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(57) ABSTRACT

A system and method for initial ranging in wireless commu-
nication systems is provided. A plurality of orthogonal fre-
quency division multiplexing (OFDM) blocks are received by
an OFDMA base station transceiver from a plurality of
remote user devices in wireless communication with the base
station. A ranging subchannel is extracted from the OFDM
blocks. The number of active codes in the ranging subchannel
is determined, active codes are identified, and carrier fre-
quency offsets (CFOs) are estimated for each active code.
Timing delays and power levels for each active code are then
estimated. The estimated CFOs, timing delays, and power
levels are broadcasted by the base station to the remote user
devices, so that the user devices can utilize same to adjust
transmission parameters to optimize power levels and syn-
chronize communication with the base station.
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SYSTEM AND METHOD FOR INITIAL
RANGING IN WIRELESS COMMUNICATION
SYSTEMS

STATEMENT OF GOVERNMENT INTERESTS

[0001] The present invention was made with government
support under National Science Foundation Grant Nos. ANI-
03-38807 and CNS-06-25637. Accordingly, the Government
has certain rights to the present invention.

BACKGROUND OF THE INVENTION

[0002] 1.Field of the Invention

[0003] The present invention relates to wireless communi-
cation systems, and more particularly, to a system and method
for initial ranging in wireless communication systems.
[0004] 2. Related Art

[0005] In the field of wireless communication technology,
recent demands for high data rates have stimulated intense
research activity in multicarrier modulation techniques. Par-
ticular interest has been directed to orthogonal frequency-
division multiple-access (OFDMA) wireless communication
systems, which have become part of the Institute of Electrical
and Electronics (IEEE) 802.16 family of standards for wire-
less metropolitan area networks (WMANs). OFDMA sys-
tems allow for the transmission of digital information
between a base station (BS) and a plurality of remote user
devices, such as cellular telephones, wireless handheld com-
puters, etc. OFDMA systems split the available bandwidth
into smaller subchannels composed by a set of orthogonal
subcarriers, which are assigned to different users to simulta-
neously communicate with the BS. The user signals are
received at the BS as aseries of orthogonal frequency division
multiplexing (OFDM) blocks, from which information data
are extracted by the BS. Unfortunately, OFDMA systems are
extremely sensitive to timing errors and carrier frequency
offsets (CFOs) that may occur between uplink signals and the
local references at the BS. Timing errors give rise to inter-
block interference (IBI), while inaccurate compensation of
the CFOs destroys orthogonality among subcarriers and pro-
duces interchannel interference (ICI) as well as multiple
access interference (MAI).

[0006] In an attempt to alleviate these drawbacks of
OFDMA systems, the IEEE 802.16 standards specify a syn-
chronization procedure called Initial Ranging (IR), wherein
users that intend to establish a link with the BS adjust their
transmission parameters so that uplink signals arrive atthe BS
synchronously and with approximately the same power level.
In its basic form, the IR process develops through the follow-
ing steps. First, a remote user computes frequency and timing
estimates on the basis of a downlink control channel. The
estimated parameters are then used in the uplink phase, dur-
ing which each remote user transmits a randomly chosen code
over a ranging time-slot that comprises a specified number of
adjacent OFDM blocks. However, as a consequence of the
different users’ positions within the cell, uplink signals arrive
at the BS at different time instants. Furthermore, since the
ranging time-slot is randomly selected, several users may
collide over a same ranging subchannel. After separating
colliding codes and extracting timing and power information,
the BS broadcasts a response message indicating the detected
codes and giving the necessary instructions for timing and
power adjustment.
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[0007] The main functions of the BS during the ranging
process may be classified as multi-user code detection, and
multi-user timing and power estimation. In existing IR tech-
niques, a long pseudo-noise (PN) code is transmitted by each
RSS over all available ranging subcarriers. Code detection
and timing recovery is then accomplished on the basis of
suitable correlations computed in either the frequency or time
domains. These approaches require huge computational com-
plexity since each correlation must be evaluated for each
possible ranging code and hypothesized timing offset. More-
over, separation of users is achieved by exploiting only the
correlation properties of the employed code set. In the pres-
ence of multipath distortions, however, ranging subcarriers
are subject to different attenuations and phase shifts, thereby
leading to a loss of the code orthogonality. This gives rise to
MAI which severely degrades the system performance.
[0008] Alternative solutions involve replacing the PN rang-
ing codes with a set of modified generalized chirp-like (GCL)
sequences and mitigating the effects of channel distortion
through differential detection of the ranging signals. Unfor-
tunately, this approach is still plagued by significant MAT
and, furthermore, it cannot be applied to interleaved OFDMA
systems since ranging subcarriers must be assigned adja-
cently. Some attempts at reducing the system complexity rely
onthe decomposition of the multi-parameter estimation prob-
lem into a number of successive steps. However, they are only
suitable for flat channels and fail in the presence of multipath
distortions. Still another approach involves a reduction of the
computational burden, but this is achieved at the price of an
increased overhead using a dedicated common ranging code.
[0009] A common drawback, among others, of existing IR
methods is their poor performance in the presence of fre-
quency selective channels. For example, in one existing
method a signal design is proposed which is robust to multi-
path distortions, wherein ranging signals are divided into
several groups and each group is transmitted over an exclu-
sive set of subcarriers with a specific timing delay. This
approach leads to a significant reduction of MAI as signals of
different groups are perfectly separable in either the fre-
quency or time domain. Additionally, in existing approaches,
phase rotations induced by residual CFOs between the uplink
signals and the BS frequency scale are ignored even though
such rotations may become significant over ranging periods
spanning several adjacent blocks. In such cases, the received
ranging signals are no longer orthogonal and CFO compen-
sation is necessary to avoid a serious degradation of the sys-
tem performance. Unfortunately, frequency recovery
schemes for OFDMA systems are normally derived under the
assumption that uplink signals are transmitted over disjoint
subcarriers and, as a result, cannot be applied to a scenario
where multiple codes share the same subchannel.

[0010] Accordingly, what would be desirable, but has not
yet been provided, is a system and method for initial ranging
in wireless communication systems, which addresses the
foregoing shortcomings of existing initial ranging
approaches.

SUMMARY OF THE INVENTION

[0011] The present invention relates to a system and
method for initial ranging in wireless communication sys-
tems. OFDM blocks are received by an OFDMA base station
transceiver from a plurality of remote user devices. After
passing the received signal into a discrete Fourier transform
(DFT) unit, ranging subchannels are extracted from the
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received blocks, and a ranging subchannel is selected for
processing. The number of active codes that are present in the
selected subchannel is then determined. Once this informa-
tion is obtained, CFOs are subsequently estimated together
with the active codes using a multiple signal classification
(MUSIC) algorithm. Timing delays and power levels are then
estimated for each active code using maximum likelihood
(ML) and least-squares (LS) estimation algorithms. The BS
then broadcasts a response message indicating the detected
codes and their corresponding instructions for adjusting syn-
chronization parameters and power levels. A reduced com-
plexity algorithm is also provided by the present invention for
estimating timing delays and power levels with reduced com-
putational complexity. In another embodiment of the present
invention, CFOs, timing errors, and power levels are esti-
mated using an Estimation of Signal Parameters via Rota-
tional Invariance Techniques (EPSRIT) algorithm.

