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BACKGROUND
Field
The present disclosure relates to apparatus and methods accounting for
automatic gain control (AGC) in a multi carrier wireless system, and, more particularly,
to adjusting combining coefficients to account for AGC, which are used to combine

pilot tone interlaces in an interlace filter for determining channel estimation.
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In one area of application, OFDM is used for digital broadcast services, such as
with  Forward Link Only (FLO), Digital Video Broadcast (DVB-T/H
(terrestrial/handheld)), and Integrated Service Digital Broadcast (ISDB-T) standards. In
such wireless communication systems, channel characteristics in terms of the number of
channel taps (i.c., the number of samples or “length” of a Finite Impulse Response
(FIR) filter that is used to represent the channel of a received signal) with significant
energy, path gains, and the path delays are expected to vary quite significantly over a
period of time. In an OFDM system, a receiver responds to changes in the channel
profile by selecting the OFDM symbol boundary appropriately (i.e., correction of

window timing) to maximize the energy captured in a fast Fourier transform (FFT)

window.



(FIR) filter that is used to represent the channel of
a received signal) with significant energy, path

w@aimapeand t he path del ays are expected to vaPgT/{si0&055807

[0009]

[0010]

[0011]

[0012]

significantly over a period of tinme. In an OFDM
system a receiver responds to changes in the channel
profile by selecting the OFDM synbol boundary

appr opf ORDRK Yeckive it isCiR&H Fp Qlaniél REANaddBIBER inf Preceiver to
mexi m ze the energy captured in a fast Fourier

bm@@r@ﬁldrﬂmn( RPTYss mlnﬁfdwe{V@t)w] from noR e r@ideMysyingbols, whech results

h bl
Bl mannglo%stlm?‘é n%g? ga(’sebseg tGII‘ Iq(?al%?l Oneba 11(1)% a]gc? reﬁglvlq orer:g\e/reéhannel delay

gpabddsp! Eh@ﬁ@l‘dlclsﬂw&pbﬁ,comhﬁﬂg &S ghdnicl BbRreidnNer length P from
estimate that has better noise averagi ng and resol ves
rongarivelyaiied OFBMyyapelsdete. a pRge ghgnngd igptapetg ipy unit called the

ﬁﬁl‘gtﬂl{& F L%H%&ﬁ@%&%ﬁ{%é ﬁrg%n ?Ifal hﬁ? %ala 5 HHWQ Pabulst timing

ConseCU onger anne
Eﬁtchﬂmizatlo]m ail?gdmlinhs c a%dteﬂiaiﬁch gaini comtol [(AGG)N gowavdr can limit the

LO oAy ngqhﬂ{] nelr@gﬁtg Iﬁpalﬁwer;%é ngf%'felag?r, llnet%?ipt%q?ﬁf{ c&ntlnultles in
QQthfe‘P nécfvg}seér/‘\?gé%n QMRMEEe c&ARnnl r'3vfth tlﬁ@ea%ﬁ{gf SVERRCfhe more

Interlacin ing. In particular,
mhttrta@emd@s agh scmbinedusuches mnDé(Bc hiach ﬂi&lDB sa«stber gelpyrticular.  The

B B 0 SR B DS G3Rk s SR maion
andrdi  systemin particular. The adverse effects of

AGC on the conbining of interlaces degrades the
channel estimation, accordingly. SUMVARY [0010]

According to an aspect of ent disclosure, a
met hod for adjusting for ?Wwf‘{lggts of automatic gain

cont r hccohifiy ROATDAsPEaBDIPhd PlesdndidBtlosgresa hfé:tlﬁid for adjusting for the
interlace filter of a conmunication systemi
fecty ofstidomatifeeaiin OTSEP] WHEN GerRSIndRg @%%Hﬁp%cea in an interlace filter of

QOES[[‘EJ'H:Uﬁ%%,{I&{] %{ Ofs A RARPY edﬂ?‘“rﬁ%&& Z d%ﬁid@s d?tfry}lmng a

control normali"zed to a predefine It1ona
hdvenaied tived gain od fudhe spd et eautomating gainocontrohmoemad o itoiangredefined

coef fi nts or _an i rlaefllter based on a
’l’“@deté?l 1ﬂ‘éad Yerthf emeﬂwﬁ op ydCteTREniNg R¥Y 9T dRqfaegombining

ME&HR@ FoPRARNinRE1a O &i1WDaQd FRTEp fé@@f@fﬂﬁh&g criterion. Finally, the
coefficients based on the determ ned nornmal i zati on

g@th@dtloclyd@ mOdndylugteedl cb i twiongr worsf ¢anchiamgscoef{fdanty based on
@C&% g%g:n%}‘rg aljza grlrl gglggoeylel({) a];djltlslgeed pomebsigl?ltg cg!cf%%{e%’[sslflr €
According to another aspect of the present disclosure, a processor is disclosed
for use in a wireless transceiver. The processor is configured to determine a
normalization gain of an applied automatic gain control normalized to a predefined
time. Additionally, the processor is configured to determine two or more combining
coefficients for an interlace filter based on a predetermined criterion. Finally, the
processor is configured to modify each of the two or more combining coefficients based
on the determined normalization gain to yield adjusted combining coefficients.
According to still another aspect of the present disclosure, a transceiver for use
in a wireless system is disclosed. The transceiver includes a processor configured to
determine a normalization gain of an applied automatic gain control normalized to a

predefined time, determine two or more combining coefficients based on a
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FIG. 2 is a diagram of an exemplary pilot tone staggering scheme used in
particular OFDM standards.

FIG. 3 is a diagram of a visualization of combining pilot tone of the exemplary
pilot tone staggering scheme of FIG. 2.

FIG. 4 illustrates a plot of a channel gain over time in a system without
automatic gain control.

FIG. 5 illustrates a plot of a channel gain over time in a system employing

automatic gain control.
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any exeipt thicydi ORI techngoed foermakingomingpadjustments using pilot tones,
which are used for channel estimation. The system 100, which may be a transceiver or
one or more processors, hardware, firmware, or a combination thereof, receives a
transmitted RF signal as shown. A front end processing block 102 receives the RF
signal and performs various processing functions including analog-to-digital
conversion; down conversion, and AGC (Automatic Gain Control) unit 103. The AGC
unit 103 may further include low noise amplifier (LNA) control, a digital variable gain
amplifier (DVGA), or a combination thereof.

After front end processing 102 and AGC 103, the resultant signals are sent to a
sample server 104, which effects the actual timing window (e.g., the FFT timing
window) for sampling the subcarriers within the signal. The output of the sample server
106, which is a synchronized digital signal, is then input to an optional frequency rotator
106, which operates in conjunction with and under control of a frequency tracking block
108 to cause rotation or shifting of the phase of the signal in frequency in order to make

fine adjustments or corrections in frequency.
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As mentioned above, in a transceiver used in an OFDM system, a channel

estimation unit or block (e.g., 118) is utilized to obtain a channel transfer function

estimate H . Of the channel at each carrier k and OFDM symbol time n for

demodulation of the data symbols and an estimate l:zk,n of the corresponding channel

impulse response (CIR) for use in time tracking. In both DVB-T/H and ISDB-T
systems, in particular, the pilot tones are transmitted according a predetermined
interlace staggering scheme 200 as illustrated by FIG. 2, which illustrates the scheme
for the first few carriers k and symbol times n. As may be seen in FIG. 2, at a given

symbol time #, pilot tones p are inserted at every 12™ carrier for a total of up to Ng/12
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tnofn @gquzdefasmpmlw é‘yldrtyochann@eesgmateafor \tirhon. tlnrr@rt@uulaii, cach pair of

th b N of Iot
B BP0 daelp Sy S Ml Q@IS pbol ime

frﬁfansesrm@ t‘heil am antahédicSestin@gd ecechabnd ftoﬁ‘ésp’bnﬂﬁ@"ﬂfb the time of
synbol time 1, 2, and 3 in Flciﬁ%%, where N K is the
f¥eal ﬁ@#b@?anlﬁle ©ArsuFle combEyRg.s e’qalévﬁtrageyﬁnaoéwgram 300 of the

e f Yis§
ERRBbS e B, SRRt STl 506, P sy
feptdsenthiiors bf thicl c@imbliing of piloneeacd eds alﬂusnared; effird,pilonpym for /=0,
S inserted at carrier

mbol t he flrst pil ot tone
AR Go TGN AS TRy RR&F 71 S EPACE Cpi1igPoLatiids time). As
Ria b%rs%eﬁ neerd.es EYBFB03 timcmmo% 0 ataca'i*ﬁé‘rp?%té V& offset of 3
interlace m where / is ‘equal to 12 in this exanple
eardenye(wdanodit), ethus @artmo8)sameghertd interlace) and times n+l and n- 3,
respectively, are combined to the time of symbol time # (n being 0 in this example) as
indicated with vertical arrows. Additionally, an interpolated pilot tone 306 may then be
interpolated in frequency with other interpolated pilot tones 308 or a pilot tone extant in
the n time OFDM symbol 210, as illustrated by the horizontal arrows in FIG. 3.
Combining pilot tones may be effected using any known techniques including
interpolation techniques. It is further noted that the interlaces may be combined in the

frequency or time domain, as will be explained in detail below. From a theoretical point

of view, both strategies of combining (frequency or time domain) yield exactly the same



nod signifies a nodul o operation. Thus, after four
OFDM synbol s (e.g., OFDM synbol tines 0-3), the

