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Met hod for detecting a signal, detector and conputer
program product Field of the invention The invention

wo edoated41 o a net hod for detecting a signal, aPOEPBemEN00265
and a conputer program product. Background of the
I nvention In nobile communications, high user
capacities and high data rates are desirable. To

achieve this, nobile radio systens have to be highly

Method tfor dafgchiag 2 sipRglmufetestey erndnrrERI SN
pré§rat Pkl OFDM (or t hogonal frequency division
nmul ti pl exi ng) robust performance and hi gh spectral
ef ficiency can be achi eved. Before the OFDM
; ul at..on, . re-transformcan be carried ' out,
Fl%(gué]{a‘iéukg&il-&f%fgpbal | ed PT- OFDM (pre-transform OFDV)
system In [1] (and also in [2]), an iterative

def ection al gari.thmfor a PT- system|js descri bed.
Thd S G oD ateR b2d2i HeERact BT CuRHEEE P 4 Sriadgn @
def SO 2SN Ntk F&@@;@hhombaﬂ@x.i ) of the

iterative detection algorithmcorresponds to three
stages, a reconstruction step, a linear filtering step

Ba @G & eSO Sh€Rntion

In mobile communications, high user capacities and high
data rates are desirable. To achieve this, mobile radio
systems have to be highly spectral efficient. Using
multicarrier modulation according to OFDM (orthogonal
frequency division multiplexing) robust performance and

high spectral efficiency can be achieved.

Before the OFDM modulation, a pre-transform can be carried
out, resulting in a so-called PT-OFDM (pre-transform OFDM)

system.

In [1] (and also in [2]), an iterative detection algorithm
for a PT-OFDM system is described. This will be described

in the following.

An iteration (corresponding to an iteration index i) of the
iterative detection algorithm corresponds to three stages,.
a reconstruction step, a linear filtering step and a

decision step.

In the ith reconstruction step, i.e. in the reconstruction

step of the iteration corresponding'to the iteration index
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In the ith reconstruction step, i.e. in the
reconstruction step of the iteration corresponding to

w0 b@eiotanat i on i ndexi , the nj_th conponent of PCT8G2005/000265

. received signal r (received signal vector) is
estimated. This is done by2using the previously
detected synbol Ei- i (i.e. the signal vector detected
in the previous iteration) . m _ corresponds to the

i, thequehbycdapenentahidie HaasivRe StAN&hak| d5gceived

canplitude. In the filteri step, th 0SS .

SlgPﬁQeVFEFgﬁbelﬁfe??&@%ﬁﬁéi{£§ﬁﬁeﬁ§vg'n ygg ﬁ?ﬁg rHR% ) ter

ed ByrSredNsyisoret ecti on. 8 efhe asigilatiactor

pre?%ggg gr soft)edeilsion Tﬁe%oted by dec (.)) is nade
detle@tganenatRet heesyoiol i etacieed i mit lkerirelspondsat e obhe
X1 . The algorithmis initialized wth r_%s: r, X =
fre@uenayd dx@aindelCixXG) . wittte theh jitthesaEild§Sits 2BPVARUBS
1 =.L.m1 JLji:l + NI = 1)
In :ﬁ}ﬂ?r 5lg%ef§n8e1§ FRRH 1531?%‘gnac-r%élg%as;]_oln]na er(r?aet%rei)% evmogﬁ%\?gmetl
is GRmokv@dnbl di agnear felteantkrmbtmddwiGse Inaidiel m as a

di agonal matrix with value O on its hépia | term
e GRAF PP PhEPW SoLeTRAFAT® 1T 111 S Ted ton eh
(ddriRidt ibye gdet(e¢li 8 made to generate the symbol detected
in the ith iteration, Z%;.
The algorithm is initialized with rg = r, X = Grg and

&g = dec(Zq)-

The ith iteration is given by:

£y = lpg,Li-1 * Om TWg; 3
gi = §£1
Xi = dec(ggi)

where Op is defined as a diagonal matrix with value 1 on
its mth diagonal term and 0 otherwise, and 1p as a diagonal

matrix with value 0 on its mth diagonal term and 1

otherwise.