BRIEF DESCRIPTION OF THE DRAWINGS

[0012] The foregoing features of the invention will be
apparent from the following Detailed Description of the
Invention, taken in connection with the accompanying draw-
ings, in which:

[0013] FIG. 1 is a flowchart showing processing steps
according to the present invention for initial ranging in a
wireless communication system;

[0014] FIGS.2-5are flowcharts showing, respectively, pro-
cessing steps 18-24 of FIG. 1 in greater detail;

[0015] FIG. 6 is a flowchart showing processing steps
according to the present invention for estimating power levels
and timing delays during initial ranging with reduced com-
putational complexity;

[0016] FIG. 7 is a block diagram showing a sample hard-
ware and software/firmware arrangement for implementing
the present invention;

[0017] FIGS. 8-14 are graphs showing performance results
of the present invention during software simulation testing;
[0018] FIG. 15 is a flowchart showing another embodiment
ofthe present invention, wherein CFOs and timing delays are
estimated using an ESPRIT algorithm: and

[0019] FIGS. 16A-16C are graphs showing performance
results of the embodiment of the present invention shown in
FIG. 15, during software simulation testing.

DETAILED DESCRIPTION OF THE INVENTION

[0020] The present invention relates to a system and
method for initial ranging in wireless communication sys-
tems, wherein a specified number of OFDM blocks are
received by the BS from a plurality of remote user devices.
The received signal is passed to a DFT unit which extracts
ranging subchannels from the received blocks, and a ranging
subchannel is selected for processing. After determining the
number of active codes in the considered subchannel, CFOs
are estimated for each active code using a MUSIC algorithm.
Timing delays and power levels are then estimated for each
active code using ML and LS estimation algorithms. The
estimated CFOs, timing delays, and power levels are broad-
cast by the base station to the remote user devices, which can
optimize their power levels and synchronize with the BS
reference scales. In another embodiment of the present inven-
tion, CFOs, timing errors, and power levels are estimated
using an BESPRIT algorithm.
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[0021] As used herein, matrices and vectors are denoted by
boldface letters, with 1, being the identity matrix of order N.
The expression A=diag{a(n); n=1, 2, ..., N} denotes an NxN
diagonal matrix with entries a(n) along its main diagonal,
while B! is the inverse of a square matrix B. The expressions
E {+}, (*, (" and (*)” are used for expectation, complex
conjugation, transposition, and Hermitian transposition,
respectively. The notation ||*|| represents the Fuclidean norm
of the enclosed vector, while || represents the modulus. The
expression | c¢| indicates the largest integer smallet than or
equal to ¢, and [*], ; denotes the (k,l)th entry of the enclosed
matrix.

[0022] The present invention is operable with OFDMA
wireless communication systems, in which remote wireless
communication devices (referred to herein as “ranging sub-
scriber stations” (RSSs)) engage in an IR procedure with an
OFDMA BS transceiver (e.g., a transceiver at a cellular tower
location, a building, etc.). The equations/algorithms accord-
ing to the present invention can be utilized in OFDMA sys-
tems where M denotes the number of OFDM blocks in a
ranging time-slot and each ranging subchannel can be
accessed by no more than M—-1 RSSs. The latter are separated
by means of orthogonal codes which are randomly selected
from a set {c,Cs, . . . .Cazy }» With ¢,[c,(0),c,(1), . . . c(M=
D]” and I, (m)I=1 for 0=m=M-1. Each OFDM block
employs N subcarriers with frequency spacing Af and indices
intheset {0, 1,...,N-1}. R denotes the number of ranging
subchannels, each of which is divided into Q subbands uni-
formly spaced over the signal bandwidth at a distance (N/Q)
Af from each other. A given subband is called a tile, and is
composed by a set of V adjacent subcarriers. The subcarrier
indices in the qth tile (=0, 1. . . ., Q-1) of the rth subchannel
(=0, 1,...,R-1)are collected into a set I, V={i_, "}, "~
with entries

AL h
QR T

The rth subchannel is thus composed of subcarriers with
indices taken from J¥=U qZOQ‘lJ ) while a total of
Nx=QVR ranging subcarriers are available with indices in the
set J,=U, _ 2717 The remaining N-N,, subcarriers are used
for data transmission and are assigned to data subscriber
stations (DSSs), which have successfully completed their IR
process and are assumed to be perfectly aligned to the BS time
and frequency scales.

[0023] FIG. 1 is a flowchart showing processing steps
according to the present invention for initial ranging in a
wireless communication system (e.g., an OFDMA system),
indicated generally at 10. The steps shown in FIG. 1 can be
programmed into any suitable OFDMA base station trans-
ceiver, and allow such a transceiver to conduct initial ranging
processes with RSSs (e.g., cellular telephones, etc.) in accor-
dance with a suitable communication protocol, including, but
not limited to, the standard set forth in the Institute of Elec-
trical and Electronics (IEEE) 802.16e standard.

[0024] Beginninginstep 12, an OFDMA base station trans-
ceiver receives M OFDM blocks from a plurality of RSSs that
intend to establish a link with the BS. In step 14, each OFDM
block is processed by a discrete Fourier transform (DFT) unit
to extract the QV subcarriers corresponding to the R ranging
subchannels. As a general rule, different RSSs in a given
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subchannel employ different codes. In step 16, a ranging
subchannel is selected and modeled in accordance with the
present invention, as follows.

[0025] For the purposes of this description, we concentrate
on the rth subchannel, where K”?=M-1 denotes the number
of simultaneously active RSSs. To simplify the notation, the
subchanne] index  is not referred to herein. The waveform
transmitted by the kth RSS propagates through a multipath
channel of order L with impulse response h,=[h,(0),h,(1), ..
- (L-1)]%. Atthe BS, the received samples are not synchro-
nized with the local references. 8, denotes the timing error of
the signal received from the kth RSS expressed in sampling
intervals, while €, denotes the corresponding frequency offset
normalized to the subcarrier spacing.

[0026] We denote by Y,, a QV-dimensional vector which
stores the DFT outputs of the considered subchannel during
the mth OFDM block. Since DSSs are perfectly aligned to the
BS references, their signals do not contribute to Y,,,. In con-
trast, the presence of uncompensated CFOs destroys orthogo-
nality among ranging signals and gives rise to ICI. Recalling
that the ranging subchannels are interleaved in the frequency
domain at a distance of NAf/(QR) from each other, interfer-
ence on'Y,, arising from subchannels other than the consid-
ered one can be neglected. Under the above assumptions, it is
possible to write:

K ‘ 2)
Y= D cutme™ N A@OSLO) +
k=1

where w,=2ne,/N is the angular CFO of the kth RSS, N,=N+
N denotes the duration of the cyclically extended blocks and
n,, 1s a Gaussian vector with zero mean and covariance matrix
o’ o In addition, the following equation has been defined.

A(@)=FWw)F? 3)
where W(w) is given by:
W(o)=diag{e™n=0,1, ..

while F=[F,”F,7 . .. Fo 17, with each F,, denoting a VXN
matrix with entries:

. N-1} 4

1 .
— ~i2xig yniN _ _
[Fq]v'"_yfﬁe Ny <y<sV-1,0<snsN-L

Vector S,(8,) in Equation 2 can be partitioned into Q seg-
ments [S,7(0,.i,)S,"(041,) . . . S,/(6,ip_,)]" each corre-
sponding to a distinct tile. The qth segment S,(0,i,) has
length V and elements given by:

. _ A, . (6
SOk, igy) = €N W H (i), 0sv=V -1

where H;(6,,i,,,) is the kth channel frequency response over
the i_,th subcarrier, which can be written as:

L1 (7
2nl. /
Hiligy) = ) e W',
=0

The above equation indicates that 8, appears only as a phase
shift across the DFT outputs. The reason for this is that the CP
duration is longer than the maximum expected propagation
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delay, thereby making the ranging signals quasi-synchronous
at the BS. The power of the kth RSS over the ranging subcar-
riers is defined as:

1 gvl 8)

P G2 2 e o)

q=0 v=

[0027] Instep 18, the number of currently active codes in
the selected subchannel is calculated, as discussed below in
greater detail in connection with FIG. 2. Then, in step 20,
CFOs are estimated for each active code, as discussed below
in greater detail in connection with FIG. 3. In step 22, after
CFOs have been estimated, timing delays/errors for each
active code are estimated. This process is discussed below in
greater detail in connection with FIG. 4. In step 24, power
levels for each active code are estimated, as discussed in
connection with FI1G. 5.