WE10880980T epeat s. For exanple, FIG 2 ill ustraP@pUusmns/ 055807
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[0032]

the first pilot (i.e., 1=0)§ the interlace pattern is
staggered for meO to 3, as may be seen by the four

pilots po,o0, po,i, Po,2, and po,3 inserted in synbols

gerféﬂnagce aﬁ@s Roted, e{ﬁﬁ%@%ﬂ it ombREO1n Mfe Atk tyeﬁfé%ﬁjt Rss stress on a
nown channel estimation al gorithms in sys

elmlnol;luF ﬁ@? in hdixicd peinf an@emlemtafsmr @insd its shette®m. 2

typic I nt rlacsfr
Consegu]tltlﬂ\llzén %I\Wlé)? a?tierlng Sehems Pstr efj#n 1TnZPrGI§§ 2 (an%S all available

pdakteitedi o€ &é@cleosbtw‘nfs eire (5L fosm@m)mng lﬁ)ffpll@ﬁtdrﬁsi As a result, the
fashion to find a channel estimate for a tinme n.

g%amr:lclmpakse r@%@@hS@dQIR) eFvepi 1/8of therssfud &FrDé‘é porbel turae (4/3 of the
rﬁ?ﬂ? ot (i.e., /th pilot) at different OFDM
nlo |ms ‘instances and they are conbined to
est I mat first Beatepinetombing gsloonelics g)ftthe tlﬂiterlzideﬁrEs @bmbining in the

ata. As an_exanpl e of such conbi

?rFﬂlt?élPY &9@%%%%@?%@8@%&8@3@ %énﬂoawmp% therpilgtitepgs in the
% RinkPdomuPes ve rﬁaﬁRé’iﬂatic@ll? |e§pregse\ﬂ" eIs oot ﬂleéqu\éh&‘ﬂ%h) below
resent ation of the conbining of [ ot tones.

pliolvuﬁﬁgalb@@lott@nébgtﬁqhat@lHot pl mfor 1 0, for exarrple

is combined in time for each of the carriers (i.

interpolated in tine). As may be seen in FIG 3, a

pair 302, 304 of pilots (po,i) at carrier 3 (i.e., an

of fset of 3 cldgfiers (SCn nod4), thus part of sane mtl

i nt er| acl).. and wm ) ;Im@ﬁg,r % .1 8sesthovel (D are

conbined to the./tline of sy msn(n being 0 in

this exanple) as indicated with vertical arrows.

Addi tionally, an interpolated pilot tone 306 nay then
1%1%{1% %gg&s’e | g, fik g ?Jh%}h W b Bhiefimk o aﬂg 'cﬁéﬁgl estimate,

t to or’a p ot 'tone extant 1 nt

Q:DM awninel 18t Qoc@Richtd $stheatied My Mhendar ZI@QB@'Causal and non-
ar¥dls in FIG 3. [0030] Conbining pilot tones nay be

Cc
FLAGCRR ERLAS, Aechanse il ERALAUER GESRANLNG b gn i
hotheol ades thySLﬂ»ecrqﬂ mbiin e deimimdeh @f fthe aueeinty op@raﬁmrrrmnod4 For

§1ﬁg)gpé§( ioegq %nrgt oefdﬁf(p:t%{ﬁrs] ecgglfsqq)og {nglttlgd e:éa%\évq 1n't:errPace as the filter
GFR! RINGWAT SIUERE W oRls, HoMABHY bl aRblcY id G 3 for
saneperfornmance. It is noted, however, tHhat combining

the fresvatiyralyscprsed erdmple sshese rﬂé%ng:a checnmdahg Ité-FHis ierammaple, the
fixed point inplenentation (since its shorter). [0031]
fiecodfiiaiemy uhe, pire cshosoatbt @fdch dinsarhiateepailhtians betateed two pilot-
in FIG. 2 and 3, all available scattered pilot tone

08 tahdnse ashowus@AThlsle oaliwi Ngs afaypbt kel amabe tfde,athe filter

result, the
coetficients effectlvely weight the effect that those tones closer to carrier 0 (e.g., k=1),

in this example, are given more weight than those tones (e.g., k=3) farther away in

frequency.



channel inpul se response (CIR) covers 1/3 of the
useful OFDM synbol tine (4/3 of the maxi mum guard).

wQ O@82y9687 first strategy for conbing pil ot tonkCT/OB200$1€55807
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interlaces is conbining in$he frequency domain, as
menti oned above, using a filter. Conbining the pil ot
tones in the frequency domain can be mathematically
expressed as shiown 1n equatidn (1)] beloWw provi di ng the
pilot tone estimate HEnO0 1 n kquat?on (3) ahove, NP
is the length of t fingl ti ongin ¢ nel
estimate, are the flw{érqcoefg?%?engé ofh?ﬁe filter,

and Nc and Nnc|are the cgusal| gnd pggcalgals fiilter

| engths, respectively. it is Inoied thatlthe potation |

]4 is an abbreviated notation where the subscript 4 is

a rem nder, t he. nodul.o .operati on xmpd4. . For
sinplicitghgkﬁ&hﬁg*E%Fﬁ%ﬂmﬁfnlOfg?a?gﬁggoggp?esponding

to the sane interlace as the filter output is allowed.

In other words, the filter works vertically as

i ndi cHtigdoiad thptGa meoregenensk fiffer sewld |ipcapereicoritad tones from other

. =N,. =3... xcordi o) . (D :
FHOTRL S8 frdg, SH0QRID0 0 UL T . Arer
kit thi TEET BRINAL 70N Gk M @lps LWRWPA E@tain thkeshdldlRO&S to zero, and
and are shown in Tabl e 1 below. As may be seen in the
bl fero-{pQ@diﬁ% Liigr 200etdrbe I(t%nl%ergélﬁt%%l Y& uén¥Bi GFFTNE taken to
effect that those t dnes closer to carrier 0°(e.g.,
= ) . a e . _ .

%ﬁ#afé gt %hg rﬁggl ((Sneaﬁga@ﬁ@?)e Iffl b ’%1%6?9 %{/ t‘flie \Ii]\&{ggihéf $hB&Ral time-domain

eng able 1 - Filter coefficients mfor |inear
F%ﬁ@?%%ﬁ%?%%n [0033] It is noted that a nore general
filteWhkutanbinm@r thoriateelagas! iat frequreeasy doomingtakediscussed above, is
i nterlaces (i.e., also work diagonally), wth. an .
SEL GRS, pepdis FRYC BniBl ORI naé\?rﬁ%ﬁs 1} fheghitp glopiin, as was

béfidmpihtcing HhS. pdicht LRk ARt AR, D8V B4C LSRN incorporated by
threshold are set to zero, and after zero-paddi'ng wth

zibrzecederinofor ntfermpod Atk only (FLOYuevioy) lan pRETnt examaphee the same

: i t.the final ch I at )

RGO cPishie ot P ot T DY LM EBRE A BBRL QN Sstems. for
&8t Buc kO3 4buMi) gD iMIhe D VBE/HNUNANKBEES shdtems (see e.g.,
frequency domain, as discussed above, is

EiGwil gl 2or haayer, shomiehenéasiese seghtly sliffercaigin a&LO system where
'oﬁ‘l&%'o ?E)ei%telrﬂcésha?e LdiBo %%%11 fhe “@2tu¥PAnd “excess” channel taps. In the

present example, 4 different interlaces, such as are used in DVB-T/H and ISDB-T

systems, are used to obtain 4 segments of the complete channel impulse response (CIR).

