
WO 2006/099088 PCTIUS2006/008490  1 TIMING CORRECTIONS IN A MULTI CARRIER
SYSTEM  AND PROPAGATION TO A CHANNEL ESTIMATION TIME FILTER  CROSS
REFERENCE TO RELATED APPLICATION [0001] This application claims the
benefit of U.S. Provisional Patent Application  Serial No. 60/660,905
filed on March 10, 2005, entitled "Interaction Between Time  Tracking
Algorithms and Channel Estimation in Wireless Communication" the entirety
of which is incorporated herein by reference. BACKGROUND  1. Field 100021
The subject technology relates generally to communications systems and
methods, and more particularly to systems and methods that perform timing
corrections  that are applied to channel estimates across pilot symbols in
wireless networks. II. Background [0003] Orthogonal frequency-division
multiplexing (OFDM) is a method of digital  modulation in which a signal
is split into several narrowband channels at different  frequencies. These
channels are sometimes called subbands or subcarriers. The  technology was
first conceived during research into minimizing interference among
channels near each other in frequency. In some respects, OFDM is similar
to  conventional frequency-division multiplexing (FDM). The difference
lies in the way in  which the signals are modulated and demodulated.
Generally, priority is given to  minimizing the interference, or
crosstalk, among the channels and symbols comprising  the data stream.
[0004] In one area, OFDM has also been used in European digital audio
broadcast  services. The technology lends itself to digital television,
and is being considered as a  method of obtaining high-speed digital data
transmission over conventional telephone  lines. It is also used in
wireless local area networks. Orthogonal Frequency Division  Multiplexing
can be considered an FDM modulation technique for transmitting large
amounts of digital data over a radio wave where OFDM operates by splitting
a radio  signal into multiple smaller sub-signals or sub-carriers that are
then transmitted  simultaneously at different frequencies to the receiver.
One advantage of OFDM  technology is that it reduces the amount of
crosstalk in signal transmissions where WO 2006/099088 PCT/US2006/008490  



2 current specifications such as 802.11a WLAN, 802.16 and WiMAX
technologies  employ various OFDM aspects. Another example of OFDM based
wireless system is  FLO (Forward Link Only). FLO is a wireless system that
has been developed to  efficiently broadcast real time audio and video
signals to mobile receivers using the  OFDM technology. [00051 Wireless
communication systems such as FLO are designed to work in a  mobile
environment where the channel characteristics in terms of the number of
channel  taps with significant energy, path gains and the path delays are
expected to vary quite  significantly over a period of time. In an OFDM
system, the timing synchronization  block in the receiver responds to
changes in the channel profile by selecting the OFDM  symbol boundary
appropriately to maximize the energy captured in the FFT window.  When
such timing corrections take place, it is important that the channel
estimation  algorithm takes the timing corrections into account while
computing the channel  estimate to be used for demodulating a given OFDM
symbol. In some implementations,  the channel estimate is also used to
determine timing adjustment to the symbol  boundary that needs to be
applied to future symbols, thus resulting in a subtle interplay  between
timing corrections that have already been introduced and the timing
corrections  that will be determined for the future symbols. Further, it
is common for channel  estimation block to process pilot observations from
multiple OFDM symbols in order to  result in a channel estimate that has
better noise averaging and also resolves longer  channel delay spreads.
When pilot observations from multiple OFDM symbols are  processed together
to generate channel estimate, it is important that the underlying  OFDM
symbols are aligned with respect to the symbol timing. Without such
alignment,  erroneous channel estimates will be generated and thus proper
operation of wireless  receivers cannot be ensured. SUMMARY  [00061 The
following presents a simplified summary of various embodiments in  order
to provide a basic understanding of some aspects of the embodiments. This
summary is not an extensive overview. It is not intended to identify
key/critical  elements or to delineate the scope of the embodiments
disclosed herein. Its sole purpose  is to present some concepts in a
simplified form as a prelude to the more detailed  description that is
presented later. WO 2006/099088 PCTIUS2006/008490  



3 [0007] Timing corrections are determined for multi carrier systems in a
wireless  network when multiple symbols are processed by a wireless
receiver. The timing  corrections are applied to a channel estimate which
is obtained from pilot observations  across several symbols. Generally,
each one of these symbols can potentially be using a  different FFT window
due to different timing corrections across the symbols of interest.  The
timing offsets are applied to account for potential drifts in the sampling
clocks and  the mobility of the receiver resulting in dynamic channel
conditions while receiving  signal from a given transmitter. [0005] In an
embodiment, symbols within a symbol subset (e.g., 3 symbols) are first
aligned in time with respect to themselves. From the timing information
gained and  determined from this initial alignment, subsequent symbol
alignments or adjustments  occur during the demodulation process of
received symbols. For example, while  demodulating the current symbol,
timing changes and corrections can be applied to a  preceding or
subsequent symbol. Thus, different time bases are continually being
determined where in some cases a new determined time is applied to a
respective  symbol, and in other cases, a previous timing is applied to
account for timing  differences between the symbols. In one aspect, a
timing correction method is provided  for a multi-carrier system. This
includes aligning two or more symbols with respect to  each other from a
symbol subset in order to account for timing differences between the
symbols. The process then employs the timing differences between the
symbols to  synchronize timing to one or more symbols in the symbol
subset. [0009] To the accomplishment of the foregoing and related ends,
certain illustrative  embodiments are described herein in connection with
the following description and the  annexed drawings. These aspects are
indicative of various ways in which the  embodiments may be practiced, all
of which are intended to be covered. BRIEF DESCRIPTION OF THE DRAWINGS
[0010] Fig. 1 is a schematic block diagram illustrating a wireless
communications  network and receiver that performs symbol timing
corrections. [0011] Figs. 2 and 3 illustrate example timing aspects and
corrections for a wireless  communications network. [0012] Fig. 4
illustrates example time correction considerations for a wireless
receiver. [0013] Fig. 5 illustrates an example data boundary pattern. 



WO 2006/099088 PCT/US2006/008490  4 [0014] Figs. 6-9 illustrate example
simulation data for a timing correction process.  [00151 Fig. 10
illustrates an example timing correction process for a wireless  system.
[0016] Fig. 11 is a diagram illustrating example network layers for a
wireless  system. [00171 Fig. 12 is a diagram illustrating an example user
device for a wireless  system. [0018] Fig. 13 is a diagram illustrating an
example base station for a wireless  system. [00191 Fig. 14 is a diagram
illustrating an example transceiver for a wireless system.  DETAILED
DESCRIPTION [0020] Systems and methods are provided for determining timing
corrections in a  forward link only network. In one aspect, a timing
correction method is provided for a  multi-carrier system. This includes
aligning two or more symbols with respect to each  other from a symbol
subset in order to account for timing differences between the  symbols.
The process then employs timing offsets between the symbols to synchronize
timing to one or more symbols in the symbol subset. In one example, timing
synchronization can be performed in a time filtering module that can be
associated with  in a channel estimation block. [0021] As used in this
application, the terms "component," "network," "system,"  "module," and
the like are intended to refer to a computer-related entity, either
hardware, a combination of hardware and software, software, or software in
execution.  For example, a component may be, but is not limited to being,
a process running on a  processor, a processor, an object, an executable,
a thread of execution, a program,  and/or a computer. By way of
illustration, both an application running on a  communications device and
the device can be a component. One or more components  may reside within a
process and/or thread of execution and a component may be  localized on
one computer and/or distributed between two or more computers. Also,
these components can execute from various computer readable media having
various  data structures stored thereon. The components may communicate
over local and/or  remote processes such as in accordance with a signal
having one or more data packets WO 20061099088 PCTIUS2006/008490  