In [1], the filter used in the iterative detection
algorithm is based on the least squares criteria, also
knoﬁn as zero forcing (ZF) filter. Improvement is marginal
éven when a filter based on standard minimum mean squared

error (MMSE) is used.
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algorithmis based on the | east squares criteria, also
known as zero forcing (ZF) filter. Inprovenent is

woranogionah2 even when a filter based on st andar dP@T/BGINOHN00265

mean squared error (MVBE) is used. An object of the
invention is to increase the performance of existing
detecting nethods. The object is achieved by a nethod
for detecting a signal, a detector and a conputer
program product with the features according to the
i ndependent clainms. Summary of the Invention A nethod
for detecting a signal received via a communi cation
An ofimyens] dfs theovhdedrivhet 8i tiot hec g nileatdeait cahanael
is affected by noise, wherein the received signal is
Of;ﬁ%ﬁ%&%ﬁﬁdﬁésﬁFaPﬁgm?BhggFrItering step, the filtering
step conprises nmultiplication of at |east one

conmponent of the received signal with a filter

The RAt¥944 dist 28hdevRe byl acketived ffef ctrtadimd sesignal,
i range ' r 1
* R M Fhe hbrELr "B oTr R SR LR features
aceorputertoptbgr anvdpreddentactaims ng to the nmet hod for
detecting a signal described above are provided. Short
Description of the Figures Figure 1 shows a
Surinfzans rif tebk/ Taeeh¥ebnsyst em 100 accordi ng

A method for detecting a signal received via a
communication channel is provided, wherein the
communication channel is affected by noise, wherein the
received signal is processed according to a filtering step,
the filtering step comprises multiplication of at least one
component of the received signal with a filter coefficient
and the filter coefficient comprises a noise variance

offset which corresponds to the variance of the noise.
Further, a detector and a computer program product'
according to the method for detecting a signal described

above are provided.

Short Description of the Figures

Figure 1 shows a transmitter/receiver system 100 according

to an embodiment of the invention.

Figure 2 shows a receiver 200 according to an embodiment of

the invention.
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to an enbodi nent of the invention. Figure 2 shows a
recei ver 200 according to an enbodi nent of the

w0 pwefid1en. Fi gure 3 shows a nonl i near detecti oPCT/IBG2005/000265
according to an enbodi ment of the invention. Detailed
Description Illustratively,sa filter is used for
reconstructing the received signal which has the noise
vari ance of the channel as additional input and which

Figupe ebsEovshea ﬂ@@éii\m@drsdghabtinnd@@'ehdmmdjﬁq e an
magni t ; rianc he noise that affects
thg chgﬂﬁgﬁﬁﬂ%%%légskﬁgngn?%Pﬁégntoefficients of the
filter is nodified by an of fset nade up by the noise

D gar'a . Thi%.weans that at least one filter
-Jié%%kiggﬁgﬁﬁgﬁ%jég&ern1that conpri ses the noise
variance as sunmand. Especially in cases of high SNR
signal to noise ratio) , using the invention, a
T1has ¥ natrle rg & ﬁlilﬁeFefLﬁsuéﬁdB%Qr(JéﬁP‘fOIé?’qﬂmCtrldIGe)thﬁi th
redEEREE s Idh A Wi A haBBERRAS, 20 9§¥ﬁﬁﬂﬁ§%%§ghe c annel
Enbodi nents of the invention arise formthe dépenden
as cadd sl orEnh ddibwgnesdofhink phoeassen ike cte@rired signal

o ' ' f hod. f d ti .
in SIS Br Mo nbFEbuf SR H T ne i tia & e fhace

thaonpilfeart prodgr amapheducht least one filter coefficients
of the filter is modified by an offset made up by the noise
variance. This means that at least one filter coefficient

is a term that comprises the noise variance as summand.

Especially in cases of high SNR (signal to noise ratio),
using the invention, a performance gain in terms of BER
(bit error rate) with respect to prior art methods can be

achieved.

Embodiments of the invention arise form the dependent

~claims. Embodiments of the invention which are described in

the context of the method for detecting a signal are
analogously valid for the detector and the computer program

product;

" In one embodiment, the received signal is grouped into a

plurality of blocks.

The processing of the received signal according to the
filterind step may corresponds to the multiplication of a

block of the received signal with a filtering matrix.
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In one enbodi nent, the received signal is grouped into
a plurality of blocks. The processing of the received

wGe@aald1azcording to the filtering step nmay coPCESEUNHB00265

to the nmultiplication of a block of the received
signal wth a filtering matri x. The filtering matrix
may correspond to a product of matrices, wherein one
of the matrices is a channel coefficient matrix that
The dripriegdésgc oaponennsywhoche spend erorm gfr cchuartnelt
aefficients.that specify the fransm ssion
MATHRet SPEEFRs O8F Bﬁek%%a%%%]fl.c% &?ar?neci%a@&&]f i ci ent
coéﬁfﬂqﬂﬂm&ahbyrd&nﬁhﬁd byTﬁrfwébfﬁﬁmﬁfﬂéﬁtdlﬁ?ibfpukée
respanses of the channel, for exanple in _the frequency
ter&%&fﬂ.&l&ﬁn&&e CeRBOUFHERLS Hat 3RGCIe e ftRansmission
ChAQIQIANRLS cef othenshanaghecoefficient matrix is a term
of a channel coefficient and the variance of the
noi se. In another enbodinment, a plurality of the

e f, & chan . I X _are terms
S G e e
spawifses Ebe émpuopbe, raspoesss ofheclof dHanmednpdoentganple
i t.he annel coefficient matrix is the conjugate of a