First, an IFFT of the pilot tones of each interlace is taken. More specifically,
zero-padding of the % (or %H for interlace 0) pilot tones £, to Ny is performed,

where N represents the number of carriers, and Ny represents the length of interlaces in
frequency after zero padding (i.e., extending a signal (or spectrum) with zeros to extend
the time (or frequency band) limits). In DVB-H systems, for example, the number of
carriers Nk is 1705, 3409, or 6817 dependent on the mode of operation. ISDB-T
systems as a further example typically have 108, 216, or 432 carriers Nx dependent on
the mode of operation. In DVB-H systems, for example, the length of the interlaces Ny

are 256 or 512 or 1024, dependent on the mode of operation. ISDB-T systems, as



contenplated in U S. Patent Application No.
11/ 373,764, expressly incorporated by reference

wheesitomeof or a forward link only (FLO system PCTIUS2008/055807
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present exanple, the sane ttbne domai n conbi ni ng can be
done for DVB-T/H and |1 SDB-T OFDM systens, for exanple.
Due to the four (4) interlaces in the DVB-T/H and

h@%r-rex%ﬁfplee RPoul$ B8vE iflerlact! Bngthk dNte 8} 32NV BEpentiB® on the
mechani cs are slightly different than a FLO system

t &V e
PAgE BrpBtub? Abed AL SHUAREY LS I, f AEELdakHo obiain o
exanple, 4 different interlaces, such as are used in
fve-dDhHim eaHmEDRET, of sheghanng} @cuseterlacs, gbrened By the following
segnments of the conpl ete channel inpulse response
¢iampn (2)0035] First, an | FFT of the pilot tones of
each |nterlace Is takgg sz& speC|f|caIg¥, N N
zer o- padgdi ng lofs-the %y, - r Mg 0 t el a )
pi | ot to}?iés »l ,w’ KL isBpelzf 4oﬁgrr’r'{ed6 v% I\]&% e 2)
represents the nunber of carriers, and N represents
t he | Bnpeharefion it @mhtrge thei trmé- dema'mrioy:rlatet dranpérestimates having a

ad%w% b S hERHengif ool Babl S@éﬁtéwfﬁ A% s of the
o, RUB R Qb BHaTBhe e UTREY QLSRN &g o h

- T systens as a further exanpl e
?@%&@%%%ﬂmﬁ 108, 216, or 432 carriers NK dependent

on the node of operation. In DVB-H systens, for
exanpl e, the | ength of the interlaces N are 256 or 512
or 1024, depemﬂ of opgration. |1SDB-T
syst ens, @asﬁnoth rwegéﬂ%ééhlanuld hal/e i nterl aces

| engths of 16 or 32 or 64 dependent on the node of
operation. After zero padding of the --tones, an |IFFT

Wheleaken atO rGbtr@l B as thdMRrslQRI BurRsd. | TREASE kea@h Qhtetl & channel
channet” per interlace, governed by the follow ng

et Q8 t6 e ubed G8B6(4)! timBY ERkIRL cABulkQort @TiHALNd] h&timates at
ti me-domai n interlace channel estimates having a

FageuiivRIQFRM sambhbitmey. thasbi,nereduliicred. tegniging akfgagtwhér eomplex
Np =4 NIL), the phases of the hk mneed to be
sfelfags spages f«tfélam@ﬁerﬂyuﬂy dischpsed preanide. estimate is

\?\lﬂje :J:tl"gg nﬁgr?a% 1rst c%nt ecofrﬁltll}lei(weonfi%ﬂf U@é% gig %ﬁ?‘ eellragrlel estimate

m are re erred to as
3,%0 aubRg e dalyth ofer L a92 . chRhehnel estimate hk,n may then be split into four

segments as illustrated in FIG. 4. Each of the four u segments has a length of N,

where each of the segments # can be obtained from the buffers as proved by the

following relationship:

n+l]4ub

k,n+l2

N

For the same filter coefficients m, , the time-domain channel taps obtained here

are simply the IFFT of the combined pilot tones of equation (1) above. Combining in
the time domain may simply be viewed as one way of implementing a fast algorithm for
the discrete Fourier transform (DFT) of the pilot tones combined in frequency. More

particularly, the equivalence is derived as follows for the case that we use exactly four



estimate is to be used four (4) tines for the
cal cul ati on of channel estimtes at consecuti ve OFDM

w@imbobIedT nes, the bk m are buffered, requiri nBCHUS2008/055807
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[0040]

| east 7 IL conpl ex storageispaces for the presently
di scl osed exanple. [0037] The interlace buffers can be
combined to forma time-domain channel estimate hk n
E‘éﬁéb&%iv@ ihRRALAR HUNR Ry Id) fi1dNEoHNABRE! 78Sk BRE B2 Mord general
may then be split into four segnents as I1lustrated in

qthe ; h . f~
RE it fERE R S OF cofiert TERTE TR BRI EIAET A can be
LR A BER St LR B LR A,  Jy down-sampin

Far t.he INR coefficients. W

bRt 28l SR s s AR AR i Ty daBS cqraponds 1o
hieksThgoth tirhe agd sitififngdin frdqatndyoesplake shifaihitine 69 skilled in the art
above. Conmbining in the time domain may sinply be
vilbaraedate s theafpllavingripleEpshin Wgagatorstd) helgurgovams  or
the discrete Fourier transform (DFT) of the pil ot
tones conbined in frequency. Mdrre particularly, the
equi val ence ds-geriwed as follows for the case that we
use exaclhy Xéur'consedutive intBrlaces and all four
(4) filter ¢defficients Mk are one (a nore genera
case with filtering will be considered later). Then

each time interlace hk mcan be viewed as being o
obt ai Redtheseka ef theauesentcgervetian af thwrdeaaininterldgy combining, it is

down- I ,ng ,and ;advancj ng (i4,n frequency). -Si nce

U AR I RARS ot o s 0GR e/ sy nfeginfrom the
ti and shifting in frequency to a phase shift in

HHHECE . o FAOTHEIET vt b oW qucgﬁifpé@rl&f%eq%?n fHgs follows:

following relationship in equation (5) below governs.

=S h (5)5Zz0 0039} For the sa of the present
derivatigga%¥¥tﬂn2iﬁ%ﬁﬁin intebﬁace conbining, it is

assuned that the channel is constant. Thus, to obtain
the h, , N" back fromthe interlaces hk n

coefficients a ¢an be faound such according to equation
(6) as P%lﬁﬁﬁgy §aﬁh@v%91‘nu"-k,n-w1= k+uN | ) m=0

27 (ks 1Ny )

3 -
> e =6(I-u) YO<k<N; -1, (7)
m=0
which ensures that in the linear combination of equation (6) that the coefficients in front

of l/_llHuNIL,n—m sum up to unity and for all other aliases the coefficients sum up to zero.
As one skilled in the art will recognize, the solution for ¢, is thus

1 +j2—ﬁmk +j]2v—ﬁmuN]L

akmuzze Pog P ) (8)

By further recognizing that that the ratio N :i, the deramping and interlace buffer

P
combining coefficients can be extracted from this solution.

The additional filtering introduced with the coefficients m,, can be viewed to

only operate on a given interlace, so that it is equivalent in time and frequency domain
(i.e., linear operations are interchangeable). Whether the filtered interlaces are then

combined in frequency or time domain is the same according to the presently disclosed



whi ch may be achieved if: =d(l-u) VONL -1, (7) n=0
whi ch ensures that in the |inear conbi nati on of

weowatlpwn? (6) that the coefficients in front oPCTKS$2088/055807
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n_msumup to unity and fonzall other aliases the
coefficients sumup to zero. As one skilled in the art

wi Il recognize, the solution for aknu is thus i By

fﬂéﬂfo’d@Fogfe@COﬁE‘é&dilﬁglyt Qaaadolaam)td%%vé 2hh Be- rev&xrﬁt%n as the following
deranpi ng and interlace buffer conbining coefficients

equatipe (Bxtracted fromthis solution. [0040] The

additional filtering introduced with the coefficients

MLk can be viewed to only operate on a given

interlace, so that |t |sh?qﬂ valent in time and

frequency donaﬂ Qb”é%“]pln ar pqgaﬁlons ,ar o)

i nt er changedbl 4= Wiet her theE?} ef éd i 4}erlaces are

t hen conbined in frequency or ti donaln is the sane
according to the presently discl osednet hodol ogi es.

Accordi ngly, equatlon (4) above can be rewitten as

wherefthe Inaal an eqjespests 1o e intgrlaeefikiering anddhe euips-sum corresponds

t he

KOE PRSI A siiiud AR HIMAL Aifoibins (ESHENAI, "2 g

inter A@Qﬁso@@d’é’@ldbbﬁ@ the cbmll’éﬁlnﬁ’g)ﬁ&ﬂime{l@((%l ifiSthis presentation) for
di scussed above, the conbining coefficients (Jnl%
tdthbinfrgehenilat inadt)actPirecpdikthint BEht 43empy botsednninetht &QBE&: 1 above
are constant, such as may be seen in the Table 1 above

wh@ieéh@ Rectlgisntsiass Bﬁ%%lyap@mqlﬁ@%m ymentThe ﬁepﬁicz@at& ik however,

0 ng.s h n

e e B Py ey PR e R R 8 Texample. the
eoeiﬁmbmts dohhi b@cefuﬁsemte nhsimox| tﬂe bmncrhmsemeamsqn'am atraie (MMSE)

he m uar.e. error ween ..
E%twasql S 'ﬂa}e @éffriﬂ teltt iy M@é tﬁeﬁ degigning the
E&ﬁ&nﬁ@%o@ﬁi&&ﬁ Bﬁth%qm%irlgéenﬁlté‘roa%g(ﬁﬂd tBttﬁe SiME R riterion exploits

Interlace filter according E criterion

theptiog tcsrrtllaeonﬂ ofetheode n)alqeméwlofsh ateetheadmepinoitepsncy and time
whi.ch are the sanme in frequency and tine domain).

