scheme at

the transmitter side is the same, receive antenna power
controls and selection of the parameters are quite
different than the one receive antenna case. Combination
process may use different selection of power control
parameters at each receive antenna. (c¢,d) parameter
pair is used for the signals received at the first receive
antenna, while, (e, f) is used for the second antenna.

Thus, the estimation values can be calculated as

8o :Cila’/‘() -+ d;?ll TI -+ 8)1;7‘2 -+ filg?'g (8)

S :dilITQ — CﬁOTI -+ fil;'l‘g — G;Lg’l‘g
which gives

8o = (aclho|® + bd|h1|* + ae|ha|? + bf|hs|?
+ aceghg + bderh] + aeezhy + bfeshy)so
+ (behdhy — adhihy + behihs — afhihs
+ beelhy — ader hg + beeshs — afeshy)s:
+ c(hg + €§)no + d(h1 + €1)n]
+e(hy + €3)ns + flhs + €e3)n;

9)

§1 = (aclho|? + bd|hy|* + aelhe|® + bf|hs|?
+ aceghy + bdeThi + aeeahy + bfeshs)s,
+ (adhoht — behohl + afhohi — behohj
+ adeTho — beeghl + afeshy — beeahy)sg
+ d(h] + €] )ng — c(ho + €)1}
+ f(hs + €5)no — e(hy + €2)n3.

(10)

With the increasing number of receive antennas, random
interference terms in §p and §; become more effective on
the error performance. The most important aim of power
control is to minimize the disturbing effects of these
terms on the overall system performance. The number
of independent channels is four for the communication
system employing two receive antennas. Consequently,
feedback and power control schemes will not be as simple
as the single receive antenna case. For single receive
antenna, the number of states to be decided at the
receiver is only two representing the cases (Jho| > |h1]) or
(Jho| < |h1). On the other hand, for two receive antennas
case, four states represent all possible cases which are

(Iho| > [h1| AND |ha| > |hs)),
(Jho| > || AND |ho| < [hs]),
([hol < |P1]| AND [ha| > |hs]);
(V’L(ﬂ < [hlf AND Ihg[ < 1’13')

At the beginning of each signalling interval, transmitter
has to know the channel state in order to implement
power control. This information is supplied by the
transmission of two control bits over the feedback
channel. Transmitter determines the values for the power
control parameters upon this feedback information. SNR
and SIR values at the receiver should be maximized
in order to increase the error performance of the
communication system. If the channels between the first
transmit antenna and the receive antennas are in better
condition compared to the second one, for which

(Ihol > [ha] AND |hs] > |hs]),




the parameters are chosen as ¢ = ¢ = e = 1.0, b =
d = f = 0.0 to concentrate the total transmit power on
the first transmit antenna. Similarly, when the channels
between the second transmit antenna and the receive
antennas are in better condition, for which

(Iho| < |ha]| AND |hs| < |Ral),

the parameters are chosen as a = ¢ = e = 0.0, b =
d = f = 1.0 to concentrate the total transmit power
to the second transmit antenna. These values ensure
that the intersymbol interference terms will disappear in
the resulting estimation values and the communication
system will behave like a selection diversity system. The
worst case appears when the receive antennas can not
distinguish the transmit antenna with higher channel
gains which occurs for

(Iho| > |h1| AND |ha| < |hs]),
(lho! < ‘hll AND ‘hg} > !hgi)

In these cases, parameters are chosenasa =b=c=d =
e=f = /0.5 and no power control is applied to avoid
erroneous power concentration on one of the transmit
antennas.

For the case of three receive antennas, the channel
gains are denoted by ho, h1, ha, hs, he and hs (Fig.1).
Transmit power weighting parameters a and b are used
at the transmitter which gives

ro =ahgSe - bh1s1 + o

. . (11)
Ty = — ahoSl + bhlé‘o -+ ny
at the first receive antenna in the subsequent signalling
intervals. The received signals at the second receive
antenna can be given by

ro =ahasy + bhgsy + o (12)

r3 = — ahys] + bhasy + s
while

r4 =ahgSy + bhssy + 14

(13)
rs = — ahqs} + bhssy + ns

are received at the third receive antenna over the same
intervals.
At the receiver, the combinator uses the power control
parameter pairs (c,d), (e, f) and (g,h) for the signals
received at the first, second and third receive antennas,
respectively. The received signals are combined to
determine the values