D K A IESEFEi EPBRL di vi ded by the sum of the square
of the absolute value of the channel coefficient and
t he noi se

In one embodiment, at least one of the components of the
channel coefficient matrix is a term of a channel
coefficient and the vafiance of the noise. In another
embodiment, a plurality of the components of the channel

coefficient matrix are terms of a channel coefficient and

the variance of the noise.

For example, at least one of the components of the channel
coefficient matrix is the conjugate of a channel
coefficient divided by the sum of the square of the

absolute value of the channel coefficient and the noise

variance.

At least one of the components of the channel coefficient

matrix can be the inverse of a channel coefficient.

In one embodiment, the variance of the noise of the channel

is determined.

The invention can for example be used in communication

systems according to WLAN 1la, WLAN 11lg, WLAN 11ln, Super
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vari ance. At |east one of the conponents of the
channel coefficient matrix can be the inverse of a
waeb@annoeil4zoef ficient. I n one enbodi nent, the vBCT/8QUO5/000265
of the noise of the channel is determ ned. The
invention can for exanple lge used in comruni cation
systens according to WLAN 11a, W.AN Hg, W.AN Hn,
Super 3G H PERLAN 2 and W MAX (Wor | dwi de
3G/l MISEBBANaBI hhdyWIMAX M Ee oldiiadaadedsyrpard bBIGtyhégond
P 0 a a ' r{f.ecei ver system 100
Mlcgfc@ggr §i %\gctgﬁgnx\ﬁeﬁb%%é ng%g’%&t:ﬁ% ‘invention. The
transn1tter/rece|ver systen1100 is formed according to
O t hogonal gauen .
Py, FBOUR RUFFRBPBRT TGS /BT EH™ R et PEgForing sto
an aapdEdchRabfMRe, ifvéntMi82, and that Mi nfor mat i on
symbols xm, mel, 2, ..., Mare transnitted at the

same time in formof one OFDM synbol. For transmtting

Thd *’c‘i%%skn%?%??ké&@ﬁé!ﬂbé’ixét?rﬁ "y ¢/ & Qforfed ch%%'ihanto

ow ng al so called the original signal
RﬂéaF@M ( Psefhﬁdanafarzpr@rthwrsﬁaﬂr rAngguentyl Pivheion

Mulscp LRt ToHEROt S, t 1, 1 ANSRPSS OB QLo HNEha:

-tfran uni € a vect 6F

M—zmle.J%t'MQ3§¥”QHhStﬁa,t[ﬁ]mfé%matlfonsls\ﬂ,{nilbotlsf9< thei, 2,

ori gl nal
..; M are transmitted at the same time in form of one OFDM

symbol. For transmitting these information symbols, the
vector of information symbols, X=[X1, X2, .., xm]T, in the
following also called the original signal vector, is fed to

a pre—-transform unit 101. The superscript T denotes the

transpose operator.

The pre-transform unit 101 calculates a vector of
modulation symbols s={sj, s2, ., smlT for the original

signal vector according to

W represents a PT (pre-transform) matrix of size M x M.
There is no loss of code rate in’terms of number of

information symbols transmitted per channel use. In the
case of an OFDM system, the matrix W would simply be an

identity matrix.

The vector (or block) of modulation symbols s generated by
the pre-transform unit 101 is then passed to an IFFT
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signal vector according to s = WWrepresents a PT
(pre-transform) matrix of size MKM There is no | oss

wo@boosota4r ate in terns of nunber of infornmati oPCEYGHO5/800265

transmtted per channel use. In the case of an OFDM

system the matrix Wwould7sinply be an identity

matri x. The vector (or block) of nodul ati on synbols s
_generated by the pre-transformunit 101 is then passed
(i nde 1o iFRveise FaspsEeumi epnit abdd stvjchumarrigs out

an WHY LTSRS FRUL- 18R L PYRESSrHhash HRUH RS IgNnst orm on

the bl ock of nodul ati on synbols. The inverse fast
modiph At ien tsyaloflérmis used in this enbodi ment as an
efficient realization of an inverse Fourier transform
O her donmin transfornati ons can be used instead of
Thé henvensar Sasttagbukderi erahsfoshormudad iexamilse an
ormor an_inverse discrete

—inverse discrete_sine trans

SRR Aingro PR L PhENb eLEot L Gaha AL el By AETERT

Fowii dr kQAnsForheNoRBBREoms OM DRSS £ &tmdid 1Y I@ln be @sed
to a sequence of signal values, by a P/S (parallel to

ingeqqh|of (Fhiet ingsrsa Epelbi Eoprier xCransfaoy feyeckample
| . prefix.int a:the i o

an ?%ﬁ%fasé; Q%&Dﬁkgy%%gla \%ﬁgigﬁfﬁgﬁ O S Rler@ YASIRte

cosine transform.