? ? An exenplary derivation for an MVSE interl ace

est i NMAhOdxehplarp dealdtRasfor AReVIMESIEM@thcPick@hatbPDess BiloWs. The

are assuned to be:
observed pilot tones Z;,, are assumed to be:

Zk,n—3 = Hk,n—3 /ey (10)
Zk,n+1 = Hk,n+1 /e

where H, , is the complex channel coefficient of carrier & at time n and 7, , is complex

additive white Gaussian noise (AWGN). For simplicity, it is noted that pseudorandom
binary sequence (PRBS) spreading is ignored in this discussion. The observations are

then combined to form the following estimate:

Zk,n 3

) }:mTZk. (11)

3 _ T T
Hk,n = [m0,3 m1,3:| 7
k,n+l



where Hk n is the conplex channel coefficient of
carrier k at time n and hk n is conplex additive white

wW@200840%07 noi se (AWGN). For sinplicity, it is POL/@E82008/055807
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[0045]

t hat pseudorandom bi nary saguence (PRBS) spreading is
ignored in this discussion. The observations are then
conbined to formthe following estimate: ( 1 1)Note
No&t thhhihSs 6ANCRAT IdeYexBd8X k& RLRE phist ﬁs%searm bdkr HRRES fsets. For
and other tinme offsets. For purposes of this exanple,
pm\pgmg rof thie Ieﬁ@r@plekhwﬂ:\@ﬁ,g@rfgﬁt ktpavledgsorfdho sehond-order statistics of
atlstl f the e Hk n is assuned.
@6‘?%5%& ﬁ %quil 1%9°fr(f%gl§'he normal i zed auto
-correlation of the fade process at tine-offset /, E
denot es expected value, and C NO is the carrier to
noi se-rati o. ﬂﬁlHBy pplying the orthogonality
principlg gg ‘ad in qu@?lon (13) as foll ows:
yzj] =0 (13)Y Thi sCiVel ds the fol [ owi ng equation (14)
to find the coefficients m =[rHH (-3) rHH (1)] (14)
wherrcer,}, (1)sistthe n@n2alizdé atiotapriwhtionsof the 0uld]prateenat time-offset /, £
conmbi ning interlaces, whether in frequency or tine
dammisrexpeeed ailue, ahdiGydV, adjthstameeatts naise-ratgcessi t at ed
due to phase shift between pilot tones at a current n
OFDM synbol and previous interlaces. Known fine timng

Ki | gor i th d
the_ pBSrprARgh PEoseniuRRER St BN ol e fortows:

be discu | atery.,+ These ti adj ust nent s
correspo%EG?@fbhzsLZeLTﬁts inntﬂﬂ frequency-domai n and
thus affect channel estimation: The pilot tones at
time n which have a phase shift conpared with the

pr evi ouspy;n 1%{ds %e%&é?/gl ddition @qg{bn@‘#] d f2Y maeﬁﬁil?'t

shoul d be ¢ ure Fiect ase S

to conbi ne the |nterlace uffers d

retardi ngt ErtqengI M/%ay beﬂgﬁg .éﬁﬁ rred t p43s
an advance or retard’ fipl i ny of the)OFDM
synbol . [0045] No matter mhlch nmet hodol ogy used to
deternmi ne the conbining coefficients is chosen, in

OFDM syst e t he, AGC (automatic gain control) can
Wlhﬁ’ietIWH@zg%rlfi@}t%H@gl’bf the interlace conbining. As a

vi s uaiWH%ﬁ%HHﬂbﬁnné: nRrlated, WHRHeE B €828 &tk déMin, certain timing

channel
adjustments are necessitated due to phase shift between pilot tones at a current n OFDM

symbol and previous interlaces. Known fine timing tracking algorithms, for example,
retard or advance the position of the FFT window at a sample server (to be discussed
later). These timing adjustments correspond to phase shifts in the frequency-domain
and thus affect channel estimation: The pilot tones at time » which have a phase shift
compared with the previous interlaces and, thus, channel estimation should be
configured to correct for this phase shift to combine the interlace buffers. The advance
or retarding of the FFT window may be also referred to as an advance or retard of the
sampling of the OFDM symbol.

No matter which methodology used to determine the combining coefficients is
chosen, in OFDM systems the AGC (automatic gain control) can limit the performance
of the interlace combining. As a visual example, FIG. 4 illustrates a plot of the channel

gain without automatic gain control (AGC). Without AGC, the plot of the channel gain



gain without automatic gain control (AGC). Wt hout
AGC, the plot of the channel gai nsnoothly changes.

wWOR@®a/1#607 i s utilized in a receiver, such as ARI/LSRNS/055807
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the gain of the receiver ig34adjusted such that the

sanples within one synbol (or nore precisely within

the FFT wi ndow) have a roughly constant power. This
gabsthRAiHaAE e nWherWQ\C@ SR iZeAGh dF6ccnal QGh 9k 20RS 105 the gain of
a Low Noisé Amplifier, LNA) and/or digital stages

(hleu rleeelaerusquwlted\/emhdbatethemampmmﬂilneqne Puda) (ernabreesrecwely

U BER ISP AU L, 0, 38, v
flag lﬂ[ﬁiludesanﬁﬁ)@%t‘e%@s &&e%&bv@ﬁio&%@ﬁnﬁlﬁ@dﬂ EN@% ahd/ot hhgltal stages (like

srmothl% ghanal ng channel of FIG. 4 is "chopped" in
piligiéd \pirtaklegOaimonmiphiiet RD6GHyY cpatdesaibie. reqoiyor ﬁepﬁ@r@ with fewer

o
b1t i BEGk fter WP SRERREY 1 ERAL AREL 8Ot SRl § roduced
i's redegnnzied seeth‘ﬁBHEFIGI Bathepembathiyabicangafe themnel of FIG. 4 is
ei ver when conbinjng interlaces i |rrproved if ot

CSTOBBE I IEES P baRERIHS torfBe AGC o Whs@oE: éhé%l@&e“ of the
AGMEY @Eeﬁﬁilel Jéﬁh?atlﬁﬁ% Hl%renﬂ%hofﬁfcg& %eetﬂB}eymf%‘}lB@é‘sttﬁQ a*?é’ cornbmed
changi ng the conbining coefficients Mk to reverse
Bfi$§ mcognindd, hbrecya@Chat perfoamheeatfitlicatcc¢igenmshent dmeltpmlhgunterlaces is
observations. i n_any. receiver, capn be represented b
PrPE Ry st Btichuipdigid Roths Kop 78S GREMET qhekrEd. i
RS tARosIRIRidnBy Sffectt® %ngt ﬁeleBWbBY oe@ﬁm@ntﬁ'n‘ir? tB reverse
and Zk n represents at retical pilot observation

WeldiRidls fiGhe AGE \Iﬁlln%ﬁheafatféaﬂﬁ%np &hé Hﬂb@@&se%ﬁbﬁbe& efh%r receiver
follows: Zk n=Hk n+hk n, (16) where nis the actual
camips] rerres¢mgrhley th@(felﬂdwmgeqmat@h acarrier k at a time
n, and hk n is the conplex additive white Gaussi an
noi se (AWGN). Thus, an interlace conbining filter in
t he chanpel_ ?;\)lzmatl on bl g@; operates on the ACC
adj ust ed ‘ébser Vat'fons according to equation (17) bel ow
in order to nornalize the AGC gain. As nay be seen in
this equation, this nornmalization is effected by
whttei glhy iinthet A&(pigdiot(eigortbe fcombaedt INAM€GIAgce abyymtheand Z,
ratio of an AGC gain g(n) for a synbol tinme n to an
Aptgants aghegretical paot dbsterti@ceithoutAGCpUrlposts 8f, tihag be further
present disclosure, the ratio of g(n) to g(m is
tiefined chs dolivovsral | zati on gain, which serves to normalize
the AGC gain to a predeterrri ned time n. It is noted
that for the above relationship (17), in one exanple

Zk,n :Hk,n +77k,n’ (16)

where H |, is the actual complex channel coefficient of a carrier k at a time n, and 7, ,
is the complex additive white Gaussian noise (AWGN). Thus, an interlace combining
filter in the channel estimation block operates on the AGC adjusted observations
according to equation (17) below in order to normalize the AGC gain.

g(n)
P 17

As may be seen in this equation, this normalization is effected by multiplying the pilot

tone for a m™ interlace by the ratio of an AGC gain g(n) for a symbol time 7 to an AGC



the val ue m may be bounded according to the condition
("-3) ( +3 inthe instance of a 7 interlace

w@ooobiteteny scheme for DVB or | SDB systens. Thi BCTEHS2008055807
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| ess for FLO systens or other systens having interl ace
conmbi ni ng schenes of less than 7 interlaces. It is
noted that the AGC adjustnent nay be perforned in tine

4in ggﬁ? BRNGnQEARR A, Wot mﬁabs?eseyf@&t preie dRehat mﬁ@ &R0 of g(n) to

ene The adj ust men be thus |ncorporate into
gle) 1Sntteen¢ch@enomlah@t10b3gadefwlmph@eezns deljngsnadizectbetAGCngpin to a
coff|C|e@ kaccol['gﬂ ftoth follovvln

€ ta 0

pieAstermin (rfl.8 tis ho op ﬁhe(al \¢S r%latl%rg n)é) %17?1 jn one example

greffiheinp Iﬂ{ay”be %Oh&eﬁui&bﬂflﬁge &b Bye bHKIAH 333% A@Jﬁ )in the
gain, which’may be derived from equation ('17): 'S