5 (e.g., data from one component interacting with another component in a
local system,  distributed system, and/or across a wired or wireless
network such as the Internet).  [0022] Fig. 1 illustrates a wireless
network system 100 for performing timing  corrections. The system 100
includes one or more transmitters 110 that communicate  across a wireless
network to one or more receivers 120. The receivers 120 can include
substantially any type of communicating device such as a cell phone,
computer,  personal assistant, hand held or laptop devices, and so forth.
Portions of the receiver  120 are employed to decode a symbol subset 130
having one or more symbols that may  be sampled with a different symbol
timing, whereby the receiver utilizes an alignment  component 140 to
resolve timing discrepancies among the symbols. Timing corrections  are
applied to a channel estimate at the receiver 120 are obtained from pilot
observations across several symbols 130. [0023] Generally, each one of the
symbols 130 can potentially be using a different  Fast Fourier Transform
(FFT) window due to different timing corrections across the  symbols of
interest. Thus, timing offsets maybe occurring due to potential drifts in
the  sampling clocks and the channel dynamics arising due to the mobility
of the receiver  120 while receiving signal from a given set of one or
more transmitters 110. As shown,  the alignment component 140 may be
associated with a time filter module 150 that  operates with a channel
estimation block 160. The symbol subset 130 is generally  transmitted in
an Orthogonal Frequency Division Multiplexing (OFDM) network that  employs
forward link only (FLO) protocols for multimedia data transfer. Channel
estimation is generally based on uniformly spaced pilot tones inserted in
the frequency  domain, and in respective OFDM symbols. In a particular
implementation, the pilots  are spaced 8 carriers apart, and the number of
pilot carriers is set at 512 (an overhead of  12.5%). [0024] In one
aspect, a multi-carrier communication system 100 is considered where
frequency domain multiplexed (FDM) pilots placed within transmitted
symbols are used  for channel estimation. In this system, with FDM pilot
staggering, several successive  received symbols 130 can be used to
extract more information about the propagation  channel (obtaining longer
channel estimates). In one example, this can be performed in  the time
filtering module 150 of the channel estimation block 160 via the alignment
component 140. Since timing corrections can be performed concurrently with
this  process, the alignment component facilitates that different OFDM
symbol timings that 



WO 2006/099088 PCT/US20061008490  6 may occur across several neighboring
symbols at 130 are taken into account inside the  time filtering module
150. This time correction process also addresses interaction  problems
between the channel estimation and time synchronization blocks. In one
aspect, a time correction component for a wireless receiver is provided.
This can  include means for receiving a symbol subset in an OFDM broadcast
(e.g., 120), and  means for filtering the symbol subset (e.g., 150). This
can also include means for  aligning symbols within the subset and means
for aligning one symbol in view of a  current demodulation of the symbol
subset (e.g., 140). [0025] In one embodiment, symbols within the symbol
subset 130 are first aligned  in time with respect to each other. For
example, if three symbols were employed for  C channel estimation and
subsequently for timing offset determination, then adjustments for
differences between the three symbols would be determined. From the
information  gained and determined from the initial alignment, subsequent
symbol alignments or  adjustments occur during the demodulation process of
received symbols which may be  sampled at different symbol timing from the
current symbol demodulation. For  example, while demodulating the current
symbol which maybe the fourth symbol in the  subset, timing changes and
corrections can be applied concurrently by the alignment  component 140 to
a proceeding or subsequent symbol such as to symbol two in the  subset,
for example. Thus, different timings are continually being determined
where in  some cases a new determined timing offset is applied to a
respective symbol, and in  other cases, a previous timing is applied to
account for timing differences between the  symbols 130. It is noted that
symbol timing corrections can occur in a plurality of  combinations. For
instance, if three symbols were employed, then potentially eight
different combinations of adjustments could occur where one symbol's time
was either  held or adjusted in view of the other two symbol members in
the subset 130. For  example, a second symbol may have its timing
corrected in view of a first symbols time  and a third symbols time. In
another example, symbol one may be adjusted in view of  symbols two and
three and so forth. As can be appreciated, different numbered symbol
subsets 130 and timing corrections maybe employed. 10026] Timing
synchronization in multi-carrier systems includes determining the  correct
position of an FFT sampling window used for demodulating OFDM symbols.
Assuming that the equivalent channel between the transmitter and the
receiver is  



characterized by a delay spread shorter than the length of the cyclic
prefix embedded at WO 2006/099088 PCT/US2006/008490  7 the beginning of
each symbol, it is possible to avoid the undesired aspects of inter-
symbol interference (1ST). This may be contingent upon the ability of the
receiver to  recover the correct timing position from the input stream of
data. An optimum position  for FFT window placement (also referred to as
symbol sampling) is starting from the  first sample after the cyclic
prefix. In OFDM systems, information about timing  synchronization can be
extracted from the channel estimates. These can be obtained  with the help
of pilot tones, using some preliminary knowledge about the correct
sampling position. The choice of channel estimate-aided synchronization is
motivated  by the observation that any offset in the position of the FFT
window used for channel  estimation results in the appropriate shift of
the estimate. Therefore, estimating this  shift is generally equivalent to
estimating the sampling offset. In many OFDM systems,  the timing
synchronization block uses the channel estimate obtained from previous
data  symbols to calculate drift from the ideal sampling position and
applies this offset to  arriving OFDM symbols. 100271 The channel
estimation system 100 can be designed in a manner that allows  it to
process channels of length up to twice the cyclic prefix or more. This can
be  achieved by pilot staggering. One aspect includes a so-called
non-causal time filter at  the receiver 120 which combines the channel
observations from at least three  consecutive OFDM symbols in order to
calculate a longer channel estimate, which is  then used for demodulation.
If the synchronization unit indicates that a nonzero offset  should be
applied when sampling the next OFDM symbol, the corresponding channel
observation will not be aligned with the two previous channel observations
(since those  resulted in a channel estimate not aligned with zero). Thus,
the combination of these  three observations may produce a distorted
result. The remedy is to apply the  appropriate transformation on the two
previous channel estimates when timing offset is  nonzero, so as to keep
them aligned with the present one. [0028] The following provides some
introductory mathematical discussion for more  detailed observations that
are presented below.. The k'h received OFDM symbol in the  frequency
domain can be written as: Y(k) = H(k)+w(k) =Wp,b h(k) + w(k)  Equation 1 