The vector generated by the IFFT unit 102 is then mapped
from parallel to serial, i.e. to a sequence of signal
values, by a P/S (parallel to serial) unit.103. A cyclic
prefix unit 104 inserts a cyclic prefix into the sequence
of signal values to form a PT-OFDM symbol which is

transmitted via a channel 105.

The cyclic prefix that is inserted has a duration no

~shorter than the maximum channel delay spread. The channel

105 is assumed to be a quasi/static frequency selective
Rayleigh fading channel corrupted by additive white

Gaussian noise (AWGN).

The pre-transform unit 101, the P/S unit 102 and the cyclic

prefix unit 104 are part of a transmitter 106.

The PT-OFDM symbol is received by a receiver 107. A cyclic
prefix removal unit 108 removes the cyclic prefix from the
PT-OFDM symbol. The resulting sequence of signal values is
mapped from parallel to serial by a S/P unit 109 and is

domain transformed according to a fast Fourier transform by



transmtted via a channel 105. The cyclic prefix that

is inserted has a duration no shorter than the maxi num
wa@b@aneil4zlel ay spread. The channel 105 is assuP€dSGmORH@00265

a quasi/static frequency sel ective Rayleigh fading

channel corrupted by additigve white Gaussi an noi se

(AWGN) . The pre-transformunit 101, the P/S unit 102

and the cyclic prefix unit 104 are part of a
an tFEfhsiasteFou@s erTheaPFL OEDM \glyh’bollo s Aredeiovad lyy ta

07.45A I p va 1.t 108 renoves
the{ he cyg'{mllcl:C ererer'l %Xf%rgrgnTtEﬂJle@% Q11_'he'f:he
embyaabi etri tryg asles@ueecedaptsdgnal peyafoes 4 s:l:msqm fsrique
tE{)ar |1el to serial a S/Punit 109 and omai n

tred g&é&FStﬁgc?BlﬁefE\Ei‘n% U €1 t Sr ACBFAR

trdilsEddfmastidgmurier transfornm) unit 110. Analogously t o
the IFFT unit 102, the FFT unit 110 can in other
enbodi ments also b e adapted to performa di screte

Thes' AR RIP @ el tﬁ?dkf’@rﬁﬁft Cgﬁé Nes LAY

not her domai n transformtion e out put vect r O f

= [tlhle L. ,L;{:rlld]ﬂ' 330 ksndpBoliedibey @6d can b e witten a
= - +n=r-W- x +n where F = diagCh”, h.2r

r h) |s a diagonal matrix with diagonal elenments h ,

=T §h+\/\£|£h£qrwe_t§h§_ gr equency do'rml n

where I' = diaglhji,hp,...,hy) is a diagonal matrix with
diagonal elements hj, .., hy which are the frequency domain
channel coefficients and n is the AWGN vector of dimension
M x 1. The frequency domain channel coefficients are given
"by hp = Zn ﬁn exp(—2an(m - 1)/ M), m = 1,2,..., M, assuming a
sampled spaced Lth order FIR (finite input response)

channel model {fin}l_,.

-

The output vector r of the FFT unit 110 is fed to a
detection unit 111. The detection unit 111 performs an
iterative detection algorithm. An iteration (corresponding
to an iteration index i) of the iterative detection
algorithm corresponds to three stages, a reconstruction

step, a linear filtering step and a decision step.

In the ith reconstruction step, i.e. in the reconstruction
step of the iteration corresponding to the iteration index

i, the mjith component of the vector r is estimated. This is

. done by using the previously detected symbol %;_71 (i.e. the
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channel coefficients and ni s the AWGN vector o f
di mensi on Mkl. The frequency donai n channe

w@oeowborasents are given y n m=n e cP (~] 2pn(PCE/SE2005/000265
M) , m=1,2, ..., M, assunmng a sanpled spaced Lth
order FIR (finite input regponse) channel nodel {h n}
Q. The output vector r o f the FFT unit 110 i s fed
to a detection unit 111. The detection unit 111

siqex¥ orars-can dettercaedv éndehecpreviabgartidtenioh)n mi
iteration (corresponding to an iteration index i ) o f