[0028] Instep 26, a determination is made as to whether all
subchannels have been processed. If a negative determination
is made, control returns to step 16, so that an additional
subchannel can be processed as described above to provide
estimates of CFOs, timing delays, and power levels for the
corresponding RSSs. If a positive determination is made, step
28 occurs.

[0029] After CFOs, timing delays, and power levels have
been estimated for each RSS, this information is broadcast in
step 28 to the remote users (i.e., the RSSs), so that each user
device can adjust its transmission parameters and align its
own uplink signal to the BS reference scales. Specifically,
users that intend to access the network for the first time
compute initial frequency and timing estimates on the basis of
a downlink control signal broadcast by the BS. The estimated
parameters are then employed by each RSS as synchroniza-
tion references for the uplink ranging transmission. This
means that, during the IR process, the CFOs are induced only
by Doppler shifts and/or estimation errors and, as a conse-
quence, they will be quite small. For example, consider the
IEEE 802.16 standard for WMANSs with subcarrier spacing
Af=11.16 kHz and carrier frequency {,=5 GHz. In the case of
perfect downlink synchronization, the maximum CFO in the
uplink is 2f;v,/c, where v, denotes the terminal speed while
c=3x10% m/s is the speed of light. Letting v,=120 km/h yields
€,=0.10, which means that the normalized CFO lies within
10% of the subcarrier spacing. Timing errors depend on the
distances of the RSSs from the BS and their maximum value
0, corresponds to the round trip propagation delay for a
user located at the cell boundary. This parameter is known and
is given by 0,,,,=2R/(cT,), where R is the cell radius and
T =1/(NAf) is the sampling period. A simple way to counter-
act the effects of timing errors relies on the use of sufficiently
long CPs comprising N,z0 _ +[ sampling intervals. This
leads to a quasi-synchronous network in which timing errors
do not produce any IBI and result only in phase shifts at the
output of the receive DFT unit. The CP of data blocks should
be made just greater than the channel length to minimize
unnecessary overhead. It follows that accurate timing estima-
tion must be accomplished during the ranging period in order
to align all active users with the BS time-slot and to avoid IBI
over the data section of the frame.

[0030] FIG. 2 is a flowchart showing step 18 of FIG. 1 in
greater detail. As mentioned above, step 18 of FIG. 1 allows
for the calculation of the number of active codes in the con-
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sidered (modeled) ranging subchannel. This information is
utilized to derive CFO estimates, as well as estimates of
timing delays and power levels of the corresponding active
codes.

[0031] In step 30, the number of received codes in the
considered subchannel is determined by evaluating the cor-
relation matrix and applying an eigendecomposition (EVD)
procedure. It is assumed that the CFOs are confined within a
small fraction of the subcarrier spacing. In such a case, the
demodulated signals incur negligible phase rotations over one
OFDM block, and W(w) in Equation 4 above can be approxi-
mated by 1. Substituting Equation 3 into Equation 2, and
observmg that FFZ= T,y vields:

K ©
Z ci(m)e™ N 8, (0,) +
=)

from which it follows that each CFO results only in a phase
shift between contiguous OFDM blocks. The DFT output
over the i th subcarrier of the mth block is thus given by:

K 10
Yli) = 3 oM™ TS B i) + i)
k=1

The vector Y(i,,)=[Y,(i,, )Y (g)s -+ s Yoy, 17 is then
defined for collectmg the i, th DFT output across all M
ranging blocks. Then, from Equatlon 10, it follows that:

K 1n
Y(igy) = Z SO, ig )l (wp)ey +nligy)
k=1

where F(mk)*diag{e"’"“”‘NT m= 0 1,....M-1} while n(i, )=
[05(ig,)o0, (10, - IlM_l(l " s Gaussran distributed with
zero-mean and covariance matrix oL, .
[0032] From Equation 11, it is seen that Y (i, ) is a super-
posmon of frequency- rotated codes {T(w,)e, )}, ~ embedded
in white Gaussian noise and with random amplitudes {S,(8,,
) .=, This model has the same structure as measure-
ments of multiple uncorrelated sources from an array of sen-
sors. EVD can then be performed on the correlation matrix of
Y(i, ), whereupon the active codes and their corresponding
CFOs can subsequently be determined.
[0033] Estimation of the number of active codes over the
ranging subchannel can be accomplished in step 30 through
the EVD of the correlation matrix R =B{Y(i, ) Y*(i, )} Let
MEMZ . . . ZN,, be the eigenvalues of R, arranged in
non-increasing order. Then, from Equation 11, it follows that
the M—K smallest eigenvalues are equal to the noise power o”
while the largest K eigenvalues are related to o2 and also to the
average signal power. Mathematically, the following Equa-
tion applies:

. {E+0-2 for 1<k <K (12)
1k=

o’ for K+1<k=M
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where P, are strictly positive quantities related to the signal
power. If the quantities P, are much greater than o?, estimat-
ing K is not problematic since the eigenvalues exhibit a clear
drop in passing from k=K to k-K+1. In practice, however, the
drop cannot be easily detected since users starting a ranging
procedure are required to keep the transmission power at a
relatively low level in order to limit interference to DSSs. A
further difficulty is that R, is not available at the receiver and
must be replaced with some suitable estimate. One approach
to solve these difficulties is to use the sample correlation
matrix:

| el (13)
Ry = o > ¥lig ¥ Gy

=0 v=0

which provides an unbiased and consistent estimate of R ;. An
alternative solution is based on the forward-backward (FB)
principle. In such a case Ry is replaced by:

By = (14

1.
E(Ry FIRD

where R 1s still given in Equation 13 while J is the exchange
matrix with 1’s on the anti-diagonal and 0’s elsewhere.
[0034] Instep 32, afier performing EVD on R, and arrang-
ing the eigenvalues A, ZA,Z . . . &, in non-increasing order,
an estimate K of the number of active codes is found through
information-theoretic criteria. Two examples of such criteria
are represented by the Akaike and Minimum Description
Length (MDL) criteria. The MDL approach looks for the
minimum of the following objective function:

(15)

F(R) = 2 K@M - K)In(QV) - QV(M - K)lnp(K)

1.
2

where p(K) is the ratio between the geometric and arithmetic
mean of {Ag,  hg.as - . - shpg)s i€,

1 (16)
s

and K denotes a tentative value of K and varies from 1 to M-1.
[0035] Instep 34, once K has been computed, from Equa-
tion 12 an estimate of the noise power o> can be computed as:

LM (17

[0036] FIG. 3 is a flowchart showing processing step 20 of
FIG. 1 in greater detail. Processing step 20 allows for the
estimation of CFOs for a given subchannel, as well as the
identification of active codes in the subchannel. Beginning in
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step 36, the observation space is decomposed into a signal
subspace S, which is spanned by the rotated codes {T'(w;)
¢, 1~ plus a noise subspace S,. As is known, S, is the
orthogonal complement of S_ so that each vector of S is
orthogonal to any other vector in S,. To proceed further, it is
assumed that the number of active codes has been correctly
estimated (i.e., K=~K),and {0, . .. ,fi,,} denotes the eigen-
vectors of R, corresponding to the ordered eigenvalues A, =
M2l

[0037] 1In step 38, CFOs are estimated using a MUSIC
approach The MUSIC algorithm relies on the fact that the
eigenvectors {l, .0k, . . . ,0,,) associated with the M-K
smallest eigenvalues of R, form an estimated basis of the
noise subspace S, and, accordingly, they are approximately
orthogonal to all vectors in the signal space S. An estimate of
@y, 15 thus obtained by minimizing the projection of I'(ew)c,
onto the subspace spanned by the columns of U, =[{, U, ,
... 1,,]. This leads to the following estimation algorithm:

@y = argmax{¥, (@)} (18)
[
with:
19)
V@) = )

T
I r@e

[0038] In principle, CFO recovery must only be accom-
plished for the active codes. However, since at this stage the
BS has no knowledge of which codes have been transmitted
over the considered subchannel, frequency estimates {,,,,
... ,oM-1} must be evaluated for the complete set {¢,,¢c., . .
a1}

[0039] In step 40, active codes are identified. The present
invention searches for the K largest values in the set {¥,(
00} MY, say (W, (@))%, and declares as active the
corresponding cAodes:{cM} = The CFO estimates are even-
tually found as w,=[w,, ,w,,, . . . ,0,.] T The CFO estimation
based on the MUSIC algorithm is referred to herein as the
MUSIC-based frequency estimator (MFE), while the active
code identification algorithm is referred to herein as the
MUSIC-based code detector (MCD).