where WO 20061099088 PCT/US2006/008490  8  P is the number of pilots
carriers, and D is the number of channel taps  assumed by the receiver.
the vectors Y,H,w are of length P and the noise w is white complex
Gaussian with variance No .  the matrix Wp D is the P x D submatrix of the
unnormalized DFT matrix  WN,N(m, n) = e-.1 N C 2 where N is the total
number of subcarriers.  the vector h(k) is of length D and is normalized
so that  E[h(k)" h(k)] = EP where EP is the received pilot symbol energy.
With the above  definitions, it is easy to see that the channel value at
each carrier in the  frequency domain satisfies EI HP(k)I Z = EP [0029]
From Equation 1, it is evident that the number of channel taps D 5 P .
However, longer channel estimate are generally desired for a) fine timing
synchronization - while providing a longer channel estimate and
positioning the FFT  window to maximize the collected energy; and b)
dealing with scenarios where the  channel has a delay spread larger than
the cyclic prefix. To generate a longer channel  estimate, one aspect is
to stagger the pilots in frequency across successive OFDM  symbols, Le,
the pilot carrier indices are changed in successive OFDM symbols. For
simplicity, it can be assumed a two symbol staggering pattern: e.g., for
one example  FLO system with 96 guard carriers, the pilot carrier indices
are {50, 58,...,4042} in the  even symbols and {54,62,...,4046) in the odd
symbols. More generally, if the  uniformly spaced pilot carriers are of
the form p n+n0 in the even symbols, they  would be N n + no + N in the
odd symbols. [0030] With such staggering, an estimate can be received of
up to a length 2P by  using the pilot observations from at least two
neighboring OFDM symbols.  Specifically, assume a channel with 2P time
domain taps (and set no = 2). Then: WO 2006/099088 PCT/US2006/008490  9 



2P-1 2xl[(NIP)p+2] 2P-1 2xIp 4x! Hp(2k)=Zh!(2k)e~ N =Ek(2k)ef P e'N  I=o
!-o  P-' [hl(2k)+e 1 _ 2xP _ 4x! ~ hl(2k)+e N Itt+P(2k)]e J P e' N  t=0
P-1 2,4o 4x! ~+ 2k - 2k e' P e'N whenN=8P  t.0 while 2P-1 2xt[(N/P)
p+(N12P)+2] Hp(2k+1)= Z h!(2k+1)e' N  1.0 P-I x( 491 2xlp
=E[hl(2k+1)+jhl+p(2k+1)]e'Pe' N e f P , whenN=BP  Thus, the pilot
observations in the even and odd symbols can be written as  Y(2k) =WP p A,
Cha-' (2k) - jh- (2k)] + w(2k) Y(2k + 1) =Wp,p A2 1hac=1(2k+1)+
jh`x'"(2k+1)]+w(2k+1)  Equation 2 {i'i D-1 x! l D-1 where Al = diag I , A2
= diag j e P e } an d "actual" and "excess"  t=o l ) t=o refer to
tapsthatcorrespondto 1=0,...,P-1 and I=P,...,2P-1. [0031] To determine an
estimate of the channel from the observations in Equation 2,  one step is
to use the least-squares criterion: h(2k)=A;1W pY(2k)  h(2k+1)=AZ' W
pY(2k+1)  Equation 3 [0032] The estimates above include actual and excess
components. One possible  way to get the full 2P tap channel estimate is:
haawal = h(2k) + h(2k + 1)  2  h as = h(2k)-h(2k+1) -2j  



[0033] However, this is a special case of a more general operation where
the time- domain estimates in Equation 3 (obtained every OFDM symbol) are
averaged across WO 2006/099088 PCT/U52006/008490  10 multiple OFDM
symbols. This is the time-filtering step of channel estimation. Time-
filtering can be performed individually for each time-domain tap
separately, and the  resulting estimate of tap I at any OFDM symbol m (odd
or even) can be written as Na-I  kr(m)= F, a"Pr(m-n)  n}Nr [0034] where N.
and Nb are the number of non-causal and causal taps,  respectively. It is
noted that, due to staggering, it may not be possible to filter the pilots
in the frequency domain, and hence time-filtering is performed in the
time-domain. In  other words, the order of least-squares estimation and
time-filtering possibly cannot be  interchanged. The filter coefficients
{ap} provide a trade-off between gain due to  collecting additional pilot
energy from symbols other than the current symbol (reducing  pilot noise),
and loss due to channel variation across symbols (reducing time variation
noise). Further, as illustrated above, since the estimates in Equation 3
includes  contribution from the excess delay components, the time-filter
coefficients can be used  to suppress this contribution as well. Prior to
time filtering of the channel estimates  from several symbols, it is
important to ensure that the channel estimates are aligned in  time. The
following discussion provides an example of means to determine and perform
such timing alignment for channel estimates collected from several symbols
prior to  time filtering. [0035] Figs. 2-3 and the accompanying discussion
provide various examples of how  C timing corrections can be performed in
an OFDM system. It can be assumed that an  actual composite channel is
limited to M taps in time domain, namely M-I H(z)=Eh(m)z-' (1)  m=0 [0036]
Also, in the following, bold face letters denote matrices and vectors.
Symbol  WK is reserved for a K x K DFT matrix and Ix for a size-K identity
matrix. If H(z) is a  channel transfer function defined in (1), then use
H[k] to denote its kth DFT coefficient  (0:5 k:5 K--1), defined as 



H[k]-Eh(m)e x (2)  M=0 WO 2006/099088 PCT/US2006/008490  11 [0037] If K=
4096, the coefficients (2) correspond to the frequency-domain channel
gains on the carrier tones. In general, the dimension of the Fourier
transform, K, should  always be apparent from the context. [0038] In the
following description, consider the effects of misplaced symbol  sampling
on the channel observations. In order to study these effects, derive the
channel observations based on pilots on interlace o 0 < a <- 7 when the
timing  alignment is perfect, but the channel is of length M = N = 8P =
4096 (here N is the  number of subcarriers, P is the number of pilots).
This yields H[0] h(0)  H[1] =WN h(1) H[N-1] h(N-1)[0039] Concentrating on
channel values on a pilot interlace q for 0 :5 1:5 P - 1  yields P-1
_j2-Ll _j xEp -j2am H[81+a]=z Ylh(p+rP)e PJe N e 8. (3)  [P-0 r=0 Note
that the summation in brackets represents the P-point DFT of the channel
response within the rth alias bin. Referring to Fig. 2, a diagram 200
identifies eight alias bins for  channels of length N = 4096. The two
phase correction teens in (3) are a consequence  of: (a) considering a
nonzero interlace, and (b) having fewer observations than channel  taps,
which results in alias terms. It is apparent from (3) that considering
just a single  interlace, it is not possible to identify channels of
length M > P, due to this aliasing.  This fact serves as a motivation for
pilot staggering technique. Collecting equations (3)  for different values
of 1, a matrix equality is provided H[a] l h(0)  H[8+a] =I WPA e j2 WpA
... e'z"`WP0 I. (4)  LL S P 8 h(1~ (H[8(P-1)+a] h(N-l)  with A. A
diagOSpSP 'ZA N One conclusion is that each channel observation of the  -
-1 form (4) consists not only of the channel samples contained in the
zeroth alias bin, with  