3g ZCBSTQ + dim‘f + ehgm + filg’l“; + gfzjm -+ hl~15r§

5 :diz;-ro - cﬁorf + f7L§r2 — efbgrg + hﬁgm - gﬁ4r§
‘ (14)

in order to estimate sq and s;. Using (11), (12) and (13)
in (14) yields

g0 = (aclho|® + bd|h|* + aelhy|? + bf|hs|® + aglhsl?
+ bhlhs|? + acegho + bdey b + aeesha + bfesh’
+ ageshs + bheshy ) so
+ (behhy — adhyhy + behshs — afhihs + bghlhs
— ahhlhs + beehhy — adeihg + beeshs — afesh’
+ bgeshs — aheshy)s,
+ c(hg + €5)no + d(hy + e)n] + e(hs + €3)na
+ flhs + e3)n} + g(h} + €;)na + h(hs + €5)ng
(15)

vy

&1 = (aclho|? + bd|h1|? + aelha|? + bf|hs|® + aglhal?
+ bhlhs|? + aceoh, + bdethy + aeexhs + bfeshs
+ ageshy + bhefhs)sy
+ (adhoh? — behoh} + afhohl — behahy + ahhahy
— bghyhi + adeho — beeoht + afeshy — beeshy
+ aheths — bgeshi)so
+ d(h} + €)ng — c(ho + €o)ni + f(hs +e3)ne
— e(hy + €2)n3 + h(hi + et)ng — g(hy + €a)ng.
(16)

There are again four different cases for power control. If
all the channel gains from the first transmit antenna to
the receive antennas are higher than those of the second
transmit antenna, mainly if

(“L(); > ihlt AND ihg! > lhg‘ AND Ih4l > ¥h51>,

the power control parameters are chosen as @ = ¢ = e =
g=10and b=d = f = h = 00 and all transmit
power is concentrated on the first transmit antenna.
Equivalently, if the channel gains assigned to the second
transmit antenna are higher, mainly if

(Ihol < |7a] AND |ha| < |hs| AND |ha| < |hs)),

the total transmit power is used for the second transmit
antenna by choosing @ = ¢ = e = g = 0.0 and
b=d=f=h=10. On any other cases where

(Jho] < |h1| AND |ha| < |hs| AND |hq| > lhs]),
(lhol < |h1] AND |hy| > |h3| AND lha] < |hs]),
(ho| > || AND |ha| < [hs| AND |hq| < |hs]),
(Sho{ < th’li AND !hgf > lhgl AND !hd > ih5D,
(/ho| > [h1] AND |ha| < |hs| AND [he| > |hs]),
(Ihol > [h1] AND ha| > [hol AND [ha] < |hs]),

the power control parameters are chosen as a = b=c=
d=e=f=g=h=+0.5 to avoid erroneous power
concentration.




IIT SIMULATION RESULTS

Bit error probabilities of the proposed power control
schemes employing one transmit and multiple receive
antennas have been investigated for different SECR
values by means of computer simulations. Simulation
results are presented in Fig.2 and Fig.3, where simulation
results for the corresponding Alamouti’s schemes are also
included for the comparison purposes.

Bit Error Probabiity

{ =+~ SECR=5dB Alamouti
1 ~@~ SECR=50B Power C.
1 —#- SECR=10dB Alamouti
1078} ~— SECR=10dB Power C.
| -8~ SECR=15dB Alamouti
| =@~ SECR=15dB Power C.
| k- SECR=20dB Alamouti
1%~ SECR=20dB Power C. | : L
107 s i £

0 5 10 18 20
SNR per receive antenna

Figure 2: Simulation results for two receive antennas

According to these results, for 10dB of SECR, the
scheme with two receive antennas needs 2dB lower
SNR than the conventional orthogonal transmit diversity
scheme with two receive antennas to achieve a BER of
103, while this gain becomes more than 5dB for 107%.

Bit Error Probability

-t SECR=5dB Alamouti
-6~ SECR=5d8 Power C, )
~#~ SECR=10dB Alamouti |-+ %
8] | =~ SECR=10dB Power C.
-8~ SECR=15dB Alamouti
~&~ SECR=15dB Power C.
k- SECR=20dB Alamouti
~#- SECR=2008 Power C. 3

u b I3 1
1o 4] 5 10 15 20
SNR per receive antenna

Figure 3: Simulation results for three receive antennas

For the case of three receive antennas, the gain achieved

by the power control scheme seems to decrease compared
to the two receive antennas case. With the increasing
number of receive antennas, the probability of them
to agree on the same transmit antenna as having
higher gains decreases. This forces to the equal power
concentration on two transmit antennas more often
which consequently forces the power control scheme to
approach the Alamouti’s scheme.