[0040] A key issue is the maximum CFO value that can be
handled by MFE. To simplify the analysis, it is assumed that
the ranging codes belong to the Fourier basis of order M and
are given by:

cp(my=e/ M Q<< ] (20)

fork=1,2,... ,M-1. Then, identifiability of the rotated codes
{T(w,)e, s, is guaranteed as long as the CFOs are smaller
than N/(2MN ) in magnitude. Let ,=N/(2MN) and €, ,=—
N/(2MN;). In such a case, the received codes I'(w,)c, and
I'(w,, )c,.,, are identical and there is no way to distinguish
among them. This fact limits the acquisition range of MFE to
the interval le,|<N/(ZMN,). Although this result has been
derived for the Fourier basis specified in Equation 20, it may
also apply to other code designs.

[0041] The computational load (complexity) of MFE can
be assessed as follows. Assume that the number of active
codes has alteady been found and is available at the BS. Then,
computing R, in Equation 14 requires approximately
O(M?*QV) operations, while the complexity for evaluating
the metric W,(e) in Equation 19 is O(M*(M-K)) for each e.
Denoting by N, the number of candidate values o and
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observing that the maximization in Equation 18 must be
performed over the entire code set {¢,.Co, . . . Caz 1}, it
follows that a total of O(N_ M*(M-K)) operations are
required to find w, . The overall complexity of MFE is thus on
the order of O(MZQ\[+N®MZ(M—K)). This figure does not
consider the EVD on R ysince this operation is comparatively
easier than the maximization step in Equation 18.

[0042] FIG. 4 is a flowchart showing step 22 of FIG. 1 in
greater detail. Step 22 allows for the estimation of timing
delays of all active RSSs. After code detection and CFO
recovery, the BS must acquire information about the timing
delays and power levels of all ranging signals. Timing delay
estimation is achieved in steps 42 and 44 through the use of
ML and LS estimation algorithms. An initial assumption is
made that K=K_ To simplify the notation, the indices {u,},_,*
of the detected codes are relabeled according to the map
u—k.

[0043] First, Equation 2 is reformulated in a more compact
form. For this purpose, matrices D, (w,)=c,(m)e’" A ()
are defined and collect the CFOs and timing errors in two
K-dimensional vectors w={w,0,, . . . ,0x]” and 6=[0,,8,2, .
.. 0] Then,Y,, is rewritten as:

Y,,=D,,(0)S(0)+1,, 21
with S(0)=[8,7(6,)S,7(0,) . . . S¢'(0x)]" and D, (w)=[D,,
(w,)D,(w,) . .. D, (w,)]. Timing recovery is then accom-

plished by means ofa two step procedure in which an estimate
of S(B) is computed first and then is exploited to obtain the
timing errors.

[0044] Instepd2,itisassumed thatthe accuracy ofthe CFO
estimates obtained in the first stage of the ranging process is
such that e=w. Then, from Equation 21, the ML estimate of
S(8) based on the observed vectors {Y,,},,_," " is found to
be:

M-1 (22)
S =T"@) D@,
m=0
where T(w) is the following matrix:
M-1 (23)
(@)= ) Dh@Dal®).
m=0
Substituting Equation 21 into Equation 22 yields:
M-1 24

560250 + T’l(&))z

m=0

DH (@

from which it follows that $(6) is an unbiased estimate of S(8)
and can be similarly partitionedas [S,(6,)S,(6,). .. Sx(8)1".
The kth subvector S,(6,) is composed of Q segments {S,(6,,
i q)} q:09‘1 each corresponding to a specific tile in the consid-
ered ranging subchannel. From Equation 24, it can be seen
that the vth entry of 8,(6,.,), say S,(8,,1, ), is an unbiased
estimate of the quantity S,(6,i,,) defined in Equation 6.
Hence, from Equations 6 and 7 it follows that:

R 2wy, b m, 25
Siligy) =7 )y (De VNI £ (iy,)
=0

where E,(i, ,) is a zero-mean disturbance term. The quantities
{Si(0i,,)},-0° " are collected into a Q-dimensional vector
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Sy0,v) and ®(8,v)=diag{e 7N 0=q=Q-1} is
defined. Then, omitting for simplicity the functional depen-
dence of S;(0,,v) on 8, from Equation 25 it follows that

SOOIV E(v) (26)

where Ek(V):[Ek(io,v)sEk(il,v)s cen sEk(iQ—l,v)]TVVhﬂe F(v)isa
matrix of dimensions QxL with entries:

(F0)y =€/ 0<g<Q-land 0<l<L-1. @n

Equation 26 indicates that, apart from the disturbance vector
Ev), S (V) is only contributed by the kth RSS, meaning that
ranging signals have been successfully decoupled at the BS.

Vectors {S,(v);v=0,1, . ..,V-1} can thus be used to obtain LS
estimates of (0,,h,) 1nd1Vidually for each RSS. This amounts
to looking for the minimum of the following objective func-
tion:

V-1 B o (28)
Ai B R :Z” L) = B, )|
=0

withrespect to 8, and h,. For a given 8, the minimum occurs
at;

; 29

V-1
Z WO By, S, )

E
ov

where the identity F7(v)F(v)=Q-], has been used, which
holds true as long as L=Q. Then, substituting Equation 29
into Equation 28 and minimizing with respect to 8,, yields the
timing estimate used in step 44, in the form:

Oy = argmax {Y, (G)) (30

0=y <Omax
where Y, (8,) is given by:

2 31)

V-1
Vel = |3 0997 @ S| -
v=0

The timing metric can be rewritten as:

B+l 2 (32)

T @) = Z

=5

V-1

2at
Z 50, DT

v=0

where 8,(v]) is the Q pomt inverse DFT (IDFT) of the
sequence {Sk(lq DSl e

o-1 2m (33

Nov. 5, 2009

The algorithm of Equation 30 is referred to herein as the
LS-based timing estimator (LS-TE). Note that for V=1 the
timing metric reduces to:

By L1 (34)

Yo=Y B0 0

5y

and becomes periodic in 8, with period Q. In such a case, the
estimate 8 s affected by an ambiguity of multiples of Q. This
ambiguity does not represent a serious problem as long as Q
can be chosen greater than 0,,,.. Unfortunately, in some
applications this may not be the case. To avoid such an impair-
ment, each tile must be composed by V>1 adjacent subcarri-
ers.