the appropriate phase corrections, but is a superposition of contents from
all alias bins.  Following a similar notation as above, denote the vector
on the left-hand side of (4) by WO 2006/099088 PCTIUS20061008490  12 Y.
(n), where index n denotes the time instance at which the observation is
collected  and subscript denotes the corresponding interlace. [0040] In
one case, the timing synchronization is assumed to be perfect, thus there
is  no drift in the channel estimate. In other words, the estimated
channel impulse response  at 200 of Fig. 2 starts with h(0) positioned at
place 0, as shown at 210 of Fig. 2.  Recalling the assumption that the
maximum delay spread corresponds to 1024 samples,  it can be concluded
that the channel observation Y. (n) consists of alias bins 0 and 1  only.
Thus, in this ideal case, yields h(0)+e 12 gh(P+O)  Ya(n)=D;'Wr'~a(n)=
h(l)+e 12Ash(P+1) . (5)  h(P-1)+e J2A8h(2P+1) [0041] Denoting the vector
of the first P taps of the channel at instance n by ha(n)  and the second
P taps by ha(n), the right-hand side in (5) becomes ha(n)+e J29 $h,(n).
Therefore, channels of length 2P can be estimated from two consecutive
observations  when pilots occupy interlaces 2 and 6 as h =Y2`n1)+y6(n) and
he =Y2(n-1)-Y6(n)  2 2,j This operation, only extended over three
consecutive observations for better noise  averaging, is implemented in a
so-called non-causal time filter which operates in the  channel estimation
block. In the following, a description is provided how these ',
observations and thus the channel estimate are affected by timing
synchronization  errors. [0042] The channel estimate h = [hahe ] T at time
n is calculated from observations  ya,(n-1)ya2(n), Ya2(n) and yarn+1).
Based on It, the data mode time tracking  (DMTT) unit calculates the
correct sampling position for the next OFDM symbol.  Consider that the
result of the timing synchronization suggests that the sampling  position
needs to be changed. This implies that inaccurate sampling was used to
obtain  the previous channel observations. In the following, the resulting
impairments are  described. WO 2006/099088 PCTIUS2006/008490  



13 [0043] In Fig. 2 at 220, two possible timing errors are shown which
result in wrong  FFT window positions. Window position 1 at 230 is
referred to as early sampling and  leads to a delayed channel
estimate-shown at 240. Note that in this case a total of  three
consecutive alias bins contain channel taps, which is reflected in the
altered  channel observation '2 a +e 8h(P-x) _j2,E 0 +e 4h(2P-x)  0
+e'j2Reh(P-x+l) -/2rz- +e 4h(2P-x+l)  Y@ahtY)(n)= 0 +eJ2Aeh(P-i) (6) l -12
a  ~c h(O) +e 4h(2P-l)  +e'2ffSh(P) +0  h(P-x-1) +e f2~'h(2P-x-1) +0
[0044] Similarly, in the case of late sampling (window position 2 at 250),
an  advanced channel estimate is observed. It is supposed to start from
sample -x and end at  2P -x. However, since the insertion of cyclic prefix
in OFDM systems transforms linear  to circular convolutions, the
equivalent channel estimate is shown at 260. Again, three
circularly-consecutive alias bins are occupied: bins 7, 0 and 1. The
corresponding  channel observation is now h(x) +e Sh(P+x) +0  h(x+l) -12=1
+0  +e Sh(P+x+1) Yarme)(n)= h(P-1) a +0  (7)  h(P) +e J2 Sh(2P-1) +e
J2'-S"I=(0) +0  h(P+x-l) +0 +e J2 a h(x-1) The time tracking unit is
supposed to correct the sampling instances for the future  symbols, but in
order to assure uninterrupted performance of the channel estimation  



time filter, the distortions in previous channel observations are to be
undone. WO 2006/099088 PCT/US2006/008490  14 [0045] The sequence of
operations performed by the channel estimation and DMTT  blocks is shown
at 300 in Fig. 3. During the reception of symbol n, channel  observations
from symbols n - 3, n - 2 and n -1 are ready and channel estimate h(n -2)
is  calculated. At this point, a demodulation block can start operating on
symbol n - 2.  Concurrently, DMTT unit observes h(n - 2) and, based on the
algorithm for timing  synchronization, estimates the right sampling
position for the next symbol (n + 1).  [00461 Suppose that a nonzero
sampling offset was detected at this moment, i.e., a  sampling correction
should be applied to symbol n + 1 see the diagram 300. This signal
triggers two other operations: cyclic rotation of the current channel
estimate and  correction of the previous channel observations. Without
loss of generality, assume that c a positive offset x was detected by
DMTT, i.e., the sampling of symbols in the  immediate past has been early.
This corresponds to 240 of Fig. 2. Note that the timing  correction
applied does not affect the computation of the channel estimate for symbol
n- 1 which uses pilot observations from symbols n-2, n-1 and n. Hence, no
modifications  need to be applied for demodulation data from symbol n-i.
During the next OFDM  symbol, channel observations y(n -1), y(n) and y(n
+1) are used to calculate h(n). Note  that An +1) is obtained with the
latest timing, while y(n -1) and y(n) are probably  corrupted. However,
the channel estimate h(n) that is computed for symbol n should  match the
timing window used for sampling the nth symbol. If this is not done, there
will be a mismatch between the channel gains experienced by the nth symbol
and the  channel estimate h(n) generated to decode the data in the nth
OFDM symbol. Hence,  appropriate corrections will be applied to y(n+1) to
match the symbol timing of y(n-1)  r and y(n) to generate h(n). [0047]
During the next OFDM symbol, channel observations y(n), y(n+l) and  y(n+2)
will be used to generate the channel estimate h(n+l) to demodulate data
from  y(n+l). Note that new timing has been applied starting from y(n+l),
so that y(n+l) and  y(n+2) arrive with the same timing while y(n) arrives
with a different timing. Since, the  channel estimate h(n+l) is generated
to demodulate y(n+l), it should be ensured that  h(n+l) carries the timing
used for y(n+1). Therefore, timing corrections will be applied  to y(n) to
match the timing of y(n+l) and y(n+2) to generate h(n+l). In this manner,
it  is assumed that the channel estimates from h(n +2) on are aligned with
zero, until the  