CORIRSAYEITatiY & GefEEANERCH| GOR thNTRBIIES puirfds thep 1th
smsflrnlreesec kA8 udR.r %oragter HETLOP: 38 BPre /R Hj}%ef{%oss

. filtering step and a decision step. I'n
inteatfmnagcafothst dptai ie. rémové beconstrast ifddtstep o

' ation,corresponding to the iteration.index
aedonqlf i B CpeaE TEer IR Tt et o vl e e o
soffhli ddcisidengdenptesi bg tbe(pypvivusdde del epdredagyenbak
Xj.__ 1 (i.e. thesignal_ vector detected in the previous
Sy@?éﬁ?ﬂﬁ?ﬁﬁFed e 6PPedpBndte Tt ity fErquihey Hopmlast
.. channel with the ith snallest a itude. In the
e Ao Best PROLEEBEY [R1%r TRrerb e SH b TaEbaT; of
itgermivers, by . g .l uneansl beberpdenetmsh byrie .adtedded
detectjon step, a tentative (hard or soft) decision
symRafotied B RRELRUY PY slegdgdonougéhsr 412-t he synbol
detected in the ith iteration, x . Wen the | ast
iteration has been perforned (e.g. after a given

Th\ W ri®hm is initialized with rg=r, X = Gry and

%9 = dec(¥p).

The ith iteration is given by:

i = lp;fi-1 + Qp, WX, 4
X4 = .G_E.J_
x; = dec(¥;)

}

where Op is defined as a diagonal matrix with value 1 on
its mth diagonal term and O otherwise, and 1lp as a diagonal

matrix with value 0 on its mth diagonal term and 1

otherwise.

Under the assumption that the variance of the noise

corrupting the channel 105 is known, the MMSE (minimum mean
square error) filter described in the‘following can be used
by the detection unit 111 to improve the performance of the -

transmitter/receiver system 100.
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iterations, e.g. 4, has been perforned) the detected
synbols Xj _ are output by decision units 112. The

wab@oni4tm is initialized with .r_o=/ - = U - BCBERG20E5/@0265

= dec(xg).. The ith iteration is given by: JLi = m r_i
_ i +Qm OLi - 11i =r1p Xi =dec(x.i ) where
0. ms defined as a diagonal matrix with value 1 on
its mh diagonal termand O otherwise, and X n as a
Takdirggdmdlo aetpurtwichh MHBElecf)imiat SiI‘I’dI e stivarg owgalchtaer m

and ther e. er t he assu n that the
prevVlroluancéEtngteﬁ snggge Scor Fuptihy Orcr? | 105 is
redormmructhenyMBEe( i neaUNE iEaer sfartheeringr ) (il ter, .,
descrihed in the following can b e used by the
M) JFATOR GRPt b?lfef”b"??rprove t he performnce of the
transmtter/recei ver system 100. Taki ng i nt o account
the MMSE criteria and assum ng that previous detected

G SYfbal spgareyedr r.egls d ch onstruction, the
“ linear Tiltér for th(jeBFL’tBQ?a( '-IIB%lq s e M) iteration

can be derived:

where

{ hp l where m = {mn,n = 1,---,i}
Bm = '

h;:l/([hml2 + 62), otherwise

and 62 is the noise variance. This G is used in the
filtering step of the reconstruction algorithm carried out

by the detection unit 111 as described above.

For the initial iteration of the reconstruction algorithm,

the MMSE filter with

Bn = hi/(hpl? + 6D, m =1, , M
is used.

When the matrix W is chosen as unitary and has constant
amplitude elements, even when the MMSE filter is used, the

choice of mj is unchanged (corresponding to the frequency

domain channel with the ith smallest amplitude). That is,
this choice still maximizes the worse post-filtered SNR at
every detection step under the assumptioh that the previous

detection is correct.
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G == WT- . BR -= ITA7~ diag(bl b2, ..., bM) where
and s is the noise variance. This Gis used in the

wo dobmL41azy step of the reconstruction al gorit hP€T/862U08000265

out by the detection unit 111 as descri bed above. For

the initial iteration of tiwe reconstruction algorithm
the MMSE filter wwth Pm=hm/(|hm|2 + s2 ),in =1

- ,M. is used. When the matrix Wis chosen as unitary
and has constant anplitude el enments, even when the

. d Lt IS t 0l C f.mj.. is_unch d
Sln%?%?%géﬁoﬁé?%gtﬁ%gg%%l$$§%gg%gsjg§ﬁﬁi%h€h§ﬁﬁ8% aﬁgﬁr
cart be reHusedl hedt sapgtidridedrforhtzaicel £ant besachdeced for

. Still X[ m zes, the, wor post-filtered SNR at eve
1 e S0Br | BRCSt ERR brtol S T aeLhist o et R CpkBoMbELTe
tha@et@et hBNskSvEPT A8ES . S MR QS tIROWelRAL ST RBWEHES,
filter, the error floor can be reduced and superi or

simydpféPRraneBovabhde hehi\Pydr 19 GioiSRRVaRéEBCEhat

erddiss MVBE filter requires the know edge that the hoise
variance is known at the receiver. However,
simul ati ons show that it is robust to noise vari ance

In one embodiment, the reconstruction is extended as will

be described with reference to fig.2 and fig.3.