[0045] FIG. 5 is a flowchart showing step 24 of FIG. 1 in
greater detail. Step 24 aims at estimating the power levels of
signals transmitted by the RSSs. In step 46, the ML estimation
vector produced in step 42 and shown in Equation 24 is
utilized, and power level estimation is accomplished on the
basis of Equation 8 above. It is observed from Equation 24
that the entry S,(i ,) 15 an unbiased estimate of S,(i_ ) with
variance:

okz(iq,v)zozﬂk 1((;) )]Pk(%v)#k(%") (33)

where 11,(q.v)=(k-1)QV+qV+v+1. An unbiased estimate of
IS,((iq’v)l2 is thus given by ng(iqgv)lz—ckz(iq’v). This fact,
together with Equations 8 and 35, leads to the following
LS-based power estimation algorithm (referred to herein as
“LS-PE”) utilized in step 48 to calculate the power levels:

. | gLt [|A 2, I 0
P =— Silign)| = 6ilig,)
qu:O v=0

where 0,2 q,v):(}z[T‘l(u))
Equation 17.

wigiay) Ad o° is given in

[0046] To assess the computational load (complexity) of
LS-TE, itis useful to distinguish between a first stage, leading
to the sequences {5,(v,))},_,2~" in Equation 33, for 0=v=V-
1, and a second stage where these sequences are used to
compute the timing metrics of the detected codes. First, it is
observed that a complexity of order O(KN log,(N)) is
required to determine the matrices D, () fork=1,2, ..., K,
while computmg the matrix T(w) and vector 3, _,/*'D, #(
®)Y,, requires O(MK?Q*V?) and O(MKQ?V?) operations,

respectively. Evaluation of S(G) through Equation 22 is
equivalent to solving a linear system of order KQV and needs
O(K*Q*V?) operations. Finally, the complexity of the IDFT
in Equat10n33 is O(Q log,(Q)) foreach value of v. Since most
of the processing is devoted to the computation of T(w), the
overall complexity in the first stage can reasonably be
approximated as O(MK>Q?>V?). In the second stage of the
estimation process, the timing metric of Equation 32 is com-
puted for all candidate values 8, and all detected codes.
Observing that O(VL) operations are required for each quan-
tity Y,(8,), the computational burden of the second stage is
O(KVL8,,,.)- The overall complexity of LS-TE is summa-
rized in the first row of Table 1 below. Reduced complexity
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timing delay estimates (“RC-TE”) are provided for compari-
son purposes. RC-TE is described below in connection with
FIG. 6.

TABLE 1
Algorithm First stage Second stage
LS-TE O(MK2Q*V3) O(KVLH,,..0)
RC-TE O(KQVM +K)) O(KVL(Q + PV))
RC-TE (V =2) 0QKQM + X)) 0O(2LKQ)

[0047] FIG. 6 is a flowchart showing processing steps
according to the present invention, indicated generally at 50,
for estimating power levels and timing delays during initial
ranging with reduced computational load (complexity). This
approach relies on the assumption that the CFOs are small
during the ranging process and result only in negligible phase
rotations over one OFDM block. In such a case, an estimate of
S(8) can easily be obtained from the observations {Y(i, )} in
Equation 11. In step 52, an ML estimation procedure is
appliedto {Y(i,,)}. First, a K-dimensional vector S(i, ,)=[S,

(i,)850,,)s - - - Sg(i, )]" is defined in order to rewrite
Equatlon 111in the equivalent form:
Flig ) =C(0)S g }+1iy.) 37

where C(w)=[I'(@,)c,I(m,)c, . . . T(wg)eg] is a matrix of
dimensions MxK. Then, after letting w=~w, Equation 37 is
used to find the ML estimate in step 52 of 8(i,,) as:

S(ig )= @) @) @) Y,,) (38)
Substituting Equation 37 into Equation 38 yields:
815 =Slig g, (39

where (i o ,) is a zero-mean dlsturbance vector with covari-
ance matrix o°[C7(w)C(w)]~". This means that, as long as the
simplified model specified in Equation 37 is sufficiently accu-
rate, S(l ) is anunbiased estimate of S(i, , ). Its entries {S(l

) are then used to compute an estimate of the power
level P, as indicated in step 54:

| ety (40

Py = i) Z [Belipn)| - & 1CH @@

where 07 is still given in Equation 17.

[0048] To quantify the computational saving of the simpli-
fied ML estimation algorithm of Equation 38 utilized in step
52 with respect to Equation 22, it is observed that OQMK2

and O(MK) operations are needed to obtain C*()C(w) and
CH(u))Y(l ), respectively, while O(K?) operations are fur-
ther requlred for evaluating the right hand side of Equation
38. Since CH(w)C(w) is independent of q and v, the overall
complexity involved in the computation of S(l ) for
0=q=Q-1 and 0=v=V-1 is approximately O(KQV(M+
K)). Additional O(QV log, Q) operations are eventually
needed by the IDFTs in Equation 33. Compared to the first
stage of LS-TE, it follows that the computational burden is
reduced by a factor MKQ*V*/(M+K), which may be signifi-
cant even for small values of the product QV.

[0049] Evaluating Y,(8,) for each value 8,=0,1,...,0,,..
may still be computationally demanding, especially when
0, 18 large. A viable method to further reduce the system
complexity is to decompose the timing error 6, into a frac-
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tional part f3,, less than Q, plus an integer part which is
multiple of Q. This amounts to setting:

0, =Pt (41)

where f. € {0,1,...,Q-1} while p, is an integer parameter
taking values in the set {0.1, . .. ,P-1}, with P=[6, /Q|. In
such a case, the timing metric of Equation 32 can be manipu-
lated into the equivalent form:

Y80 =Y B+ Y B By) “2)
Bl Yy @3)
W= > ko 0F
=8, 0
Betl-1 v_3 Voyi (44)

. - b 0)
S (v, DS (v +n, De W TPk

Y (B, i) =2Re Z Z

l:/?k v=0 n=1

Clearly, maximizing Y,(8,) with respect to 8, requires a grid
search over all candidate pairs (§,,p,). However, the decom-
position of Equation 42 provides a reduced-complexity solu-
tion to approach the global maximum. This simplified algo-
rithm computes an estimate in step 56 of timing delays {3, by
looking for the maximum of Y,(§,), 1.e.,

B = argmax {v{"(B,) “3)

0=y =0-1

Then, after substituting f3,, into the right-hand-side of Equa-
tion 42 and maximizing with respect to p,, an estimate of p, is
obtained in step 56 in the form:

Py = argmax (Y (B, o) (46)
0=p=P-1

The timing delay estimate is eventually obtained from Equa-
tion 41 as 6,=f,+p,Q.

[0050] Inspection of Equations 45 and 46 indicates that the
simplified estimator maximizes Y, (8,) in a decoupled fash-
ion, where an estimate of f, is obtained first and is then
exploitedto get p,. In assessing the computational load of this
scheme, it is assumed that the quantities {§,(v.)},_,°~" have
already been computed for 0=v=V-1. Then, evaluating 3,
through Equation 45 requires O(QVL) operations while
O(QV-L) operations are needed to get p; from Equation 46.
Since estimates 3, and p, must be obtained for each detected
code, the overall complexity in the second stage of the esti-
mation process is approximately O(KVL(Q+PV)). Com-
pared to LS-TE, the computational requirement is thus
reduced by a factor 0, /(Q+PV). This advantage is achieved
at the price of some performance degradation since the
described search procedure is not guaranteed to locate the
global maximum of Y,(8,).

[0051] A further simplification is possible by setting V=2.
In this case, it is found from Equatlon 44 that max1m121ng
Y, ®(Bp,) with respect to , is equivalent to maximizing

cos(§,—27p,Q/N), with.
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B+l @7
o = arg Z 500, D5 (1, De I N
=B,

The estimate p, is thus obtained in closed-form as:

. _Na 48)
P = 27r_Q

The reduced-complexity power estimation provided by the
algorithm of Equation 40, and implemented in step 54, is
referred to herein as the reduced-complexity power estimator
(RC-PE).