next channel drift causes DMTT unit to react. The nature of the timing
corrections to be  applied along with the operations involved for relative
early and late sampling of  OFDM symbols is presented below. WO
2006/099088 PCT/US2006/008490  15 [0048] A transformation back to a
desired form is given by the following matrices  (a denotes the pilot
interlace in the following) early sampling correction: y (n) U x)xx IP x y
(WrW (n), (8) s'Ix Oxx(P-x)]  -Je  late sampling correction y(n) = Oxx
(P-x) e .1 X t y(I ,W) (n) . (9) IP-x O(P-x)xx a [0049] Note that early
sampling correction by x samples on yq'h' (n) is easily  implemented by
first performing a cyclic right shift of x samples on y.-r'y (n) and then
J2xa multiplying the first x samples (those that spill over) by e S .
Similarly, late sampling  correction by x samples on y' (n) can be
implemented by first performing a cyclic left  shift of x samples on
y'l"(n) and then multiplying the last x samples (those that spill  j2Aa
over) bye 8 . [00501 These transformations amount to a simple cyclic-shift
followed by a constant  complex multiplication applied on a portion of
samples. The sequence of operations is  summarized in the following: 1. If
the offset provided by the DMTT unit is x > 0 during OFDM symbol (n+l)
Start the sampling of the next OFDM symbol, n+2, by x samples late.  To
obtain channel estimate h(n+l) for symbol n+l, cyclically shift the future
channel observations from y(n+2) by x samples to the right and apply the
early  ' sampling correction as given in Equation 8 above.  To obtain
channel estimate h(n+2) for symbol n+2, cyclically-shift the previous
channel observations y(n + 1) by x samples to the left, and apply the late
sampling correction as given in Equation 9 above. 2. Else, if the offset
provided by the DMTT unit is x < 0  Start the sampling of the next OFDM
symbol, n+2, by x samples early. 



To obtain channel estimate h(n+l) for symbol n+l, cyclically shift the
future  channel observations from y(n+2) by x samples to the left and
apply the late  sampling correction as given in Equation 9 above. WO
2006/099088 PCT/US2006/008490  16  To obtain channel estimate h(n+2) for
symbol n+2, cyclically-shift the previous  channel observations y(n + 1)
by x samples to the right, and apply the early  sampling correction as
given in Equation 8 above. [0051] Note that even though the above
discussion is carried out using an example  of a non-causal time filter
with one non-causal tap, the technique discussed is quite  general in
scope and can be easily extended to time filter of any length. In the
above  example, it was also assumed that only one symbol is out of sync
and hence needs to be  aligned with the other symbols. In a more general
case, all the symbols processed by the  channel estimation algorithm would
arrive with different symbol timing. The above  concept of early sampling
and late sampling correction will then be applied to each  symbol with an
argument given by the corresponding timing offset. In particular, it
should be ensured that the timing of all the channel observations used for
processing  should match the timing used to generate the samples for the
OFDM symbol that is to  be decoded. [0052] At the end of the above set of
operations, the channel estimates are all  aligned in time to enable time
filtering of the time domain channel estimates. Assuming  that there is no
excess delay spread (see discussion below), and that the channel is
truncated to P taps, the loss with channel estimation can be analyzed.
[0053] Fig. 4 illustrates an example time correction considerations 400.
At 410,  time corrections are considered in view of little or no excess
delay spread for  transmitted symbols. For a given set of co-efficients
{an}, SNR loss from perfect  channel estimation can be given by:
SNR1=10lo1+r2 La J+(l+SNReN)[Et_l)]  C1+Equation 4 l [0054] It can be
assumed that sampling (D = P) and Ed denotes the data symbol energy. The
parameters r and cr are related to the time-filter coefficients and
variation of the channel across symbols: Ns-1 N,-1 r= E aeR(n) and oh = Z
anan,R(n -n) 



-Nf n,n~-Nf WO 20061099088 PCT/US2006/008490  17 [0055] where R(n) is the
correlation function of each channel tap, with argument  normalized to the
OFDM symbol interval T,. For the lakes model with Doppler  frequency fd,
R(n) = Jo(2;rf4T,n) [0056] SNR., includes the effect of ICI due to Doppler
and is related to the actual  SNR as: SNR  SNR,ff 1+orr2 SNR [0057] where
acr can be derived exactly for a given Doppler spectrum. For the  lakes
spectrum, a tight upperbound is given by: / x  a 61 CI = 6 `fdTFFrY where
TIFT is the FFT duration (does not include the cyclic prefix).  [0058]
Proceeding to 420 of Fig. 4, non-causal filter selection is considered.
The  potential and performance of causal FIR time-filtering (N f = 0) of
the channel  estimates was studied in detail. The filter taps were
optimized using the Robust MMSE  approach as well as generalized linear
regression technique. But, the analytical tradeoff  as well as simulation
results showed that it may not be possible to get a `reasonable"  gain
over no time-filtering, for the entire range of speeds (up to 120 km/hr)
and spectral  efficiencies (< 2 bps/Hz) that are being targeted currently.
These results pointed to the  limitations of using a causal filter. [00591
An improved trade-off can be made if a non-causal filter is provided. The
use of more than one non-causal tap may be prohibitive in terms of
buffering  requirements, so one non-causal tap may be preferred - however
more than one can be  employed. For simplicity, one past symbol is
employed, giving a total of three taps for  the time filter. To get an
unbiased estimate in static channels, one restriction is that:  ~an =1. WO
2006/099088 PCTIUS20061008490  18 [00601 Further, by symmetry of channel
correlation over time, substantially equal  



weights should be applied for the past and future OFDM symbols, a-,=a,.
Under  these constraints, the choice of the non-causal filter co-efficient
reduces to choosing one  parameter - the central tap ao. Using Equation 4
above, ao can be varied to provide a  trade-off between static loss and
high-speed loss. Referring briefly Fig. 5, the trade-off  with the 4 tap
MMSE filter from to a 3 tap non-causal filter is compared via chart 500,
at an operating SNR of 20 dB, and using Equation 4. For the non-causal
filter, the  region of interest is then the lower line from (3,3), which
corresponds to no time- filtering, to (1.25, 1.4), which corresponds to
having equal weights for the three  symbols. From Fig. 3, it is shown that
the non-causal filter is robust to time variations C at high speeds and
provides a better tradeoff than the causal MMSE filter. Furthermore,  it
may seem best to make all three taps of the non-causal filter equal (to
1/3), since it  minimizes the loss in static channels and this loss
remains almost the same in high  speed channels. However, one should also
consider the effect of excess delay spread in  choosing the tap weight a.:
robustness to excess delay spread in the channel. [0061] Proceeding back
to 430 of Fig. 4, excess delay considerations are described.  Since the
channel is being critically sampled at 512 pilots every OFDM symbol in the
frequency domain, time-domain channel taps beyond 512 alias into the first
512 taps.  Hence, in the presence of excess delay spread, the observed I'
time-domain channel tap  can be written as (for even k and pilot in
interlace 2) h,(k)=h0 I(k)-jhrr3(k), 1=0,...,P-l [0062] Further, when the
pilots are staggered by four carriers across successive  OFDM symbols, the
observed channel in the future and past OFDM symbols can be  written as hr
(k+1)=ht"r(k+1)+ jhf `"(k+1) hr(k-1) = hr ""r(k-1)+ jhr" "(k-1),1=
0,...,P-1 Hence, with the non-causal filter, the perfect channel estimate
becomes WO 2006/099088 PCT/US20061008490  19  aohr(k)+I 2 0
[h,(k-l)+hl(k+l)] = a0kt(k)+ 1 2 o [hl u"(k-1)+hr ,m(k+1)]  -Ja0h`0'(k)+J
11 oo(hl `aa(k-1)+hl` (k+1)]  Equation 5 L [0063] For the case of a static
channel, the actual and excess channels are  independent of k, and the
filter output simplifies to k""'- (2ao -1) h "s 