IV CONCLUSIONS

In this paper, power control schemes for orthogonal
transmit diversity systems employing multiple receive
antennas have been proposed in order to increase
the error performances of these systems in multipath
fading channels. Bit error probabilities of the proposed
schemes have been investigated by means of computer
simulation. Performance curves have been compared
to the corresponding reference orthogonal transmit
diversity systems in order to emphasize the error
performance improvement of the proposed schemes with
power control.
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EM-Based Sequence Estimation for Wireless
Systems with Orthogonal Transmit Diversity
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Abstract— In this paper, an optimum sequence estimation
algorithm for wireless systems with Alamouti’s two transmitter
diversity in the presence of multipath fading is proposed. The
algorithm is based on a jointly iterative channel and sequence
estimation according to the maximum likelihood (ML) criterion,
using the Expectation—Maximization (EM) algorithm employing
M-PSK modulation scheme with additive Gaussian noise. The
discrete multipath channel is represented in terms of the chan-
nel gains from each trapsmit antenna to the receive antenna.
EM algorithm derived estimates jointly the complex channel
parameters of each channel and the data sequence transmitted,
jteratively, which converges o the true ML solution. The channel
estimation is achieved in a simple way through the iterative
equations by decoupling of the signals transmitted from different
antennas. The algorithm is applied to the trellis coded modulation
systems and efficiency of the algorithm proposed has been shown
by the computer simulations. Simulation results show that the
EM algorithm converges quickly for fast fading channels. The
performance of the EM-based decoder approaches that of the
ML receiver which has perfect knowledge of the channel.

1. INTRODUCTION

Transmitter diversity is an effective technique for combating
fading in multipath wireless channels. It has been observed
recently that transmitter(spatial) diversity may be the only
option when the frequency and time diversity techniques are
not always available. Transmit diversity has been studied only
recently to reduce the detrimental effects in wireless fading
channels because of its relative simplicity of implementation
and feasibility of having multiple antennas at the base stations.
Several transmit diversity techniques were studied extensively
in the past. Wittneben [1] proposed the first bandwidth efficient
transmit scheme and subsequently, a delay diversity scheme
was introduced by Seshadri and Winters, (2]. More recently,
space-time trellis coding has been proposed by Tarokh, Se-
shadri and Calderbank [3] which combines signal processing
at the receiver with coding techniques appropriate to multiple
transmit antennas. These so-called space-time codes perform
well in slowly-fading channels, assuming perfect channel
information(CST) at the receiver. With the presence of channel
mismatch, however, system performance suffers a significant
degradation.
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Recently, Alamouti proposed a remarkable transmit diver-
sity scheme for transmission using two fransmit antennas,
[4]. This scheme has been generahzed later in [5], [6] to an
arbitrary number of (ransmit antennas and is able to achieve the
full diversity promised by the transmit and receive antennas.
Assuming that the channel state information is available some-
how, the orthogonal structure of these space-time block codes
enables the ML decoding to be implemented in a simple way
through decoupling of the signal transmitted from different
antennas rather than joint detection. However, channel state
information is usually difficult to obtain. In the absence
of perfect channel state information, evaluation of the ML
function requires the expectation over the joint statistics of the
channel fading coefficients, which is usually mathematically
intractable. To cope with this technical difficulty, in this paper,
we apply the method of Georghiades and Han [71 and use
the results of Li,Georghiades and Huang [8] to the sequence
and channel estimation for specifically Alamouti’s orthogonal
space-time coded systems in the presence of multipath fading
channels with two-transmitter diversity. The algorithm is based
on a jointly iterative channel and sequence estimation accord-
ing to the ML criterion, using the EM algorithm, [9], [10],
[11]. The last part of the paper provides simulation results
on the convergence of the EM algorithm. The performance is
presented in terms of the bit error rate for a system employing
trellis coded 8-PSK signaling. The extensive computer sim-
ulations show that a formulation of the sequence estimation
based on the EM algorithm is a promising technique for highly
efficient data transmission over mobile wireless channels and
it performs close to the performance of a maximum likelihood
decoder that assumes perfect CSIL.