[0052] FIG. 7 is a block diagram showing a sample hard-
ware and software/firmware arrangement for implementing
the present invention, indicated generally at 90. The present
invention can be implemented as a plurality of software and/
or firmware modules 96 which are executed by a standard
OFDMA base station transceiver 94 having an antenna sys-
tem 92. The base station receiver 94 could be any suitable
base station transceiver which operates using OFDM tech-
nology. The modules 96 could be coded in any suitable high-
level or low-level programming language, such as C, C++,
CH#, Java, assembly language, or any suitable equivalent. The
modules could be provided in an OFDMA transceiver in the
form of a customized integrated circuit (IC), or distributed
using any suitable computer-readable medium (e.g., diskette,
tape, CD-ROM, DVD, portable flash memory device, etc.) for
subsequent installation of the modules in an existing
OFDMA transceiver. Still farther, the modules could be
downloaded to an OFDMA transceiver by way of a network
connection (e.g., via the Internet).

[0053] The modules 96 are programmed in accordance
with the processing steps discussed above, and include an
active code identification module 98, a CFO estimation mod-
ule 100, a timing delay estimation module 102, and a power
level estimation module 104. The active code identification
module 98 processes the ranging OFDM blocks received by
the transceiver 94 from RSSs in communication with the
transceiver 94, to identify active codes. The active codes are
then processed by the modules 100-104 to provide estimates
of the corresponding CFOs, timing delays, and power levels.
These estimates are then broadcast by the transceiver 94 to the
RSSs so that each one can adjust its transmission parameters
to the BS reference scales 94.

[0054] Software simulation testing was conducted to ascer-
tain the performance characteristics of the present invention.
Simulations of an IEEE 802.16 wireless MAN programmed
in accordance with the present invention was conducted,
which had a total of N=1024 subcarriers over an uplink band-
width of 11.4 MHz. The sampling period is T,=87.5 ns, cor-
responding to a subcarrier distance of 1/(NT,)=11.16 kHz. It
was assumed that R=8 subchannels were available for initial
ranging. Each subchannel was divided into Q=16 tiles uni-
formly spaced over the signal spectrum at a distance of
N/Q=64 subcarriers. To reduce the system complexity, the
number of subcarriers in any tile was set to V=2. Each ranging
time-slot included M=4 OFDM blocks. The ranging codes
were taken from a Fourier set of length 4 and are randomly
selected by the RSSs at each simulation run (expect for the
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sequence[1,1,1,1]7). The discrete-time CIRs had order L=12.
Their entries were modeled as independent and circularly
symmetric Gaussian random variables with zero means and
an exponential power delay profile, i.e.,

E{Il D} =0,, 2exp(~1112), 10,1, .. . 11 (49)

where 0, % is related to the average transmission power of the
kthRSS. Inall subsequent simulations, o, ,* was chosen such
that E{|lh,[*}=1 for 1=k=K. In this way, the powers {P, },_,
of the ranging signals are random variables with unit means.
Channels of different users were assumed to be statistically
independent of each other. They were generated at each new
simulation run and kept fixed over an entire time-slot. A cell
radius of 10 km was considered, corresponding to a maxi-
mum propagation delay of 0, =204 sampling periods.
Ranging blocks were preceded by a CP of length N ;=256 in
order to avoid IBI. The normalized CFOs were uniformly
distributed over the interval [-£2,Q] and varied at each run.
Recalling that the estimation range of MFE is le,I<N/
(2MN;), Q=0.1 was set throughout the simulations. The
results of simulations are shown in FIGS. 8-14.

[0055] Simulations began by investigating the performance
of MCD in terms of probability of making an incorrect detec-
tion, say P. The latter is defined as the probability that the set
of detected codes does not coincide with the set of codes
participating in the ranging process. F1G. 8 illustrates P,as a
function of the signal-to-noise ratio (SNR) defined as
SNR=1/0*. The number of active RSSs is either 2 or 3 while
the maximum CFO is €2=0.05. Comparisons were made with
the ranging scheme proposed by Fu, Li and Minn (FLM),
where the kth ranging code is declared active provided that
the quantity:

1 gty (50)

exceeds a suitable threshold v which is proportional to the
estimated noise power 0. The results of FIG. 8 indicate that
MCD performs remarkably better than FLM. As expected,
the system performance deteriorates as K approaches M. The
reason is that increasing K reduces the dimensionality of the
noise subspace, which degrades the accuracy of MCD.
[0056] FIG. 9 illustrates the root mean-square error
(RMSE) of the frequency estimates obtained with MFE ver-
sus SNR for K=2 or 3 and Q=0.05. It can be seen that the
system performance deteriorates as K increases. Neverthe-
less, the accuracy of MFE is satisfactory under all investi-
gated conditions.

[0057] Theimpact of the CFOs on the performance of MFE
was assessed in FIG. 10, where the RMSE is shown as a
function of Q. The SNR was fixed to 10 dB while K was still
2 or 3. As expected, the accuracy of the frequency estimates
degrades with Q due to increased amount of inter-channel
interference (ICI) that affects the received signal. However,
the loss is quite small over the full range Q=0.1.

[0058] The performance of the timing estimators was mea-
sured in terms of probability of making a timing error, say,
P(e). An etror event was declared to occur whenever the
estimate 0, gave rise to IBI during the data section of the
frame. Insuch a case, the quantity 6,-8,+(L-N p)21s larger
than zero or smaller than L-N -1, where N , is the CP
length during the data transmission period. In our simula-
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tions, we set N ,=64. FIG. 11 illustrates P(e) vs. SNR as
obtained with RC-TE, LS-TE and FLM. The number of active
codes was K=2 or 3 while Q2=0.05. It can be seen that for SNR
larger than 6 dB RC-TE and LS-TE provided much better
results than FLM. Also, the loss of RC-TE with respect to
LS-TE is negligible in all considered situations.

[0059] FIG. 12 shows the timing estimators compared in
terms of their sensitivity to CFOs. For this purpose, P(e) is
shown as a function of Q for K=2 or 3 and SNR=10 dB.
Again, it can be seen that LS-TE was slightly better than
RC-TE and both schemes outperformed ELM. For K=2 and
3, RC-TE and LS-TE were quite robust to CFOs.

[0060] FIG. 13 illustrates the RMSE of'the power estimates
as a function of SNR. The number of active RSSs was either
2 or 3 while Q=0.05. Comparisons were made with the known
FLM algorithm, where an estimate of P, is computed as
P =7,/(QV)-0*/M. As can be seen, in all considered sce-
narios, RC-PE and LS-PE outperformed FLM. The accuracy
of RC-PE and [S-PE reduced as K grew large, while the
performance of FLM was nearly the same with either K=2 or
3.

[0061] The impact of residual CFOs on the RMSE of the
power estimates was assessed as shown in FIG. 14, where the
RMSE is shown as a function of Q. Again, the SNR was fixed
to 10 dB and K was either 2 or 3. As can be seen, LS-PE
performed slightly better than RC-PE. Both schemes were
extremely robust to CFOs when K is either 2 or 3.

[0062] FIG. 15 is a flowchart showing another embodiment
of the present invention, indicated generally at 120, wherein
CFOs, timing errors, and power levels are estimated using the
known EPSRIT algorithm. The ESPRIT algorithm is benefi-
cial because it can be implemented with reduced computa-
tional complexity, and is suitable for use in systems where
pilot symbols are spread in both the time and frequency
domains using ranging codes belonging to a Fourier basis.