Fig.2 shows a receiver 200 according to an embodiment of

the invention.

The receiver 200 may be used instead of the receiver 107
shown in fig.1l in the transmitter/receiver system 100. Tﬁe
receiver 200 comprises a detection unit 201 and,
corresponding to the decision units 112 of the receiver 107
shown in fig.l, decision units 206. Analogously to the
receiver 107, the receiver 200 comprises other functional
units, for example an FFT unit, which are not shown in

fig.2.

Analogously to the detection unit 111, a vector r, e.g. the
output vector of an FFT unit performing an FFT, is fed to

the detection unit 201.

A filtering unit 202 of the receiver 201 performs a
filtering step of a reconstruction algorithm, e.g. the
initial filtering step of the reconstruction algorithm

described above. The result of the filtering step, denoted
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errors. In one enbodi ment, the reconstruction is
extended as wll be described with reference to fig. 2
waeeerg423 . Fig. 2 shows a receiver 200 accoprdi/fG2008000265
an enbodi ment of the invention. The receiver 200 nay
be used instead of the reaeiver 107 shown in fig.l in
the transmtter/receiver system 100. The receiver 200
conprises a detection unit 201 and, corresponding to
by &heldeecsoodamwmtﬁp]ﬂhB(ﬂbQM@edﬁ@@éﬂpéﬁomoqfsﬁbﬁm in
fig.l, decision units 206. Anal ogously_to the receiver
recepFtrediel ool arREl Db icomsPPdésdotRer FLARE RNATIDEAT

le an FFT unit, which are not shown in
detgﬁéggﬁ £R£ma ogously to the detection unit 111, a

vector _r, e.g. the output vector of an FFT unit

ThefFﬁggig%ggE%EEh%ﬁnf%ﬁb{#?és Q %@%oﬂﬁtﬁSthH?HP'&eggﬂtidh

e recelver perrorns a
algbich tBRI Agi 6t 2P5 ofTiee remonstmectiforthal gorsthnpnéigeat he

initial filtering st t he rec nstructi
detge§apPnrpealhpele. @ W% éﬁ%ﬁﬁﬂ%°%ﬁ TR 1P|FFer|ngc§%gR b
ZOSdQQQtQQQMrf@ednlﬁC@KE(EHMIbﬁﬂhd|W1t&bQ%€edeﬁeélpblﬁhgo@

the reconstruction algorithmis supplied to a first
nonl i near detection unit 203.

Fig.3 shows a nonlinear detection unit 300 according to an

embodiment of the invention.

The nonlinear detection unit performs an ordered
interference cancellation algorithm as will be described in

the following.

The input vector of the non-linear detection unit 300 is a
soft estimate of a transmitted signal (in case of the first

non-linear detecfion unit, this is the output Xy of the

filtering unit 202). The input vector of the non-linear

detection unit 300 is fed to an ordering unit 301.

The ordering unit 301 performs an ordering step by
obtaining the minimum Euclidean distance of the input to
any point of the signal constellation. Then, the components
of the input vector are ordered from largest to smallest
(minimal) Euclidean distance and a hard decision is

performed on the components of the input vector to form ci,

C2y w1 CM-
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The receiver further conprises a second nonlinear
detection algorithmunit 205. The structure of the
wo peos141anl | near detection unit 203 and the sePOMEG2005/000265

nonl i near detection unit 205 are described in the
followng with reference t@ fig. 3 . Fig. 3 shows a
nonlinear detection unit 300 according to an
enbodi ment of the invention. The nonlinear_detection

c1,unpt perdor mrarfast der &d damcelfaténateuihced? v

algorithmas wl| be described in the follow ng. The
perifapuE Veetbrl Wi HELTIHYr detection unit 300 is a

soft estimate of a transmtted signal (in case of the
first non-linear detection unit, this is the output X
ForQlctlerﬁer$m¢¢é?ﬁrrfgelﬂrﬁql%zl):lr FTheJdirnput vector of the
. non-linear detect] upit 3 I ; i
(IAPE 08 ke oo HBeTAg ERT T 301 perTar b o Aoy gt

ri ?%e%bQXi b%aggkpgeggghgg)i%ﬁ¥g.Euclidean di st ance of

e Irnpu 0 any pol nt e Jsi gnal constellation

(ii;gh%@rfBEﬁ RoPROAEAL Si e dhecHpUfty esttamageeanddepedte
romlargest to smallest (mnimal) Euclidean di stance
theamgvwavhdetedeeds¢pn is perfornmed on the conponents of

. the input vector .to formce\,.C2, ..., CMC, C2, ...
(1idj) Apcgpmentqd 3ng %%%%rf‘f%t"fjo%u(rﬁ)t 302 which performs

the followi ng al gorithm

J is the number of cancellation steps and is for example

chosen equal to M.