[0064] It is desirable to eliminate the excess delay contribution to the
observed  channel and estimate the actual channel alone. This can be
achieved by setting ao to  1/2 instead of 1/3. Another issue is how the
non-causal filter would handle time- variations in the excess channel.
However, excess channel variation is approximated as  linear over the
three symbols, it is evident that any symmetric choice of taps will
eliminate the time-variation in the excess channel as well. From the above
discussion, a  choice of {0.25, 0.5, 0.25} for the non-causal taps removes
the time-variation in the  actual channel, any wrap-around of excess delay
channel taps and any time-variations in  these excess taps. One issue in
choosing these taps instead of equal taps is an increase  in the static
loss from 1.25 dB to 1.38 dB, which is fairly minimal. Hence, a three-tap
filter is adopted with coefficients {0.25, 0.5, 0.25} for generating coded
packet error  results in the next section. [0065] Proceeding to 440 of
Fig. 4, energy considerations are discussed for  optimizing a
data-to-pilot energy ratio. The preceding discussion assumed that the data
symbol energy is about the same as the pilot symbol energy. Under the
constraint that  the total pilot + data energy is fixed, increased pilot
symbol energy leads to better  channel estimation (or lower pilot noise),
at the expense of lower data symbol SNR  (higher data noise.) The ratio
can then be chosen to optimize the trade-off. For a static  channel, the
tradeoff can be optimized analytically and the improvement over the case
when the energy ratio is not optimized is 101og(1+Za2)-I 20log(,+ PZa 1
10lo N J dB  L lN-P J g(N-P) WO 2006/099088 PCT/US2006/008490  20 [0066]
The term in the square brackets is the static loss after the data-to-pilot
energy  has been optimized. For the non-causal filter, this improvement is
equal to about 0.16  dB. [0067] Figs. 6-9 illustrate example simulations
for a timing correction process.  Simulation results are presented for
QPSK/16 QAM with rate '/2 coding (so spectral  efficiencies of 1 bps/Hz
and 2 bps/Hz) and low/high speed channels. For low speeds,  the repeated
ATSC channel model was considered with a second cluster 5 dB below the
main cluster and at a delay of 40,us. The ATSC channel model has a strong
specular  component that is essentially static and the Rayleigh components
of the channels are  assumed to fade with a speed of 20 km/hr. For high
speeds, repeated PEDB profiles are  



used with the same cluster delay of 40 ,us and a power difference of 5 dB.
All paths in  the "PEDB" channel are Rayleigh fading at a speed of 120
km/hr. For the results, it can  be assumed that there are 96 guard
carriers, and the frequency domain interpolation  assumes that the channel
values at the guard pilots are the same as the channel value at  the
closest transmitted pilot. [0068] The results in Figs. 6-9 include the
effect of ICI due to channel variation  within an OFDM symbol. The ICI
should be included in the noise variance estimate  that is used in the LLR
calculation. An actual noise variance estimation algorithm is  used. In
addition, a thresholding technique is used to mitigate pilot noise, with a
threshold of 0.1. The thresholding is carried out after the time filtering
operation in the  time domain. [0069] Figs. 6 and 7 present the
performance of QPSK and 16QAM modulations in  -' a slow fading channel
with an ATSC profile. It can be seen that the three tap non-causal  filter
results in a gain of about 1.6dB compared to the case of no time filtering
in both  the cases with a slow fading channel. The performance results in
Fig. 8 and Fig. 9 at  high speeds confirm that the non-causal filter does
indeed cancel out the time variations  in the channel reading to a channel
estimate which is robust to the time variation error.  The robustness of
the non-causal filter is more pronounced when compared to the  performance
of a causal filter (such as robust MMSE for example) in a high speed
scenario. Fig. 9 shows the performance of QPSK rate % code over a repeated
pedB  channel profile at a speed of 300km/hr corresponding to a Doppler of
about 195Hz.  [0070] Fig. 10 illustrates a timing correction process 1000
for wireless systems.  While, for purposes of simplicity of explanation,
the methodology is shown and WO 2006/099088 PCT/US2006/008490  21
described as a series or number of acts, it is to be understood and
appreciated that the  processes described herein are not limited by the
order of acts, as some acts may occur  in different orders and/or
concurrently with other acts from that shown and described  herein. For
example, those skilled in the art will understand and appreciate that a
methodology could alternatively be represented as a series of interrelated
states or  events, such as in a state diagram. Moreover, not all
illustrated acts may be required to  implement a methodology in accordance
with the subject methodologies disclosed  herein. [00711 Proceeding to
1010, a symbol subset is received by a wireless receiver.  



At 1020, symbols within the received symbol subset are corrected in time
with respect  to each symbol in the subset employed for timing correction.
After the initial alignment  between symbols at 1020, subsequent symbol
alignments or adjustments are determined  at 1030 where new and old timing
patterns are determined. At 1040, and during the  demodulation process of
received symbols at the wireless receiver, old or new timing  patterns are
applied to correct one symbol while a current symbol is being demodulated
according to another time consideration. As noted above, a subset of
filter taps may be  selected to perform time synchronization for symbols
within the context of a time filter  module in a channel estimation block.
Thus, as previously noted, while demodulating a  current symbol which may
be the nth symbol in the subset (n being an integer), timing  changes and
corrections can be applied concurrently to a proceeding or subsequent
symbol in the subset, for example. New or previous timing patterns can be
determined  where in some cases a new determined time is applied to a
respective symbol, and in ) other cases, a previous timing is applied to
account for timing differences between one  symbol and the rest of the
members of the subset. [00721 Fig. 11 illustrates example network layers
1100 for a wireless system. A  Forward Link Only (FLO) air interface
protocol reference model is shown in Fig. 11.  Generally, the FLO air
interface specification covers protocols and services  corresponding to
OS16 having Layers 1 (physical layer) and Layer 2 (Data Link layer).  The
Data Link layer is further subdivided into two sub-layers, namely, Medium
Access  (MAC) sub-layer, and Stream sub-layer. Upper Layers can include
compression of  multimedia content, access control to multimedia, along
with content and formatting of  control information. [00731 The FLO air
interface specification typically does not specify the upper  layers to
allow for design flexibility in support of various applications and
services. WO 2006/099088 PCT/US2006/008490  22 These layers are shown to
provide context. The Stream Layer includes multiplexes up  to three upper
layer flows into one logical channel, binding of upper layer packets to
streams for each logical channel, and provides packetization and residual
error handling  functions. Features of the Medium Access Control (MAC)
Layer includes controls  access to the physical layer, performs the
mapping between logical channels and  physical channels, multiplexes
logical channels for transmission over the physical  channel,
de-multiplexes logical channels at the mobile device, and/or enforces
Quality  