[0063] Theembodiment shownin F1G. 15 canbe employed
inan OFDMA system employing N subcarriers with index set
{0, 1, ..., N-1}. It is assumed that a ranging time-slot is
composed by M consecutive OFDMA blocks while the N
available subcarriers are grouped into ranging subchannels
and data subchannels. The former are used by the active RSSs
to initiate their ranging processes, while the latter are
assigned to DSSs for data transmission. R denotes the number
of ranging subchannels, and it is assumed that each of them is
divided into Q subbands. A given subband is composed of a
set of V adjacent subcarriers, which is called a tile. The
subcarrier indices of the qth tile (q=0, 1, ..., Q-1) in the rth
subchannel (=0, 1, ..., R-1) are collected into a set J, “= ={i,
My}, 7", where the tile index i, can be chosen adap-
tively accordmg to the actual channel conditions. The only
constraint in the selection ofi, ") is that different tiles must be
disjoint, i.e. Jql(”)ﬂJ rDoftq 1#q, orr,=r,. The rth ranging
subchannel is thus composed of QV subcarriers with indices
in the set J7=U o o q(” while a total of N;=QVR ranging
subcarriers is available in each OFDMA b]ock.

[0064] Itis assumed that each subchannel can be accessed
by a maximum number of K =min{V,M}-1. RSSs, which
are separated by means of orthogonal codes in both the time
and frequency domains. The codes are selected in a pseudo-
random fashion from a predefined set {C,,C,, ... ,Cx _,}
with
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[Cel, = &2 V130%0) (1)

where v=0, 1, ...,V -1 counts the subcarriers within a tile and
is used to perform spreading in the frequency domain, while
m=0, 1, ..., M-I is the block index by which spreading is
done in the time domain across the ranging time-slot. It is
assumed that different RSSs select different codes. Also, itis
assumed that a selected code is employed by the correspond-
ing RSS over all tiles in the considered subchannel. Without
loss of generality, we concentrate on the rth subchannel and
denote by K=K, .. the number of simultaneously active
RSSs. To simplify the notation, the subchannel index © is
dropped henceforth.

[0065] The signal transmitted by the kth RSS propagates
through a multipath channel characterized by a channel
impulse response (CIR) h,=[h,(0),h,(1), . . . ,h(L-1)]"
length L (in sampling periods). We denote by 0, the timing
error of the kth RSS expressed in sampling intervals T, while
€, 1s the frequency offset normalized to the subcarrier spac-
ing. During IR, the CFOs are only due to Doppler shifts
and/or to estimation errors and, in consequence, they are
assumed to lie within a small fraction of the subcarrier spac-
ing. Timing offsets depend on the distance of the RSSs from
the BS and their maximum value is thus limited to the round
trip delay from the cell boundary. In order to eliminate IBI, it
is assumed that, during the ranging process, the CP length
comprises N;=0,,,.+L sampling periods, where 0,, . is the
maximum expected timing error. This assumption is not
restrictive as initialization blocks are usually preceded by
long CPs in many standardized OFDM systems.

[0066] Instep 126, a ranging subchannel is extracted from
the DFT outputs corresponding to the received OFDM
blocks. We denote by X, ()=[X,,,(i,).X,(,+D), .. .. X, (G,+
V-1)]” the DFT outputs corresponding to the qth tile in the
mth OFDMA block. Since DSSs have successfully com-
pleted their IR processes, they are perfectly aligned to the BS
references and their signals do not contribute to X, (q). In
contrast, the presence of uncompensated CFOs destroys
orthogonality among ranging signals and gives rise to ICI.
The latter results in a disturbance term plus an attenuation of
the useful signal component. To simplify the analysis, in the
ensuing discussion the disturbance term is treated as a zero-
mean Gaussian random variable while the signal attenuation
is considered as part of the channel impulse response. Under
the above assumptions, we may write

K (52)
iy +v) = Z e’m“‘kNTdk (DH O, €6y g +V) + wplig +7)
=l o

where w,-2ne,/N, N,=N+N denotes the duration of the
cyclically extended block and C,, is the code matrix selected
by the kth RSS. The quantity dk(q) is a unit-amplitude PSK
symbol transmitted by the kth RSS on the qth tile while
H,(8,.€,.0) is the kth equivalent channel frequency response
over the nth subcarrier and is given by

H, k(ekaEk:n):"{N(Ek)Hk'(n)eilaneHN (53)
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where H,'(n)=2,_;*~'h,/()e”>™*" is the true channel fre-
quency response, while

sin(we)

eﬂrg(Nfl)/N (54"
Nsin(ne/N)

YNE) =

is the attenuation factor induced by the CFO. In many prac-
tical situations, the contribution of'y,{€) can be ignored since
its magnitude is close to unity. As an example, for N=1024
and lel<0.1 we have ly,{€)I>0.98. The last term in Equation
52 accounts for background noise and is modeled as a circu-
larly symmetric complex Gaussian random variable with
zero-mean and variance o, =0, *+0,.,”, where 0,” and 0,
are the average noise and ICI powers, respectively. As men-
tioned earlier, the code matrix selected by each RSS is
employed over all tiles in the considered subchannel. Further-
more, from Equation 53 we see that 0, appears only as a phase
shift across the DFT outputs. The reason is that the CP dura-
tion is longer than the maximum expected propagation delay,
thereby making the ranging signals quasi-synchronous at the
BS.

[0067] To proceed further, it is assumed that the tile width is
much smaller than the channel coherence bandwidth. In this
case, the channel response is nearly flat over each tile and we
may reasonably replace the quantities {I,'(i ) }o_o” t with
an average frequency response

= 55

p— o
f, = V; HY (i, +v).

Substituting Equations 51 and 53 into Equation 52, and bear-
ing in mind Equation 55, yields

K (56!
Zeﬂ” IO, (g) + Wiy + V)
=

where Sy (Q)=Vx(€)H, (e > and we have defined the
quantities

1 &Nr (57
STyt
and

lk 0k (58!
YT

which are referred to as the effective CFOs and timing errors,
respectively.

[0068] As discussed below, the DFT outputs {X,,(i,+V)}
can be exploited to identify the active codes and to estimate
the corresponding timing errors and CFOs.

[0069] In step 128, the number K of active codes over the
considered ranging subchannel is determined. For this pur-
pose, we collect the (i,+v) th DFT outputs across all ranging
blocks into an M-dimensional vector Y@, )7 Xo(,+).X,
(i +v), - Xy +v)I” given by
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Y(ipy) IS, (g)en (E) + Wiig,)

K (59
‘=

Wherew(1 AW AW (,4V), Wag @, +v)]7is Gaus-
sian dlstnbuted Wlth zero mean and covariance matrix o, %1,
while e, (E)=[1,&*™,&*=, ., . &> M-1ET

[0070] From Equation 59 above, it can be observed that
Y(i,,) has the same structure as measurements of multiple
uncorrelated sources from an array of sensors. Hence, an
estimate of K can be obtained by performing an EVD of the
correlation matrix R,=E{Y(i,,)Y*(i,)}. In practice, how-
ever, R, is not available at the receiver and must be replaced
by some suitable estimate. One popular strategy to get an
estimate of Ry, is based on the FB principle. Following this
approach, R, is replaced by

(Ry +JRyJT) (€0)

IOI —_

where R is the sample correlation matrix

=R €h

= Yllqv)Y (ig)
qu 0 v=0

while T is the exchange matrix with 1’s on the anti-diagonal
and 0’s elsewhere. Arranging the eigenvalues A, Zh,= ... =
A, of R, in non-increasing order, an estimate K of the
number of active codes can be found by applying the MDL
information-theoretic criterion. This amounts to looking for
the minimum of the following objective function

(€2)

F(K) = =KQM - Kn(QV) - V(M - Elnp(K)

b2 —

where p(K) is the ratio between the geometric and arithmetic
means of {Ag_ 1 Agoas - . . shas)-
[0071] Instep 130, CFOs are estimated using the ESPRIT
algorithm. For simplicity, it is assumed that the number of
active codes has been perfectly estimated. Then, an estimate
of E=[E,,E,, . . . ,EL]” can be found by applying the ESPRIT
algorithm to the model set forth in Equation 59. The eigen-
vectors of R, associated to the K largest eigenvalues i, ZA, =
. Zh, are arranged into an MxK matrix Z=[z,z, . ZK].
Next, we consider the matrices Z, and 7, that are obtained by
collecting the first M-1 rows and the last M-1 rows of 7,
respectively. The entries of & are finally estimated in a
decoupled fashion as

Lol €3)
& = pragloy k),
k=1,2,... . K

where {p,(1),0,(2), . .. .p,(K)} are the eigenvalues of
Z}F(ZlelHrlZlez (64)
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and arg{p,(k)} denotes the phase angle of p, (k) taking values
in the interval [-7,T).