The paper is organized in four sections following this
introduction. In Section 2, the systeim model is introduced,
Section 3, includes the EM-based algorithm, Section 4 presents
the simulation results and finally conclusions are presented in
Section 5. :

11. SYSTEM MODEL

We consider the wireless communication system as shown
in Figure 1 with transmitter diversity using a space-time block
coded transmit diversity scheme first proposed by Alamouti,
[4]. The scheme is described with 2 transmit and 1 receive
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antennas to provide a diversity of order 2. Note that, the
method can be easily extended to the more general orthogonal
space-time block coded systems introduced by Tarokh et al. 151
involving more than two transmit and one receive antennas.

The information data can be either uncoded or encoded by a
TCM encoder, then fed into the space-time block encoder. At
each time slot, the output symbols are modulated and trans-
mitted simultaneously each from a different transmit antenna.
At the receiver end, the space-time block decoder followed
by symbol—by—symbol decoder or by Viterbi decoder, for
uncoded and coded cases, respectively, can be used to decode
the received sequence. The generated complex constellation
symbols characterizing the input bits are fed to the space-
time block encoder proposed by Alamouti whose transmission
matrix is given as

space —
, 4 1
time | [ Cilxg z;‘% M

whose rows are transmitted in successive time intervals with
the first and second symbol in a given row sent simultaneously
through the first and second antenna, respectively. Based on
this scheme, at each time slot E(k=0,1,-,L— 1), the
signal transmitted from the first antenna is 5o and the signal
transmitted from the second antenna is 82k-4-1- In the next time
slot (k + 1), the signal —s3, 1 18 transmitted from the first
antenna, and the signal s3; is transmitted from the second
antenna. Coherent phase-shift keying(PSK) modulation is used
here to enhance the system performance.

The wireless channel is assumed to be a fast fading channel
where the maximum Doppler spread normalized by the symbol
rate is of the order of 10~2. Since we use Alamouti’s scheme,
it means that channel fading is required to be constant over two
consecutive symbol periods(277), but varies from one time in-
terval 27 to another. Define ho = [ho,0.ho2," " o en-2))"
and hy = [hi,0, h12, ,hl’@L.,Z)}T, where h; ; denotes the

and (b) Receiver block diagrams of the transm

it diversity system

channel gains from the first and second transmit antennas
to receive antenna, respectively, at the jth symbol period,
j=0,2,--,20L- 2. They are modeled as complex zero-
mean Gaussian random variables with autocorrelation 7 =
f;{hi,g]gh; Zk—}-QLL 7= 0,1; 1 =0,1,- - L — 1 and that hg
and h, are independent of each other. For mobile fading
channels, the autocorrelations are given by 7 = v* Jo (27 faTh)
where v2 us the unnormalized variance of the fading gains,
Jo(.) is the zero-order Bessel function of the first kind, fa
is the maximum Doppler frequency in Hz and T represents
the signaling interval. Thus, for i 0,1, vector h; has a
normalized Toeplitz covariance matrix R = (1/v*)[r]. For
k=0,1,-,L-1 each pair of the two consecutive received
signals can then be expressed as

Tok sokho ok + S2k+1h1,26 F N2k

@

where no, and Nokyy are independent samples of an additive
Gaussian random variable with variance o2, representing the
additive white Gaussian noise entering the system.

Letiing 7 = [rf #T]7 where o = [ro,72," rar—a2)T
and rq = [ri, 73, }T, (2) can be expressed into a
matrix form

T2k+1 — 85y ho2k + Sakhi 2k T M2k

y 7201

r=Sh-+mn €))
where, b = [hT RI)T, n=[n{ nT|T,
s=[ % 5] @
and, S¢ = diag{so, 52, 820 -2}, S1 = diag{s1,53, " »
$or-1}- T denotes conjugated transpose.
11I. SEQUENCE BESTIMATION WITH EM ALGORITHM