Illustratively, the interference cancellation algorithm
uses the “best” components of the estimate, in the sense
that they have minimal Euclidean distance to the signal
constellation to improve the “worse” components, which have

a higher Euclidean distance to the signal constellation.

The output of the first cancellation unit 302 is fed to the
reconstruction unit 204. The reconstruction unit 204
performs the reconstruction step and the filtering step for
the ith iteration (where i=1,2,..) according to the

reconstruction algorithm described above.

The result of each iteration performed by the
reconstruction unit.204 is fed to the second non-linear
detection unit 205. The output of the second non-linear
detection unit 205 is fed back to the reconstruction unit

204 for the next iteration to be performed except for the



10

For interference cancellation j=I, ..., J, (i) use {c
J j to cancel fromreconstructed received signal r_j
wo eooeotain a soft estimate of CJ (ii) perf or nPCEB8G2005/000265
decision on the soft estimte and update the newy
detected CJ (iii) increnent4j and continue with (i) J
i s the nunber of cancellation steps and is for exanple
chosen equal to M. Illustratively, the interference
lastancekbatoon ahgmrth@nmm@nﬁitﬂﬂaSummﬂiedcéﬁpﬁhénﬂgchlon

th
i PR FREE T he 24 G TonCrel PStranit 520"
i nprove the "worse" conponents, which have a higher

Eucl i dean di stance to the si onst el | tlon The
Theo REsELVEE £AE FRRsRLEANRRIT ‘%? tﬁ’m""t P62 |§mf‘“‘ £§ o

aéégifﬁﬁPQ%tEUﬁSEQExUW)taQQQIdﬂhftkﬁ%ﬂﬂ&&ruﬁtlGﬂdunnth a
4 perforns the reconstruction step and the filtering

flettee:p (fascordényt hoi eePatFbh EWRFTHEND to PriQLcEFEr ng
Th#})ﬁﬁ%%sr SQS%BHCEaQQ gkggfﬁ%fgﬁékﬁﬂg'%ﬁﬁ%a@bQ%QUeEhe

éach rteration or med
acd@eiingt rec ti dmsuantezméassré e@lnql msm ddsorsd gnal values

non | i near detection unit_20 Q% of. & %ncel
%ﬁﬁ Iﬁﬁ@a eBEFe8F|%%aun| fﬁ§ 5%Yd Bac
thérﬁhﬂé¥¥§ﬁéhhécfk@ﬁ Rkt other signal values is
independent from using a pre-transformation matrix and from
using a filter which is dependent on the variance of the

noise of the channel used for data transmission.



204 for the next iteration to be performed except for
thel ast iteration, when the output is supplied to the
walewestam units 206 which generate the output PET/BGE05/000265

recei ver 200. The receiver 200 can also be used with a
pre-transform (according 16 a matrix W) according to
prior art and with a filter (according to a matrix G)
according to prior art. This neans that the idea of

In oheeabang t Hhesifipddlowialgudocunent i #e toH i st ance
measure and using the signal values which are best (in
ternms of smallest distance) to cancel the interference

[1] fR@H@eH@r atdem s iagrsdlgnedl Besonstrnd’ep@%dwtwfbrﬁ%| ng

pre-transformation and si
NOlﬁﬁl%ﬁd‘i‘% ch%r}yenﬁ:i\’e'sﬁ?'(embr"f‘r‘T]%n@J Plgaﬁggre thglg%%fée S dhe
5 App%ﬁé&ﬂ%ntmﬁ%é‘ﬁf et /& dorgnemiogsi on. I n the above, the
[ owm ng docunents are cited: [1l] Receiver Having a
Si gnal Reconstructing Section for Noi se Reduction,