H@{aﬁge bhat7 feirla8deahbRihd dBkma 8y ShELH$SIHI s@sterns This may be
interlaces is assuned, such as the systemthat was
leis$ EostLAD exbtanms 6 @herdystne heviogentetlas opaibueng chenreayf less than
Ze r resented by - ( -/ -4)Jin a four interlace

®ne skilled in the art will appreci ate that
equat 08 roldd) tHARYheDR GTDGiljltRttnt agCROPRForhRE iALNAE or frequency
systens, such as the 2 interl ace s%(stem used in FLO
§91§@1@n’e’1t TihE sexadl synedesfoundncsi kavetitray Theeddipgment may be thus

glgsli)fplre{tuemgo l& %l{?ct:el 8 {]errhir) oﬁ/gnean afla%,]st Eigi)bminﬁ cogfﬁment m,
%ccw?(yﬁg to t%%@%?o%\lnh%relaa onglluﬁ (?25 ! ' nearl y but in |og

recrsio =rnd 2 Iog 29
("))) Thus equation (18) becomes = 2( (">")))" (19
The integer portion of (I{n) -I(n -(k-1- 4)))/2* in
equati on_ 19) corre c’ﬂl)ds to a si nplg shift. Thus, the
power of e 7o ”“t%lﬁ,_n J aYFger porti %)can be
appr oxi mated w gﬂ al of degree 2. One skilled
in the art will appreci ate that equation (19) can be
efficiently inplenmented in a digital signal processor
[IDSRjatioli( i)etht kembesng toefbivlent ppt entudtiplicd érycibre chotnalized AGC
bit-width of the FFT engine, the result needs to be
gahuwatchdmay bt hleribed fmhﬂed[uaﬁbn t(h®). FRTs em@idnﬁhat fd483tion (18) a

6.illustrates a flo

St R e g T AU 1B e Are ST e [Lrpiedin FIG. 2
f
TR “pEr RE OB b Bl B8 o RaSIE WIE LRIV fng fofr inertace

m“:flte&%d ggeoslgﬁgd 1P 143 arE’jl WSl %Ir)lt)rema e tﬁat equation (18) may be modified to

account for other systems, such as the 2 interlace system used in FLO systems. This

adjusted coefficient may then be substituted in equation (1) above, for example, to

determine a channel estimate H wn- The AGC gain is, however, typically not stored
linearly but in log domain with b bits precision, i.e., /(n) = md (Zb log, (g (n ))) . Thus

equation (18) becomes:

((m)-1(n—(k-1-4)))2" (19)

my =2 "

The integer portion of (Z (n)-1 (n —(k—1- 4)))/ 2" in equation 19) corresponds to a simple

shift. Thus, the power of 2 of the non-integer portion can be approximated with a



602. Flow then proceeds to bl ock 604 where a
normal i zation gain of an applied automatic gain

w@emwsfaeoT s determ ned. The nornalizati on gai NPCEUS2008/055807
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normali zed to a predefinediti ne, such as a synbol tine
n. The procedure of block 604 effects finding the
ratio g(n)/g(m discussed above in connection with

BAYREMRNST fdafde 2.( OBL skARE ik #)art WiIT S¥preledte imb REMAich®9) can be
nofmal i zation gain in block 604, flow proceeds to

blfisisitlg 06 peanéed Wb aofigitadregmbmiseashsoy (XD f i Tnenths feswlt could
By BTRPS ih big oEET BhRSE Sy FBR Gl e v e

pitedethesTihERT efigih€ri a, such as through |inear

interpol ation or MVMSE as di scussed above. It is noted @
that BlGcR Bosratey enBewyhdidggismn of eqmatadafory defesngiping combining
p(#e?ﬁ&e@t?ﬁn atrﬂﬁltio&%ri&t d)?ﬁl\@%ysk?%rﬁ %e@é) BeB¥fficients are normalized to
alternatively occur prior t0 the operation or bf'ock

Bédéuntr foe dreceffacendf the tAGE he\sahewal themeahodbOR kegifidtat d tart block

i s further noted that rocessor 121, suych. as a .
iy thPWsihgh dIrogseat é%é@q&( b yvhorna Rarelientiopeed et B applicd
Ql!lteﬁllétilé' 18in RomRIOis n@%tétﬁﬁnédjerﬂf%f norﬁ{a_li‘%ﬁ/ono%ﬁﬁris normalized to a

sui tabl € nmeans nmay effect the operations of blocks 604
predefdig, tirhgrsuel asrplsgmbpDO#o . Afhceprot¢vmropeblatk 604 ebkcts finding

| . 606 | et fl t
MRS 608 L duined et i s Ectiony vaF shdioRs () Cpatnd (19)
AfRf QetdRfiniie thebasiafdlionidnNeaifl 6h &Sk 66k, W Brb%REd &N block 606

gain. This operation was described previously in '
woaITeleol @nmaict ¢pneljuiagicoalicieng) fosmg iptedyce {iler are gletermined. The
nogy-f.i [ | d_cpefficient kK is C | a . .
PR Bl MRLNALEIEPRL b, Gl pls, St P Pedetcemined

siteia,amcPaP thrdlgh lilar ¢itamoitios i IMBISEMY dik@gsedlabByve.alt is noted
conmbi nation thereof, or any gther suitable neans, m

gt blogk 0@ Athaugh Shexm sequetially glirr Wodk 00, s oneggdion of block 606
gg% Ugtefitht 851y?ﬁ%'u{) 'lpﬁgr & 'ﬁgéo gb%ﬁ%&p of Ul(?dkg 42 ](?8 .rcg%uerrent with the

erm ned, ocess s at blo
omariiion ofghblodedd4. cit enfusthar sottdh@rat apectekyor tiRé, dunh es halégtal signal

filt ., 118 det ' h | esti )
e e e
Gl ke oS AR USTARES R CHANEL S TH TN |

A MIULTI CARRIER SYSTEM' having a Attorney Docket .
0616180¢r thd peatattanscelr blegks §0hend w6 rre compktast didwt heteeeds to

B BRSRR P L SERS U ERE 09, Bt b o
ARrueeb oL PHin ey 5 BepRAr R G R Ml Mogmecton
WothSBAWRORNA1]) and (19), where a modified or adjusted coefficient my, is
calculated. It is noted that a digital signal processor (DSP), such as DSP 121, the
channel estimation block 118, a combination thereof, or any other suitable means, may
effect the functionality of block 608. After the adjusted or modified combining
coefficients are determined, the process 600 ends at block 610. The combining
coefficients are then used by the interlace filter (e.g., 118) to determine a channel
estimate, as discussed above and also in the related application entitled “TIMING
ADJUSTMENTS FOR CHANNEL ESTIMATION IN A MULTI CARRIER
SYSTEM” having a Attorney Docket No. 061615U1, filed concurrently herewith. It is



descri bed as a series or nunber of acts, it is to be
under st ood that the processes descri bed herein are not

wo pemstiedoby the order of acts, as some acts nmaRCDUS208/055807
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[0051]

[0052]

[0053]

[0054]

in different orders and/or 1€oncurrently with other

acts fromthat shown and descri bed herein. For

exanple, those skilled in the art will appreciate that

RotBB R dRd 9&3@@%{1@@&&%&@& ﬁéﬁéasfedoauﬁ@fe%s,ﬁtm@gn@ﬁm@essmg of

series of interrelated statés or events, such as in a

SEQME(QREﬁhwﬂwldﬂmm@mvénnaﬁ@nﬂahkr|Ilustrated acts may

be re ed to | nt..a ne n ance

i th SYUES g Rte e Sl Sy B P b REFERRRE Pshown ana

{€0E”dd Eé G se}lew druslirhBdrest adts aﬁp@rtatlbes uh@stbod that the processes

det er mi ni ng conbi ni ng coefficients for channe

daserihed hospiniare potinieqdebystheevdes ef ackhas spipapeis gy rgeur in different

[

bR HERor ehOBHG ) B SPRLE Rond ARFAGIA Pnd BLGRER hiin. For

ép&aﬂnﬁlartho@t skiltadninnbe aﬂmziﬂmbfezate thiat gmelthcmtblc@iy caphl aleghatively

gutonatlc gain control %nglzed to a pr qfflned
ﬁg)resggtegrgs&(mpé) 1{1‘[ﬁ1§8 Oﬁatﬁ%w B, puch A% paystate diagram.

oV R4t Bt '11%&5(68”&&;4" hah e réqlﬁ%dat ﬁﬁerﬂ&@ V'n%tlﬁ)dology in

conmmuni’cati on |1 nk as illustrated in

Agboirdanonwith yhe subhat methodolngtps leESC]IOEmﬂ lemreint ed by channel

esti n nterlace filte DSP 12

conbi Lt bl RIERaR Pty PHBr S aptes GieRessosgicionts for
pRAns] tPidRdbn ARRAKALISs dOHc@l T0ei HPhUEARST0D f&@g%sealﬁ%atlc gain
for determ ning two or nore conbining coefficients for
mnttqht(éﬂCécg@nf inlfctréwtlmgte@ln cmpuam?f edutle deliveedthe SIgnal to a module

es Atltfgrglt(%ge f%’glgalw%éf’% Irlrpé’fe @é@%ﬁgya&&%q gain control

aodmbilinad tcompteheﬁﬁatfnmas Aemarmhmple aipudng2 Atahecceive the AGC gain
SU|tabIea§roceSS|Eﬁ}ﬂEans [0053] The det erm ned

HOPTRANOR af PBnthgaf Hl: sSuslit Pub Ky 198ane ¥ camammigafigndhink 122 as
Egltsﬁat‘%?r[p' 91 CoRAdiliGh tsfn&fu?e QH& F}H& %\é %g%%}tg@ %y channel

these outputs are’input
onohdtiph ngd iilterlaefbicnil b§y RIR121, @i oembmahaﬁ dtbrmf or laey other suitable
determ ned normalization gain. As discussed
PYOEISBIgSNSAS npdul e 708 may nodi fy or adjust the
Coeffhﬁbﬁﬁﬁé ﬁX)%Hbthﬁhﬁkﬁgl%ﬁﬁmﬂ?ﬁ@@'ﬁ%a&ﬁﬁﬂnﬂﬁgmmm or more
with the conbining coefficient to achieve the adjusted
combiinmign goefﬁelﬁﬁtls cfoenars .intktlades fikot @dsetdh all gropdedetermO®d criterion.