of Service (QOS) requirements. Features of Physical Layer include
providing channel  structure for the forward link, and defining frequency,
modulation, and encoding  requirements [0074] In general, FLO technology
utilizes Orthogonal Frequency Division  Multiplexing (OFDM), which is also
utilized by Digital Audio Broadcasting (DAB)7,  Terrestrial Digital Video
Broadcasting (DVB-T)8, and Terrestrial Integrated Services  Digital
Broadcasting (ISDB-T). Generally, OFDM technology can achieve high
spectral efficiency while effectively meeting mobility requirements in a
large cell SFN.  Also, OFDM can handle long delays from multiple
transmitters with a suitable length of  cyclic prefix; a guard interval
added to the front of the symbol (which is a copy of the  last portion of
the data symbol) to facilitate orthogonality and mitigate inter-carrier
interference. As long as the length of this interval is greater than the
maximum channel  delay, reflections of previous symbols are removed and
the orthogonality is preserved.  100751 Fig. 12 is an illustration of a
user device 1200 that is employed in a  wireless communication
environment, in accordance with one or more aspects set forth  herein.
User device 1200 comprises a receiver 1202 that receives a signal from,
for  instance, a receive antenna (not shown), and performs typical actions
thereon (e.g.,  filters, amplifies, down converts, etc.) the received
signal and digitizes the conditioned  signal to obtain samples. Receiver
1202 can be a non-linear receiver. A processor 1206  can be provided for
timing synchronization and channel estimation. A FLO channel  component
1210 is provided to process FLO signals as previously described. Processor
1206 can be a processor dedicated to analyzing information received by
receiver 1202.  User device 1200 can additionally comprise memory 1208
that is operatively coupled to  processor 1206 and that stores information
and instructions related to the embodiments  described herein. [0076] It
will be appreciated that a data store (e.g., memories) components
described herein can be either volatile memory or nonvolatile memory, or
can include WO 2006/099088 PCTIUS2006/008490  23 both volatile and
nonvolatile memory. By way of illustration, and not limitation,
nonvolatile memory can include read only memory (ROM), programmable ROM
(PROM), electrically programmable ROM (EPROM), electrically erasable ROM
(EEPROM), or flash memory. Volatile memory can include random access
memory  (RAM), which acts as external cache memory. By way of illustration
and not  



limitation, RAM is available in many forms such as synchronous RAM (SRAM),
dynamic RAM (DRAM), synchronous DRAM (SDRAM), double data rate SDRAM  (DDR
SDRAM), enhanced SDRAM (ESDRAM), Synchlink DRAM (SLDRAM), and  direct
Rambus RAM (DRRAM). The memory 1208 of the subject systems and methods  is
intended to comprise, without being limited to, these and any other
suitable types of  memory. User device 1200 further comprises a background
monitor 1214 for  C processing FLO data. [0077] Fig. 13 is an illustrates
an example system 1300 that comprises a base  station 1302 with a receiver
1310 that receives signal(s) from one or more user devices  1304 through a
plurality of receive antennas 1306, and a transmitter 1324 that transmits
to the one or more user devices 1304 through a transmit antenna 1308.
Receiver 1310  can receive information from receive antennas 1306 and is
operatively associated with a  demodulator 1312 that demodulates received
information. Demodulated symbols are  analyzed by a processor 1314 that is
similar to the processor described above, and which  is coupled to a
memory 1316 that stores information related to user ranks, lookup tables
related thereto, and/or any other suitable information related to
performing the various  actions and functions set forth herein. Processor
1314 is further coupled to a FLO  channel 1318 component that facilitates
sending FLO information to one or more  respective user devices 1304.
[0078] A modulator 1322 can multiplex a signal for transmission by a
transmitter 1324 through transmit antenna 1308 to user devices 1304. FLO
channel  component 1318 can append information to a signal related to an
updated data stream  for a given transmission stream for communication
with a user device 1304, which can  be transmitted to user device 1304 to
provide an indication that a new optimum channel  has been identified and
acknowledged. In this manner, base station 1302 can interact  with a user
device 1304 that provides FLO information and employs a decoding  protocol
in conjunction with a non-linear receiver. [0079] Fig. 14 shows an
exemplary wireless communication system 1400. The  wireless communication
system 1400 depicts one base station and one terminal for sake WO
2006/099088 PCT/US2006/008490  24 of brevity. However, it is to be
appreciated that the system can include more than one  base station and/or
more than one terminal, wherein additional base stations and/or  terminals
can be substantially similar or different for the exemplary base station
and  



terminal described below. [0080] Referring now to Fig. 14, on a downlink,
at access point 1405, a transmit  (TX) data processor 1410 receives,
formats, codes, interleaves, and modulates (or  symbol maps) traffic data
and provides modulation symbols ("data symbols"). A  symbol modulator 1415
receives and processes the data symbols and pilot symbols and  provides a
stream of symbols. A symbol modulator 1420 multiplexes data and pilot
symbols and provides them to a transmitter unit (TMTR) 1420. Each transmit
symbol  may be a data symbol, a pilot symbol, or a signal value of zero.
The pilot symbols may  be sent continuously in each symbol period. The
pilot symbols can be frequency  division multiplexed (FDM), orthogonal
frequency division multiplexed (OFDM), time  division multiplexed (TDM),
frequency division multiplexed (FDM), or code division  multiplexed (CDM).
[0081] TMTR 1420 receives and converts the stream of symbols into one or
more analog signals and further conditions (e.g., amplifies, filters, and
frequency up  converts) the analog signals to generate a downlink signal
suitable for transmission over  the wireless channel. The downlink signal
is then transmitted through an antenna 1425  to the terminals. At terminal
1430, an antenna 1435 receives the downlink signal and  provides a
received signal to a receiver unit (RCVR) 1440. Receiver unit 1440
conditions (e.g., filters, amplifies, and frequency down converts) the
received signal and  digitizes the conditioned signal to obtain samples. A
symbol demodulator 1445  demodulates and provides received pilot symbols
to a processor 1450 for channel  estimation. Symbol demodulator 1445
further receives a frequency response estimate  for the downlink from
processor 1450, performs data demodulation on the received data  symbols
to obtain data symbol estimates (which are estimates of the transmitted
data  symbols), and provides the data symbol estimates to an RX data
processor 1455, which  demodulates (i.e., symbol de-maps), de-interleaves,
and decodes the data symbol  estimates to recover the transmitted traffic
data. The processing by symbol demodulator  1445 and RX data processor
1455 is complementary to the processing by symbol  modulator 1415 and TX
data processor 1410, respectively, at access point 1405. [0082] On the
uplink, a TX data processor 1460 processes traffic data and  provides data
symbols. A symbol modulator 1465 receives and multiplexes the data WO
2006/099088 PCT/US20061008490  25 symbols with pilot symbols, performs
modulation, and provides a stream of symbols. A  