Syst a o@; g%her@atﬁgnag &p@[lpﬂ;lon
(2] \fap it E%T}@@Q?(}%m Lei, Y. Wi, CK S
“IterSuliye Pdetdietiamdiot Wa_hshﬂlatd@mé@fﬁvgrééﬁééﬂn%ﬁ @%IPM

o (L2 PTI DLaLe e, R D10, I V655,

10 AprRP2063/- @ﬁOCtawn64d A met hod for detecting a 3|gna
recei ved via a communi cati on channel, the

conmuni cati on channel being affected by noise, wherein
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- the received signal is processed according to a
filtering step - the filtering step conprises

wordobiopiiszat i on of at | eastone conponent of thBCT/SG2005/000265

received signal with a filter coefficient - the filter
coefficient conprises a nol&e variance offset which
corresponds to the variance of the noise. 2 . Mthod
according to claim1l , wherein the received signal is
Clayimfped into a plurality of blocks. 3 . Method
according to claim2 , wherein processing of the
recei ved signal according to the filtering step
1. domegdpondort dethetinyt & psigmal cmaczﬁi\eedolvcj@k aof t he
g th filterin
Congnglglor %?féj%toﬂc aWi tﬁeV\ﬁer S tlcf Ict)&arnmgwL %%tlp
af e pgnadite, awheodint of matrices, wherein one of
the matrices i;s a_channel coefficient matrix that
- %ﬁ%céeéé’eéoﬁﬁaﬁéﬁt $SWAT 2R S7RY tAFFRE BN L HhRef11tering
st&pefficients that specify the transm ssion

characteristics of the channel. 5 . Method according
~ the diditerdng Wﬁépepﬂmﬁt?W%%\sftlubW@Joffcqtﬁ@rb@fp@ﬁeﬁ?ésﬁf
| GO [ t r Lchannel
B e S S T
coeitiaricintg to claim5 , wherein at |east one of the

~ éh l%fT%%Esc%Ef%gglgg Q§$pg£§g£Igléggséngggfgﬂce o%%set

which corresponds to the variance of the noise.

2. Method according to claim 1, wherein the received signal

is grouped into a plurality of blocks.

3. Method according to claim 2, wherein processing of the
received signal according to the filtering step corresponds
to the multiplication of a block of the received signal

with a filtering matrix.

4. Method according to claim 3, wherein the filtering

matrix corresponds to a product of matrices, wherein one of
the matrices is a channel coefficient matrix that comprises
components which are terms of channel coefficients that

specify the transmission characteristics of the channel.

5. Method according to claim 4, wherein at least one of the
components of the channel coefficient matrix is a term of a

channel coefficient and the variance of the noise.
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conjugate of a channel coefficient divided by the sum
of the square of the absolute value of the channe

weowbliakent and the noi se variance. 7 . Met hoPICT/SG2005/000265

according to claim6 , wherein at |east one of the
components of the channel Tbefficient matrix is the
i nverse of a channel coefficient. 8 . Method according

to any one of the clains 1 to 7 , wherein the vari%nce
6. dethiod noroeddnat he ehaHhels i'Pu&idt Mthdgass one ot the
compRrentQr o%.o{:hgeﬁﬁg}xhgg Bost AN e e GRItMa%k Visa tde
onmuni cati on channel, the conmmunicati on channel being
corgffoatteedfby nbhseelt heeffiebeny domsiddsinyg the sum of
rocessin it,. ad d r t ei ot
e GRS Bhor Bec bt RbEoritug €5 R IRy Srap otert
andWheieindiset harfibhteri ng step conprises nultiplication
of at |east one conponent of the received signal with
a filter coefficient the filter coefficient conprises
7. MNURE HAReS ebf eehimhbChukors Bspondsedsy i@ of the
variance of the™noise. 10. Conputer program prodyct
compvinn t swiedh thge chirageby cacEbhpiRel  Naekes thdiCotpyeere
Ofggrgﬁgﬂgéi!gggy§1¢gg5thtecting a signal received via a
confruni cat i on channel, the

8. Method according to any one of the claims 1 to 7,
wherein the variance of the noise of the channel is

determined.

9. Detector for detecting a signal received via a

. communication channel, the communication channel being

affected by noise, the detector comprising a processing

. unit, adapted to process the received signal is processed

according to a filtering step wherein
- the filtering step comprises multiplication of at least
one component of the received signal with a filter
coefficient .

- the filter coefficient comprises a noise variance

offset which corresponds to the variance of the noise.

-10. Computer program product which, when executed by a

computer, makes the computer perform a method for detecting
a signal received via a communication channel, the
communication channel being affected by noise, wherein

- the received signal is processed according to a filtering

step



conmuni cati on channel being affected by noise, wherein
- the received signal is processed according to a

wo pdober41my step- the filtering step conprises PCT/SG2005/000265
mul tiplication of at |east one conponent of the
received signal with a fili8er coefficient - the filter
coefficient conprises a noise variance offset which

corresponds to the variance of the noise.
- the filtering step comprises multiplication of at least

one component of the received signal with a filter
coefficient
- the filter coefficient comprises a noise variance offset

which corresponds to the variance of the noise.