TRk RET SS9 R S s B R AR b 1.« Do

(121), a combination thereof, as examples, or any other su1table processing means.

The determined normalization gain is output by means 704 and two or more
combining coefficients are output by module 706. Both of these outputs are input to
module 708 for modifying the combining coefficients based on the determined
normalization gain. As discussed previously, module 708 may modify or adjust the
coefficients by multiplying the normalization gain with the combining coefficient to
achieve the adjusted combining coefficients. It is noted that module 708 may be used to
effect one of equations (17)-(19) above. Further, module 708 may be implemented, for
example, by channel estimation block 118, DSP 121, or any combination thereof.

The adjusted combining coefficients are output by module 708 for use by other

processing in a transceiver to determine a channel estimate of a received OFDM signal.



exanpl e, by channel estinmation block 118, DSP 121, or
any conbi nation thereof. [0054] The adjusted conbi ni ng

w@o@BfldwdENt s are out put by nodul e 708 for useP@USLE055807
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processing in a transceivensto determ ne a channel

estimate of a received OFDM signal .In a particul ar

exarrpl e in connection with determ nation of the
Eﬁﬁhulﬁﬁéﬂaﬁﬂﬂ@m dzoh@ctlzn'v%{mérﬁﬁl@ﬁloﬂ U Handel Qstlrnate FIG. 7
i n apparatus 700 for conbini ng two or nore pil

1lhls@atba@emqsiﬂlesyh%olvéhme@rmawéw i7A0 afor rcmﬁn@ngetmmgr rrgore pﬂot

L T e B L PR o YAV, g Y B
todrecibase Kobtler71hlBaadshes imymetted e thd , chafneestimation unit and
exanple, It is also noted here that apparatus 700 may
aléeri%ﬁémnltl@dawhqwm in Heahs eeidderxamplch lass also @pm here that
HABRES 10 B0 RASGRES Bl Bl P G LAY rancotver
ghd/esy aogisaphhadexanpfevat, fhimdratarany ceabiinhSorethiervof.ng

a perfo nce i nprovenent achjeved using the AGC
ad] usEHfent €165 <o HeBRG HaRBIGO! @atﬂngﬁﬁlétsl Py gRegformance

frﬂ;?ro(f‘@rﬁéﬂtezfchi&e@ Qisifpy HRd A& destmé‘iﬁé CiscluSsed pl?é%bltll ethis figure
B, re‘:]l.“re to achieve a bit error rate aft
klflusmtbs theepudirrignOMBER)o (F/N2xwhioh 4s speceictlyp |dBatequrrbé|tp achieve

Foaationey. By yRb dsrpee OB TR B AT ATy PR Gt win

b PR | TUG) AR GaHN 1@% nRRIh TEppri flequbRyO¥S an feRimpPledMAs may be
speeds. In particu a transceiver becomes oper abl e

sgenan thexiighien t@@p«gﬂl@rr p@ffomnc@ﬂd imreyad foobigh spprsh. s pw@cular a
ﬁ aclx:nscglvleéj Bé ogé?a%?et %0% tma'&&%gmglbgéqlgreg? aﬁzﬁh 1%1a¥\fn:1y r100Hz when

hisiAg AT \adfuslrﬁenks (5t e tthe f)Qi‘ﬂZdeﬁﬁlﬁﬁt@l @ith stlﬁwesr)l @hereas without
denmarcated with di am)nds 0056 In light of the
f\&Ce@‘BPﬁaleﬂ‘iséh%g%’ils&ﬁw%ﬁélf% d|110e Hz(sehe gaithe plpt demarcated with
g,gg[lr ﬁ&é)ate that the disclosed apparatus and net hods

eftect “i nproved channel estinmation performance of

r ecei Irelighp of theoforapbing dmcmsg'omgione skill€liirs thesart will appreciate that the

3000% %‘H}?&%ﬁlégﬂcﬁ %}retﬂ%ﬁg@ C‘fb m&g %ﬁ%ﬁghestlmatlon performance of

%El@&ﬁb&ﬂ)h%@ aOkarRc Q& TR 2 & h&em%ﬁkﬁbd 1Wa?tli‘cu'la§ by reversing the
normal I zed to particular synbol tine.

Aiseordiniiiziat i iotogmied, byi AGUrthrough dmmma@load@mgtnormahzatlon gain,

gﬁ{n‘gl 13{{1& Oe%%%ﬁ mﬁirt quﬁﬁylo b]ﬁle I nt e F%a[%é)];ll gla}ne n Iu% is used

W agust eabihiat cdfciSRE@iséd n thﬁferl@l&e 1 RF #:CBdtehining channel
saep? in the processes
estimation.

It is understood that the specific order or hierarchy of steps in the processes
disclosed is an example of exemplary approaches. Based upon design preferences, it is
understood that the specific order or hierarchy of steps in the processes may be
rearranged while remaining within the scope of the present disclosure. The
accompanying method claims present elements of the various steps in a sample order,
and are not meant to be limited to the specific order or hierarchy presented.

Those skilled in the art will appreciate that information and signals may be
represented using any of a variety of different technologies and techniques. For

example, data, instructions, commands, information, signals, bits, symbols, and chips



di scl osed is an exanpl e of exenplary approaches. Based
upon design preferences, it is understood that the

W@ p@sitbd6e7 or der or hierarchy of steps in the prOLESHE$055807
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may be rearranged while remaining within the scope of

the present disclosure. The acconpanyi ng net hod cl ai ns
present elenments of the various steps in a sanple

Hafl@hay BBOrcdrEndRAt thigARbut thcb8bdeMtRAplich the, $BeRpidsénted by
order “or hierarchy presented. [0058] Tﬁose skilled in

voleagas.tcumichts, elpgpirasesigatiec whees, magoetivali¢ldhompatticleyy matisal fields or
n?ipe&%re&%}g%#%Q1fmw(ﬁ a variety of different
ecﬁﬁ%logl%g QR Riles. For exanpl e, dat a,

I NSt r Tadde0BS skitlo @RI Surtien  HpraRtdt® Mhat Sthg nadrdus QiltSrative logical

s%nbols, and chi psthat may be referenced throughout .

blesksabmodulgeseirsusisi gRd ndgomany spps séaseiabedoyn onpegyies, with the

. oo tiol
%%{Hicﬁﬁegtg | cﬁ%cgcfsteﬁ i Zxﬁdggb o [ggl;'nl@l:i%? as ’eieg}rf)félg yh%?dv%re, computer

I'ca

saftvidraadt @ombhatiensd of WAL 9] Tl ktxady oillustkité |thisointadchangeability of
urther appreciate that the various illustrative .
ygras Ak R g US R ATRIONSHRY Pfesy MOdHicst @fryits, and

%@ﬁscﬁdvké @dert %es%ﬂﬂ&{le@c;oivggeﬂ@rﬁﬁy tahermetadiiraMcBoci g ! R8&her such

erein may be inplenmented as el ectronic hardware, '
Goeponadity sofitnpkenentedr ac datvivaat ioo neftefard dependT aipohethe | garticular

SR SN G pPEp g or i pSrval SRR Sl artisans may
Rslehes: the Idesdtibed fuRtidnSlit9RE vAANS: RASH feteseh ibReRtuRPAYSlication,

genera[ly in ternms of their functionality. et her
wichich impleinowation Jedisonsbpeldaet belindeypre: sigg a departure from

%%%Eo Hﬁxﬂ§ﬁ%§9§ %eggm%he particul ar application and
e3|g% cons ralngs I'fposed on the overall system

Ski | | ®He arakiog@ridudiyive NpLeake blockklendasies, bedl circuits described in
funct[onalitg in varying ways for each particul ar
b

epperiean Eh, o gmbedistenisiisdonsAthatsin mayes Sisreripdor gerformed
080 £ PERELE IR 0L 068 SRS GRILS appicin

ppdcifst madgrated lcoguic AASHT 0 akfSsld moogrhmmablngate iarayi(FBGA) or other
describﬁﬁ iE)connection wth the enbodineqts.di closeg
REBEHMMHHRY 19819 ﬁjﬁV‘éﬁ’e HSSEELD r845r o MHBYSIRN t'ASIS> JRTFEFal ardware

BAhPARASPHPGRY S8Mbindidh Mdr&lf REPRAL tPHOEESS Me (uRSdns described
an application specific integrated circuit (ASIC), a

héreind Ao gogra muwisise prpatssoamanpe ¢ FRGAPrascssot,hat in the alternative, the
di screte or.tran§i

BERRLBTIRRL By 9% it 670 S Sl Ry or
ﬁﬁeﬁah@éat AOprob&86€ afaydgisd %ednﬁ@m@ﬁeﬁ QfsM tdaghbinafieh | §MEomputing
geevsigers: bee.g., a combination of a DSP and a microprocessor, a plurality of
microprocessors, one or more microprocessors in conjunction with a DSP core, or any
other such configuration.