Now consider the classical problem of estimating data
sequence 8 = (80,81, " ,S9r-1) from the observations of




received data r = (ro,m1," " ran—1) A ML receiver then

performs
msaxp(rts) = max Ep, [p(rls, . (5

Note that evaluation of the likelihood function above re-
quires the expectation over the joint statistics of the random
channel parameters f, a task that more often is mathematically
intractable. Even if the likelihood function can be obtained
analytically off line, however, it is invariably 2 nonlinear
function of s, which makes the maximization step compu-
tationally infeasible in real time. Especially for long and/or
coded sequences transmitted over fading channels, the problem
of optimum sequence estimation is known to be difficult
or intractable. In such cases, an iterative formulation of the
sequence estimation problem based on the EM algorithm can
provide an implementable solution. The ML estimate SMmL 1S
given by

SML = argmgxp(r{s). 6)

The EM algorithm inductively reestimates Sprr SO that a
monotonic increase in the a posteriori conditional pdf above
is guaranteed. The monotonic increase is realized via the
maximization of the auxiliary function

Qs|s) = Ellog p(r|s, h)ir, sV). M

Given the received signal 7, the EM algorithm starts with
an initial value 50 of the unknown channel parameters s.
The (i + 1)th estimate of s is obtained by the maximization
step described by

st = arg mng(s{s(i)). (&)

The log-likelihood function of r given s and h needed in
(7) to compute the expectation step is easily obtained from (3)
as follows

o(r|s, h) = logp(rls,h) ~ plllr = Shii?)

Dropping unnecessary ierms and rearranging slightly it
follows that

¢(r|s, h) = Relr' Sh] - %HSH? )

Assuming the PSK signaling is used we can drop the second
term in the right hand side of (8).

Then, the expectation step of the EM algorithm at the ith
iteration yields,

Q (s\sm) =Refr! S'?L<i>

|
L1 »
= [736 {(7"3;;521@ - T§k+15§k+1)h&>2k} +
k=0
Re {(TZW%H + TSMQ%&W&?%H
(10

where
~(8)

h = Elh|r,s"). (1

After some algebra, the above conditional rmean can be
obtained as follows: It can be shown that

p(hlr, s) ~ exp [-(h ROy (- E“’ﬂ S

where,

o~

(4 .
h‘) = (UZ/UZ)‘I’STU)T,

and L
¥ = (Rgl + (vﬁ/o?ﬂ)' .

Here, Ry, is a 2L X 9L block diagonal matrix defined by
Ry = diag{ R R}, where R is the normalized autocorrelation
matrix of the random fading vector, as defined earlier, whose
main diagonal elements are unity. »2 is the unnormalized
variance of the random fading gains. o2 is the variances of
the noise.

The EM algorithm starts with an initial estimate of the chan-
nel estimates {ﬁéogk,/ﬁ(lo%k} and uses them in (6) to produce,
by maximization,’a seqdence estimate. This sequence estimate
is then used in (8) to produce the next sequence estimate, and
so on, until convergence within two to three iterations. At
convergence, s = s the algorithm produces both a
sequence estimate and a fading channel estimate.

‘We now turn to the maximization step of the EM algorithm,
where we distinguish between the coded and the uncoded
transmission. First we observe from (10) that in the absence
of coding, maximizing Q(s|s™W) with respect to sequence
is equivalent to maximizing each individual term in the sum,
{.e., making symbol-by-symbol decisions. Then, if s is the
maximizing sequence, for k=0,1,---,L=1its components
are given by

(i+1) _ * () * « T
Sy~ =arg nslixRe TQkSQkhO,Qk + T2k+132kh1,2k

(i+1) _ « « 7)) * (&)
Spjp1 = I8 Sﬁf Re {‘T2k+152k+1ho,ak + TopS2k+1 h1,2k

(13)

where we have used the expression for Q(s]s™) in (10).

When trellis coding is used, the maximization over all
trellis sequences can be done efficiently using the Viterbi
algorithm. It is seen that in contrast to directly evaluating the
likelihood function in (9), the EM algorithm yields at each
step of iteration a likelihood function that allows the use of
the Viterbi algorithm for efficient computations.

Initialization

In order to be able to choose good initial values for s(9), the
Npg data symbols {52k, soky1) for k€ Spg, in each obser-
vation block are generally used as pilot symbols known by the
receiver. They are inserted periodically in the sequence. Here,
Spg denotes the set of pilot symbols indices. To interpolate
the channel estimates, initially, there exist a minimum spacing,




lsc, between pilots given by lsc < 1/Tmaz, Where Tmae 18
the maximum delay spread of the channel (Beon = 1/ Tmaxs
channel coherent bandwidth).