transmitter unit 1470 then receives and processes the stream of symbols to
generate an  uplink signal, which is transmitted by the antenna 1435 to
the access point 1405. [0083] At access point 1405, the uplink signal from
terminal 1430 is received by  the antenna 1425 and processed by a receiver
unit 1475 to obtain samples. A symbol  demodulator 1480 then processes the
samples and provides received pilot symbols and  data symbol estimates for
the uplink. An RX data processor 1485 processes the data  symbol estimates
to recover the traffic data transmitted by terminal 1430. A processor
1490 performs channel estimation for each active terminal transmitting on
the uplink.  Multiple terminals may transmit pilot concurrently on the
uplink on their respective  assigned sets of pilot subbands, where the
pilot subband sets may be interlaced. [0084] Processors 1490 and 1450
direct (e.g., control, coordinate, manage, etc.)  operation at access
point 1405 and terminal 1430, respectively. Respective processors  1490
and 1450 can be associated with memory units (not shown) that store
program  codes and data. Processors 1490 and 1450 can also perform
computations to derive  frequency and impulse response estimates for the
uplink and downlink, respectively.  [0085] For a multiple-access system
(e.g., FDMA, OFDMA, CDMA, TDMA,  etc.), multiple terminals can transmit
concurrently on the uplink. For such a system, the  pilot subbands may be
shared among different terminals. The channel estimation  techniques may
be used in cases where the pilot subbands for each terminal span the
entire operating band (possibly except for the band edges). Such a pilot
subband  structure would be desirable to obtain frequency diversity for
each terminal. The  techniques described herein may be implemented by
various means. For example, these  techniques may be implemented in
hardware, software, or a combination thereof. For a  hardware
implementation, the processing units used for channel estimation may be
implemented within one or more application specific integrated circuits
(ASICs), digital  signal processors (DSPs), digital signal processing
devices (DSPDs), programmable  logic devices (PLDs), field programmable
gate arrays (FPGAs), processors, controllers,  micro-controllers,
microprocessors, other electronic units designed to perform the  functions
described herein, or a combination thereof. With software, implementation
can be through modules (e.g., procedures, functions, and so on) that
perform the  functions described herein. The software codes may be stored
in memory unit and  executed by the processors 1490 and 1450. WO
2006/099088 PCT/US2006/008490  26 



[0086] For a software implementation, the techniques described herein may
be  implemented with modules (e.g., procedures, functions, and so on) that
perform the  functions described herein. The software codes may be stored
in memory units and  executed by processors. The memory unit may be
implemented within the processor or  external to the processor, in which
case it can be communicatively coupled to the  processor via various means
as is known in the art. [0087] What has been described above includes
exemplary embodiments. It is, of  course, not possible to describe every
conceivable combination of components or  methodologies for purposes of
describing the embodiments, but one of ordinary skill in  the art may
recognize that many further combinations and permutations are possible.
Accordingly, these embodiments are intended to embrace all such
alterations, C modifications and variations that fall within the spirit
and scope of the appended claims.  Furthermore, to the extent that the
term "includes" is used in either the detailed  description or the claims,
such term is intended to be inclusive in a manner similar to  the term
"comprising" as "comprising" is interpreted when employed as a
transitional  word in a claim. 27  Claims 1. A timing correction method
for a communication system, comprising: aligning symbol timing of two or
more OFDM symbols from a subset of OFDM symbols with respect to each
otherto account for timing differences between the symbols; obtaining a
channel estimate based on the symbols from the subset, of which one or
more symbols have been  aligned in time; and employing the channel
estimate to generate timing correction information for the symbols in the
subset or for  symbols outside the subset. 2. The method of claim 1,
wherein the OFDM symbols contain pilotsignals andfurther comprising
performing achannel  estimate of length 2P, where P is an integer number
of pilot carriers. 3. The method of claim 2, further comprising employing
pilot observations from at least two neighboring symbols to  determine
timing corrections. 4. The method of claim 1, wherein the OFDM symbols
contain data signals and further comprising determining one  or more time
fitter taps to generate a channel estimate that is used for data
demodulation and determining timing  corrections. 5. The method of claim
1, further comprising performing a least squares criterion to determine a
channel estimate and  averaging time domain channel estimates across
multiple symbols. 



6. A channel estimation module (160) for a wireless receiver, comprising:
an alignment component (140) to align symbol timing of two or more OFDM
symbols from a subset of OFDM symbols with respect to each other  to
account for timing differences between the symbols, obtain a channel
estimate based on the symbols from the subset, of which one or more
symbols have been  aligned in time, and employ the channel estimate to
generate timing correction information for the symbols in the subset or
for  symbols outside the subset. 7. The module of claim 6, further
comprising a time filter component (150), to generate the channel estimate
fortiming  and data demodulation. 8. The module of claim 7, wherein said
time filter component comprises at least one non-causal filter having at
least  one tap to generate the channel estimate for data demodulation and
timing correction. 9. The module of claim 8, further comprising a
component to determine excess delay spread for use in calculating at
least one tap of the non-causal filter. 10. The module of claim 8, further
comprising a component to determine a signal to noise ratio for a channel
estimation  for use in calculating at least one tap of the non-causal
filter. 11. The module of claim 8, further comprising a component to
determine symbol energy for use in calculating at least  one tap of the
non-causal filter. 28  12. The module of claim 8, further comprising a
component to determine parameters relating to time filter coefficients and
channel variation across symbols for use in calculating at least one tap
of the non-causal filter. 13. The module of claim 8, further comprising a
component to determine a Doppler frequency for use in calculating at
least one tap of the non-causal filter, 14. The module of claim 6, further
comprising at least three time domain filter taps to generate channel
estimate for  data demodulation and timing correction. 15. The module of
claim 14, further comprising setting the taps to values of {O.25, 0.5, and
0.25) respectively. 16. The module of claim 6, wherein the OFDM symbols
contain data signals and further comprising a component to  optimize a
data to pilot symbol energy ratio, 17. The module of claim 6, further
comprising a machine-readable medium, wherein the time filter component or
the  alignment component is embodied as machine-readable instructions
stored in the machine-readable medium. 18. The module of claim 6, wherein
the network is a forward link only network. 19. Amachine-readable medium
having machine executable instructions stored thereon which, when read by
a machine,  configure the machine to execute the method of any of claims 1
to 5. 20. A wireless communications apparatus, comprising: 



a memorythat includes machine-readable instructions which, when read by a
processor, define a component to  align symbol timing of two or more
symbols of a received OFDM symbol subset; obtain a channel estimate based
on the symbols from the subset, of which one or more symbols have been
aligned in time, and employ the channel estimate to generate timing
correction information for the symbols in the subset or for  symbols
outside the subset; and at least one processor associated with the memory
and a receiver for decoding at least one current OFDM  symbol while
adjusting the timing for another symbol in the symbol subset. 