The steps of a method or algorithm described in connection with the
embodiments disclosed herein may be embodied directly in hardware, in a software
module executed by a processor, or in a combination of the two. A software module
may reside in RAM memory, flash memory, ROM memory, EPROM memory,
EEPROM memory, registers, hard disk, a removable disk, a CD-ROM, or any other

form of storage medium known in the art. An exemplary storage medium (e.g., memory

124 in FIG. 1) is coupled to the processor such the processor can read information from,



herei n. A general purpose processor may be a
m croprocessor, but in the alternative, the processor

woreyshaeany conventi onal processor, control | erPCT/US2008/055807
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m crocontrol l er, or state machine. A processor may

al so be inplenented as a conbi nati on of conputing

devices, e.g., a conbination of a DSP and a

BEWORS RTEHSAon 18, Mk WEckhdd dhe@unl G QRILCRREGE Sho HoPaRmedium
nore m croprocessors in conjunction with a DSP core,

oy évnynt@gltagto g pnoaseyeri Jhe @moassor pod 6] storfhge gl@ép@ mﬁy geside in
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the shaigbvae@umi ayresdt fay\ldfseret‘mmi@nemg &ld eskr bamﬁnal
rocessor, or in a conbination of the two. A software
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modul &heraxamnles drsciibedrIk eraregngIely eaB Lt #Bd @OSRdmled in the art
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medium (e.g., nenory in FIG 1) is coupled to th
%@&@&ﬁm Temay ve rﬁ%%ée@aﬁn&%tmé%akl lﬁq? ot thet #tbpnd the generic

I)ﬂﬁ’éﬂbl@@dde‘ﬁﬁlb& & drd1h ORI BORppRed tt(t'eotﬁéroléﬁﬂﬁplggadég in! Qn instant
he alternative, the storage medi um may be I nte
ssagmgmw or The genoekvswlesaddtat fvenrsywraHps flm)élllca,tmns w1thout

I n an ASIC. T Sl C may resi in a er
et o s e b it B0V e bt i+ FBS. the scope
6t e AURIJIBLY i AbMM¥end8S tolse MSited &-theeRarGPIRD MWW BerbM At is to be
user termnal. The exanpl es described above are nerely

escerdsidathy veidept tsmeccmmstemewhrth@ rpémallptesmyl eyl frakiees disclosed

?L;n%r Og% u\%(gr xbrn d%D %g ! ugxec?uswe hte%em t rnean serving as an
Ové- descr i es W out depar |ng th

EXuneie, llma@@n@amﬁra@bﬁ ¢l asgdxdiapleidsscrivad h@ddm as “exemplary” is not

nndlflcatlons to these exanples may be readily

afﬁﬁs&%a@m P ob¢ Hosairugd; jop eprefcrefinar Adyantagreus HvegeplBey @xamples.
REESG % f ﬁledr?(fs)ep%%ea§ Ei%cﬁb@@}{el@ﬁ\l 420 &l Bee&ieﬁrf%d%t)ﬂﬁf by the scope of

ex anp an 1 nstant nessagl ng service “or

gmdBHGanydaﬂnass data conmuni cati on applications,

wi t hout departing fromthe spirit or scope of the

novel aspects described herein. Thus, the scope of the

di sclosure is not intended to be limted to the

exanpl es shown herein but is to be accorded the w dest

scope consistent with the principles and novel

features disclosed herein. The word "exenplary"” is

used exclusively herein to nean "serving as an

exanpl e, instance, or illustration.” Any exanple

descri bed herein as "exenplary" is not



necessarily to be construed as preferred or

advant ageous over other exanples. Accordingly, the
wmonwsliomspect s descri bed herein are to be def i PeTiUS2008/055807

solely by the scope of the2fiollow ng clains. CLAI M5

WHAT IS CLAIMED IS: 1. A nethod for adjusting for the

effects of automatic gain control when conbining pil ot

interlaces in an interlacedfiAiMg of a conmuni cation

system the nmethod conprising: determning a

Nod Adl ISZGEASMIERAIS: of an applied automatic gain

control normalized to a predefined tine; determning

two or nore conbining coefficients for an interl ace

iiilten fasedf@ndpseieie ties aTRebranidn@itic@in @tol when combining

nodi fyi ng each of the two or nore conbining o

pibRifinted peas s ab sestrce Alltehel cemampipdipnryptaml theapsthed comprising:

. . ot - Cciant s
et hod el A HSE Ao RT3 PRR MGHAR S fonbhe
aombilined® cpeddfimedeinics i ncl udes cal cul ating the

product of normalization gain and. at | east one of_the
two of CIHERIBINGSHSIosMme E‘H@g‘flincgi Optitcients f%Tﬁ’é Hﬁ%ff%s diltggbased on a

HERBRinbd cSleRbMahd Wherein the predetermn ned

riterion includes at |east one of |inear
i nt er poddyingradnal the tvoroz@abicorondfining nogfimenedassiathe
rror. 4. The nethod as .defined in claiml, . further
ket T DeHB Ay i d GHURGH SODIBRE TS Pl os. of
synbol s received in a transceiver using the adjusted
conbi ning coefficients in the interlace filter. 5. The
Aet hodhasmcthetlian ddfingd ip|ckinm 14 wheersin medifgiogplrd einpyning cocfficients
mat chi ng the tine si s.of the .conbine i | ot
TR0 el hRr a0 St 2 GERRnRT eBlgigng of the two or
alokatomhsiging coefficRatsed channel estimate based on
conmbi ned pilot interlaces having a time basis matching
the synbol. 6. The nethod as defined in claim4,

urth ri Siing: lat jnok.; L d 0.
ok ST 08T S 13y A A i s
altdpo dnasf lieh imedpolatied @&idméimidagorofmitigusymisol sqgusreanror.
or t hogonal
4. The method as defined in claim 1, further comprising:

combining two or more pilot interlaces of symbols received in a transceiver

using the adjusted combining coefficients in the interlace filter.

5. The method as defined in claim 4, further comprising:

matching the time basis of the combined pilot interlaces with a symbol to be
demodulated; and

obtaining a corrected channel estimate based on combined pilot interlaces

having a time basis matching the symbol.

6. The method as defined in claim 4, further comprising:

demodulating data contained in the symbol using the corrected channel estimate.



frequency division nultiplexed signal. 8. The nethod

as defined in claim4, wherein conbining the one or
woreeos/1pebpt i nterlaces is performed in one of PCHYNSHNLYS5807

domai n and time domain. 9. 2A processor for use in a

wirel ess transceiver, the processor conprising: a

first nodule configured to determ ne a normalization

gai n ohe AR d8Hn QUL QR4 wiRidh #RAYMBbI §ah BRhbZsdI
to a predefined tinme;, a second nodul e configured to
trequengay divitigwomphiphaxed sigoalbi ni ng coefficients for an
interlace filter based on a predeterm ned criterion;

and a third nodul e configured to nodify each of the

BWO OThé&Bicthod @R ldefihdiitin @04, Gihertis cdialiathg@he ditCor more pilot
determ ned nornalization gain to yield_a§'usted

verhicns is gedoendd igjoap E freqeency dampinged dises dagaigef i ned
inclaim9, wherein the third nodule is further
configured to nodify the conbining coefficients by

alcukgtiQ%(%Qergrodgcgrﬁ% qgrnaliz iqn aun and. at
east N BIO T REIY R 2 SYrNSP HRSmhiigP o8 ety CERPLe:

11. Thérdhasaisohfigeret @d Hatedning a @bahdnzAtionbeh oF in hijied
predeterm ned criterion includes at |east one of

PtABATiC BHp EPHEIA0IBHiZEAdo APFAdaTIRRt iB# of i ni mum nean
squar . : .l ai .
o Sk oMU RB SR OB by LR
tonbiimerlioodiles basedenpi predetérntiesd @atasompbngynbol s
recelvedghgggﬂéran cei ver using gg? adj ust ed conbj ni ng

coef f f &g gontigEcriogret BT ch o B ROE MAKC EQBPIRING
. . r . .
SRR SR QPR BB U S i

whdfhciantsynbol to be denodul ated; and obtain a
corrected channel estinmate based on conbi ned pil ot
interlaces having a tine basis matching the synbol. 14.