To initialize the receiver we determine ﬁéo%k = ?L(OO)[ZI@]
in terms of the pilot symbols and the received signals corre-
sponding to_the pilot symbols from the following equations.

/}z(logk = E(lm[%], k € Spg, where

~(0)

hy :\Ilg()l)(sg,(e)m — 5(10)7'1) + \I’@ (sg(mm 4 s(()o)rl)

—~ O)

hg =0 (570 — )+ ‘I'gqg)(silo)’fo + 507y,
(14)

and

0 G
o0 = [ \pgl)(o) \I}(%g) } :
M\IIQl "I‘IQZ

The complete initial channel gains héO%k, h(logk for k =
0,1,---,L—1canbe easily determined uéing an interpolation
technique, i.c., Lagrange interpolation algorithm.

The EM algorithm can be summarized briefly as follows:
Step 1. Set ’i\ — 0 and choose the initial values s, and

~(0) (0
determine hyg hg ), as explained above

Step 2. Compute s+ by maximizing Q(s13?) in (8)and
(10) over all sequences by Viterbi algorithm if trellis coding
is present. Use (13) to perform the maximization if coding is
not present.

Step 3. Compute Ré‘“),ﬁgm) from (11) and goto Step 2,
repeat until the algorithm converges, in which case the last
sequence estimate is produced as the ML estimate.

Note that a computation of the number of iterations needed
to implement the EM algorithm indicates that it increases
linearly in the sequence length compared to the more than
exponential increase for direct implementation. Also, the max-
imization step in (8) can be implemented easily due to the fact
that Q(s]s() can be expressed as in recursive form as in (10},
and thus, the Viterbi algorithm can be employed.

IV. SIMULATION RESULTS

Error performance of the proposed iterative decoder has
been investigated via computer simulations. The fading chan-
nel is modeled as the Jakes fading with autocorrelation v = 1,
= Jo(2r f4T'1) where Jo(.) is the zero-order Bessel function
of the frst kind, fy is the maximum Doppler frequency in
Hz and T represents the signaling interval. Data bits are first
encoded by a rate 2/3, 4-state 8-PSK TCM encoder to produce
the coded data symbol sequence of length 100. The encoder
used was recently proposed in [12] and has optirmum perfor-
mance when used in combination with Alamouti’s transmit
diversity scheme.

In order to initialize the EM algorithm, the receiver has to
have good estimates of the channel. These estimates have been
provided using pilot symbol assisted modulation (PSAM),

[13]. Six pairs of pilot symbols, which are already known
at the receiver, are added periodically to the data symbol
sequence with a period of 20. At the receiver, channel fading
coefficients are first estimated at the pilot symbol positions.
The unknown data fading coefficients are then estimated
by applying Lagrange interpolation technique on the pilot
fading coefficients, according to the initialization procedure as
explained in Section 3. The EM algorithm uses these channel
estimates to initialize and converge to the maximum likelihood
decoding within two or three iterations. The maximization step
of the EM algorithm is efficienty performed using the Viterbi
algorithm. Bit error probability curves have been presented
for a channel with normalized maximum Doppler frequency
of 0.01 in Fig. 2.
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Fig. 2. Bit error performance of wellis coded 8-PSK code for fpT = 0.01

The proposed scheme seems to converge (o the ML de-
coding in two iterations. This provides an SNR gain of 3 dB
in the high SNR region. The performance improvement is
caused by the reduction in the channel estimation error which
can be seen in Fig. 3, where the minimum square estimation
error (MSEE) values versus iteration numbers are presenied
for different SNR values.

The channel estimation errors converge to the maximuin
likely estimates in two iterations. For a channel with higher
Doppler frequency (fpT = 0.03), the bit error probability
curves again converge in two iterations (Fig. 4), but this
time resulting in an error floor. Alamouti’s transmit diversity
scheme loses its orthogonality property in the presence of
channel estimation error and an error floor is observed.

Since, in the fast fading channel, PSAM with a pilot
separation of 20 loses ifs effectiveness in estimating the
channel fading coefficients, the algorithm converges to & local
maximum which results in a high estimation error (Fig. 5). In
both cases, the proposed decoder is shown to converge to the
ML decoding in just two iterations.

V. CONCLUSION

In this paper, we proposed an optimum sequence estimation
algorithm for wireless communications systems employing a
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transmit diversity. This algorithm performs an iterative estima-
tion of the transmitted sequence of data symbols according to
the ML criterion, using the EM algorithm employing M-PSK
modulation scheme with additive Gaussian noise. The discrete
multipath channel was represented in terms of the channel
gains from each transmit antenna to the receive antenna.
EM algorithm derived estimates jointly the complex channel
parameters of each channel and the data sequence transmitted,
iteratively, which converges to the true ML solution. The
algorithm is applied to the trellis coded 8-PSK modulated
wireless systems and efficiency of the algorithm proposed
has been shown by the computer simulations. Simulation
results show that the EM algorithm converges quickly for fast
fading channels. The performance of the EM-based decoder
approaches that of the ML receiver which has perfect knowl-
edge of the channel In addition, -the EM-based detector is
rather simple fo implement since the maximization step of the
algorithm can be done using the Viterbi algorithm.
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OZET

Gezgin telsiz kanallarda iletigim kalitesini diigiirecek gesitli etkiler bulunmaktadir.
Bunlar toplamsal beyaz Gauss giriiltiisii, c¢ok-yollu iletimden kaynaklanan
sonlimleme etkisi ve kanallararas: girisim olarak siralanabilir. Yiiksek gezginlige
sahip bir iletigim kanali iizerinden iletimde hata bagarimi kanaldaki séniimleme
etkisinden onemli bi¢imde etkilenir. Vericiden iletilen isaretin kopyalariin aliciya
degigik yollardan farklh gecikme ve kazanc degerleri ile ulagmasi durumunda
ortaya ¢ikan soniimleme etkisi yiiksek hata bagarimina sahip iletigim sistemi
tasariminda gbz Oniine alinacak en 6nemli bozucu etkidir.

Soniimleme  etkisinden  kurtulmak amaciyla cegitleme tekniklerinden
yararlanilmas: gerekmektedir. Cesitleme teknikleri, iletim ortaminda bagimsiz
kanallar yaratilarak iletilecek bilginin kopyalarinin bu kanallar {izerinden aliciya
ulagtirilmast ilkesine dayanmaktadir. Boylece, bagimsiz kanallardan biri derin
soniimlemeden etkilense bile alictya bir diger kanaldan ulagabilecek (daha
az zayiflamig) bir kopya iletilen igaretin hatasiz kestirilmesini saglamaktadur.
Cesitleme zamanda, frekansta ve/veya uzayda saglanabilmektedir. Zaman
cesitlemesinde bagimsiz kanallar degisik zaman araliklarinda igaret iletimi ile
saglanirken, frekans cegitlemesinde bu kanallar degisik frekans bandlarinin
birlikte kullanilmas: ile saglanir. Uzay cesitlemesinde ise verici ve/veya alicida
birden cok kanal kullanilip bunlar birbirlerinden yeteri kadar uzaga yerlestirilerek
elde edilen kanallarin istatistiksel bagimsiz soniimlemelerden etkilenmesi saglanir.

Alic1 anten cegitlemesi literatiirde olduk¢a yogun gekilde incelenmig iken verici
cesitlemesi konusunda yeteri kadar calisma yapilmamigtir. Gezgin iletigim
sistemlerinde kullamilan baz istasyon—gezgin birim kanal icin alicida birden cok
anten kullanmak gezgin birimin boyutunu ve maliyetini olduk¢a arttirmaktadir.
Her bir gezgin birimde birden cok anten kullanarak maliyetlerini arttirmak yerine
verici cegitlemesi kullanilarak sadece baz istasyonda birden ¢ok anten kullanilarak
aym kazang saglanabilmektedir. Literatiirde yakin zamanda ortaya atilan, bu
diisiinceye dayali bir yapr uzay-zaman kodlamas: olarak adlandirilmaktadir.
Uzay-zaman kodlamasinda birden ¢ok verici ve/veya alici anten kullanilarak her
bir verici anten igin, tiim iletigim sisteminin bagarimi gz oniinde tutularak, ayr:
ayr1 kodlar tasarlanmaktadir.

Yakin zamanda ortaya atilan uzay-zaman kodlama teknigi literatiirde genellikle
faz kaydirmali anahtarlamaya (PSK) ve dordil genlik modiilasyonuna (QAM)
uygulanmigtir. Bu caligmada ise uzay-zaman kodlama teknigi ile g¢oklu kafes
kodlamali minimum kaydirmal anahtarlama (MSK) teknigi birlegtirilerek yiiksek
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hata basarimina sahip bir iletigim sistemi ¢nerilmigtir.