Tthe PTREPRs0RS REhbMRLCIhith 6| vhdRihZhe tWEmedduld Rurther
fourth nmodule is further configured to denodul ate data

eonfigaradkia maifyibe sgmbiing cosfficiimes i cxedaing the prrenptmid
R S TN R (T I

11.  The processor as defined in claim 9, wherein the predetermined criterion
includes at least one of linear interpolation and minimization of minimum mean square

Crror.

12. The processor as defined in claim 9, further comprising;:
a fourth module configured to combine two or more pilot interlaces of symbols

received in a transceiver using the adjusted combining coefficients.

13. The processor as defined in claim 12, wherein the fourth module is further
configured to match the time basis of the combined pilot interlaces with a symbol to be
demodulated; and obtain a corrected channel estimate based on combined pilot

interlaces having a time basis matching the symbol.



16. The processor as defined in claim 12, wherein the
fourth nodule is further configured to conbi ne the one
wW@r00s00®w0Ppi | ot interlaces in one of frequency POTEBIV08/055807
and tinme domain. 17. A transceiver for use in a
Wi rel ess system conprising: a processor configured to
determ ne a normalization gain of an applied autonmatic
9 N FROpFREssBRETRIINEE th d18inR] BhaRkedih BRKohiNRiodule is further
determine two or nore conblnlng coefficients based on
eordigaitist tedeimodulatsrdataegongminedan dhawyaitio). each of the two
or nore conbining coefficients based on the determ ned
normal i zation gain to yield adjusted comnbi ni ng
coef f T Fmsssoﬁme@ns@ an¢lgim eBtwhvatih @it dyhibol isnglodthophal
an interlace filter conflgured to utilize the adjusted
Heqsnay Atyideempltivlexsd sighal det er ni ne a channel
estimate. 18. The transceiver as defined in claim17,
wherein the processor is configured to determ ne the
a6l] usTedproedsdbt @ dxfinsd bycleial t2lvdicrdig tHehfeuph adidale iofurther
Ii ation.gajn and at | east ope of the mo or re,
drzfa cepeit E? @ & s DY ph! R OF TEGudey Aaain and
hﬂmqkﬁhﬁil7 wherein the predeterm ned criterion
I ncludes at |east one of linear interpolation and
mnimzation of m ninmum nean square error. 20. The
ﬁ ans%glver as (defined i.n.claim17, wherein the
!t or AESESITE 9T 456 T BPURLS BB SOPBENES combi ne t wo
Or ND Brdebdst cdrltip@Fddas AStetthin® ViHIRali 2868 B ial afplicd
transcei ver using the adjusted conbining coefficients
pyfompgc Rain spniz@aofinglized (@ a predehiecd mransiﬁéﬂm@re ta® or more
GRS PRI RS o EPLG Esh IS SHRPAT 4 RObOIRL G g e o
bMOmmlﬁdg pbéfﬁtneht@tbagédaﬁﬁﬁe detefinides yoiedlizhtorbgain to yield
denodul at ed; and _obtain a corrected channel estinmate
piused epmbisingiceetficntsend nt er | aces having a tine basis
mat C hh gantng esﬁ)ﬁyﬂfgﬁ m% fucl r%h?g I RARSHEL ﬁﬁ@r c%ﬁﬁgﬁfeh RS Gl the
erein the Sy I's an orthogona
ﬁdjeqa@mmmmgl coefiviomd tbideteemend asihgmad] estidBate The
transceiver as defined in claim17, wherein the
channel estimation unit is further configured to
¢OMDI MR AR CONEr AT dRESINIAIRE 17, BHREIRARSrbEEs s &infigured to

f requency
determine the adjusted coefficients by calculating the product of normalization gain and

at least one of the two or more combining coefficients.

19. The transceiver as defined in claim 17, wherein the predetermined criterion
includes at least one of linear interpolation and minimization of minimum mean square

CIIofr.

20. The transceiver as defined in claim 17, wherein the interlace filter is further
configured to combine two or more pilot interlaces of symbols received in a transceiver

using the adjusted combining coefficients in the interlace filter.



domain and tinme domain. 24. An apparatus for use in a
W rel ess transceiver, conprising: nmeans for

wa@ledosnodeni ng a nornal i zation gain of an appl i ePICT/US2008/055807
automatic gain control nornalized to a predefined
time;, means for determning two or nore conbi ning
coefficients for an interlace filter based on a

pf edetrgE FhnREiver At RFin8Nin @fich PE N RrdiR theBdhdY 'eﬁﬁne&ﬁ)%hlmt is
of the two or nore conbining coefficients based on the

ﬁefth@r porigradde medtehyte itior tgaa]s wf the spindlinedanijot sttertaces wnh a
I nl Eﬁggcoeé% tg(glea:]ﬁtd { tam a %rrr]eecft arlgf%lugtll’falate %ﬁgeld on cornbmed
pﬂ(b‘fbht@ﬂﬁl@s Geehh laQin&i’IEe&sfrﬂzitﬂhﬁg thers@hwﬂes means for
cal cul ating the product of normalization gain and at
| east one of the two or nore conbining coefficients.

22 ot o BRRZLSLS AEndel A8 0 R tynblEf E drbbonal
ﬁeqmﬂmydnmgmimmh@mmmdsgannbln|ng coeff|C|ent for an
interlace filter includes at |east one of |inear
interpolation and mnimzation of m ni num nean square
8% I O ThZanstBScRRRAFAL M é?é?m{j?f 'vﬂféijelh Phe&h@hABI €étimation unit is
further conprising: nmeans for cdonbining two or nore
pirthet ccprrftgarddato esmbinegherbd & mere piiloeditdriaces ihoan ot Gequency

S|n 53' ust.ed combi ning coefficients in the

123€ &5 QQWHZS The apparatus as defined in claim
27 further conprising: neans for matching the tine
baS|s of the conbined pilot inter|laces with a synbol
£% beAdapperatuatierdise dng Winskas triscciybt aPMPHYNE cor rect ed
ﬁgsnﬂgleaa Sftor %aslg%%mt%o?wafza% 91 (B’I aln a‘i)pfi%it ! lna{gt?c gain control

a@mﬁﬂ@éﬁﬁna@eﬁﬁhmﬂa@w n cIa|n127 mhereln t he
corrected channel estimate is used to denndulate dat a
cont amsaes fopdetramigingdpp or spre sobiafisaaoatiisienisiogan iferdpce filter

Pﬂwﬁbﬁ'g%&yuxWﬂﬁh%ﬂ%ﬁé% ﬁenbol i s an orthogonal

requency diVvision nu xed signal. 31. The
appar aicoiss fas nﬂ)dfﬁyimgebacknoﬁ:tha two a7mowhmmneiimng kecffie@ns based on
for conblglg the .o

the determine ahzat10n gam to yield adjusted combining coefficients.

25. The apparatus as defined in claim 24, wherein the means for modifying the
combining coefficients further includes means for calculating the product of

normalization gain and at least one of the two or more combining coefficients.

26. The apparatus as defined in claim 24, wherein the predetermined criterion
utilized by the means for determining two or more combining coefficient for an
interlace filter includes at least one of linear interpolation and minimization of minimum

mcan squarc Crror.

27. The apparatus as defined in claim 24, further comprising:
means for combining two or more pilot interlaces of symbols received in a

transceiver using the adjusted combining coefficients in the interlace filter.



or nore pilot interlaces includes neans for conbining
interlaces in one of frequency domain and tinme domain.

W@ 2008A00onput er program product, conprising: aPCT/US2008/055807
conmput er - r eadabl e nmedi um cafpri sing: code for causing
a conputer to determne a nornalization gain of an
applied automatic gain control nornalized to a

pg edefThOgshatdti®as &Pided foflaigpers ithehdrREmpASARL er to
determ ne two or nore conbining coefficients for an

i nt er mgers for matnhingabe dmerbasis pf tgeombirodeullot miterkactowith a
an de f.or si.ng ;the conputer to nodify each of
f%é&ﬁ%%g%gmﬁgiggﬁ%ﬁ%gning coefficients based on the

det er Mea@dfon ebtaRlingZatdreddtcdadhBnicd cytirgdtel basdid wa tcdehbined pilot

combi ni ng coefficients.
interlaces having a time basis matching the symbol.

29. The apparatus as defined in claim 27, wherein the corrected channel estimate is

used to demodulate data contained in the symbol.

30. The apparatus as defined in claim 27, wherein the symbol is an orthogonal

frequency division multiplexed signal.

31. The apparatus as defined in claim 27, wherein the means for combining the one
or more pilot interlaces includes means for combining interlaces in one of frequency

domain and time domain.

32. A computer program product, comprising:
a computer-readable medium comprising:

code for causing a computer to determine a normalization gain of an
applied automatic gain control normalized to a predefined time;

code for causing the computer to determine two or more combining
coefficients for an interlace filter based on a predetermined criterion; and

code for causing the computer to modify each of the two or more
combining coefficients based on the determined normalization gain to yield adjusted

combining coefficients.