Elde edilen bu iletigim sistemi uzay-zaman kodlama tekniginin beraberinde
getirdigi uzay ve zaman cegitlemeleri sayesinde yiiksek hata bagarimina sahipken,
siirekli faz modiilasyonunun 6zel bir big¢imi olan MSK modiilasyonu nedeniyle
yitksek band verimliligine sahiptir.

Bu calismada, uzay-zaman kodlama teknigi MSK modiilasyonuna uygulanmus,
iki verici ve bir alic1 anten igin iki, dort ve sekiz durumlu uzay-zaman kodlamali
coklu MSK sistemler Onerilmistir. Bu sistemlerin tasarimlarinda, hizli ve
durugumsu soniimlemeli kanallarda uzay-zaman kodlarinin tasarnm olgiitlerinin
en iyilestirilmesi yoluna gidilmis ve bu amacla gelistirilen bir kod arama
algoritmasindan yararlanilmisgtir. Onerilen kodlarin hata basarimlar gelistirilen
bilgisayar benzetimleri yardimiyla incelenmis referans yapilara gore olan
iistiinliikleri Rayleigh soniimlemeli kanallar i¢in ortaya konulmugtur. Onerilen
yapilarin hizh séniimlemeli kanallar {izerindeki hata bagariminin analitik yolla
kestirilmesi amaciyla tam dogru hata hesabi kullanilmig ve yiiksek igaret-giiriiltii
oranlarinda analitik kestirim ile bilgisayar benzetim sonuglarinin yakinsadigi
gbzlenmigtir.
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SPACE-TIME CODED MULTIPLE MSK SCHEMES
SUMMARY

Mobile wireless channel has severe problems that do not allow high-speed
reliable data communications. Some of these problems are the additive white
Caussian noise, multipath fading, and interchannel interference. At high
mobility conditions, the performance of wireless communication system is
severely degraded by the multipath fading effects. Multipath fading is caused by
the summation of the replicas of the transmitted signal over different paths with
different delays and gains. It is the primary destructive effect that should be
considered while designing a communication system with high error performance.

Diversity techniques should be used in order to increase the error performance of
communication systems in fading channels. These techniques form independent
subchannels and transmit replicas of data over these subchannels. Thus, even
when one of the subchannels is in deep fade, a less—attenuated copy of the
data arriving to the receiver can increase the error performance. Diversity can
be achieved in time, frequency and/or space. In temporal diversity technique,
independent subchannels are formed by transmitting the replicas in different
time intervals, while, in frequency diversity technique, independent subchannels
can be formed over different frequency regions. Space diversity technique
generally employs multiple transmit and/or receive antennas. These antennas
are located at enough distance of each other to ensure that the formed channels
are independent.

While the receiver diversity techniques are widely investigated in the literature,
transmit diversity techniques received much attention recently. For a base
station—mobile unit channel, employing multiple antennas at each mobile unit
results in an increase of the size and cost of the mobile units. The same
performance improvement can be achieved by using multiple antennas at the
transmitter (base station) resulting in a lower cost of the overall communication
system. This new scheme, recently proposed in the literature, is known as
space-time coding. Main idea of this technique is using multiple transmit
antennas and designing different codes for each transmit antenna by jointly
considering the overall system error performance.

Until now, space—time codes have been applied to phase shift keying (PSK) and

quadrature amplitude modulation (QAM) schemes, where, in this work, it is
applied to multiple trellis coded minimum shift keying (MSK) modulation to
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achieve high error performance.

The proposed scheme has high power—efficiency due to the space-time coding
technique, while the bandwidth-efficiency comes from the minimum shift keying
modulation.

In this work, space-time coding technique has been applied to MSK modulation
and space-time coded multiple MSK schemes employing two transmit and
one receive antennas with 2, 4, and 8 states are proposed. A computer—based
code search algorithm has been developed to find schemes maximizing the
error performance criteria of the space-time coding technique over rapid and
quasi-static fading channels. Error performances of the proposed codes have
been investigated via computer simulations for the Rayleigh fading channels. Bit
and frame error probability curves have been obtained and comparisons with the
corresponding reference schemes have been made to emphasize the performance
improvement. The exact error probability calculations have been made for rapid
fading channels. Computer simulations have been shown to converge with the
analytical error curves at high signal-to—noise ratios.
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