[0072] After computing estimates of the effective CFOs
through Equation 63, the problem arises of matching each &,
to the corresponding code C,. This amounts to finding an
estimate of |, starting from &,. For this purpose, we denote by
l€,.q the magnitude of the maximum expected CFO and
observe from Equation 57 that (M-1)E, belongs to the inter-
val J; =[1,~f:1,+p], with p=le,,,.IN;(M-1)N. It follows that
the effective CFOs can be univocally mapped to their corre-
sponding codes as long as ff<1/2 since only in that case
intervals {J Zk} .~ are disjoint. The acquisition range of the
frequency estimator is thus limited to le,, .. |<N/(2N{M-1))
and an estimate of the pair (1,.€,) is computed as

7 = round((M — I)Ek) (65)
L N (A ?k ] (66)
= NS T o1

It is worth noting that the arg{*} function in Equation 63 has
an inherent ambiguity of multiples of 2w, which translates
into a corresponding ambiguity of the quantity 1, by multiples

of M-1. Hence, recalling that 1, €{0,1, . . . K ,.~1} with
K, .<M, a refined estimate of 1, can be found as
AV (67)

where [x],, , isthe value of x reduced to the interval [0, M-2].
Equation 66 is referred to below as the ESPRIT-based fre-
quency estimator (EFE).

[0073] Instep 132, timingerrors are estimated next. We call
X, (@=1X,,(0,).X,,(,+1), . . . X, (,+V-1)]" the V-dimen-
sional vector of the DFT outputs corresponding to the qth tile
in the mth OFDM block. Then, from Equation 56, we have

K (68)
9= ) &M Sy (gley (1) + vinlq)
k=

where w,(q)=[w,,(i,),w,(i,+1), . (1 +V-1)"1is Gauss-
ian distributed with zero mean and covariance matrix o1,

while e (n)=[Le">™ *™, ... &% Since X (q)isa
superposition of complex sinusoidal signals with random
amplitudes embedded in white Gaussian noise, an estimate of
N=[M M - - - Mxl” can still be obtained by resorting to the
ESPRIT algorithm. Following the previous steps, we first
compute

N 1. T
Ry = E(RX +JRy D),
with

] MLl 69
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Then, we define a VxK matrix U=[u,u; . . . ug] whose col-
umns are the eigenvectors of Ry, associated to the K largest
eigenvalues. The effective timing errors are eventually esti-
mated as

L1 (70)
Ty = grarete ),
k=1,2,... . K

where {p(1),0:42), . . . p(K)} are the eigenvalues of
U0, U, an

while the matrices U, and U, are obtained by collecting the
first V-1 rows and the last V-1 rows of U, respectively.
[0074] The quantities {,},_, are eventually used to find
estimates (1,,8,) of the associated ranging code and timing
error. To accomplish this task, we let a-0,  (V-1)/(2N).
Then, recalling that 0=6,=0,, ., from Equation 58, it can be
seen that (V-1)m+a falls into the range [, =[1,~o; lk+(x] If

0,,,<N/(V-1), the quantlty o is smaller than V2 and, in con-
sequence, intervals {1, },_, are disjoint. In this case, there is
only one pair (1,,0,) that results info a given randanestimate
of (1,,8,) is found as

7 = round((V - 1)fy, +a) @2

and

] @3

A refined estimate of 1, is obtained in the form
L=y (74)

Equation 73 is referred to below as the ESPRIT-based timing
estimator (ETE).

[0075] Instep 34, code detection is performed. From Equa-
tions 67 and 74, it can be seen that two distinct estimates 1,%”
and 1, are available at the receiver for each code index 1,.
These estimates are now used to decide which codes are
actually active in the considered ranging subchannel. For this
purpose, we define two sets 19={1,9},_ ¥ and 1¥7={
1,%°},_,* and observe that, in the absence of any detection
error, it should be 1P=1%"={1.},_ *. Hence, for any code
matrix C,,eC the following detection strategy is utilized:

detected  if m e IV N 1P (75)

Cyy 1s declared as .
undetected if m ¢ I ) D)

The BS notifies the detected codes through a downlink
response message. Clearly, if an active RSS is using an unde-
tected code, it must repeat its ranging process until success
notification. Equation 75 is referted to below as the ESPRIT-
based code detector (ECD).

[0076] Instep 136, power levels are eventually estimated.
Assume that the accuracy of the frequency and timing esti-
mates provided by EFE and ETE is such that €~E and n~r]
Then, the ML estimate of S(q)=[S,(q).85(q). . . . .Sx(@)]” for
q=0,1, . . . ,Q-1 based on the observation Vectors X.(q)is
found to be
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S@=T"ENX@ N (79
where
M-1 an
=) EnEEE 5
m=0
and
. M-1 A (78)
X(g:é, =), Ea iXala)
m=0
while E,(E,n) is a VxK matrix with entries
[E )],y pme S0y y ], | SESK, 79)

From Equation 52 and letting S(q)=[S,(q),S5(Q), - - - .Sx(@)]”
yields

SHQ=S+H) k=12, .,

Where pk(q) is a zero-mean disturbance term with variance
g, AT EM] 4 The above equation indicates that an
unblased estimator of 1S,(q)l* is given by IS,(q)I® -0,
Finally, we define the average power of the kth RSS over the
employed ranging subcarriers as

K 80)

(81)

14! R
P, =— N .
( Q;l (9l

This leads to the following ad hoc power estimator (AHPE):

1! (82

P = Z |5/< q)|

=0

where (AJukaGWZ [T M) and 0,2 is given by

(83)

[0077] In step 138, a determination is made as to whether
additional ranging subchannels exist. If a positive determina-
tion is made, step 126 occurs again, and the processing steps
shown in FIG. 15 are repeated so that the additional ranging
subchannels can be processed. Otherwise, step 140 occurs,
wherein the estimated CFOs, timing errors, and power levels
are broadcast to remote users. In the downlink response mes-
sage, the BS will indicate only the detected codes while
undetected RSSs must restart their ranging process.

[0078] FIGS. 16A-16C are graphs showing performance
results of the ESPRIT-based embodiment of the present
invention discussed above in connection with FIG. 15,
obtained in software simulations. The investigated system
had atotal of N=1024 subcarriers over an uplink bandwidth of
3 MHz. The sampling period was T =0.33 ps, corresponding
to a subcarrier distance of 1/(NT,)=2960 Hz. It was assumed
that R=4 subchannels were available for IR. Each subchannel
was divided into Q=16 tiles uniformly spaced over the signal

12
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spectrum at a distance of N/Q=64 subcarriers. The number of
subcarriers in any tile was V=4 while M=4. The discrete-time
CIRs had [=12 taps which were modeled as independent and
circularly symmetric Gaussian random variables with zero
means and an exponential power delay profile, i.e., E{Ih,(1)
1*Y=0,*xexp(~1/12) for 1=0,1, . . ., 11, where g, is chosen
such that E{|lh,[*}=1. Channels of different users were sta-
tistically independent of each other and were kept fixed over
an entire time-slot. We considered a maximum propagation
delay of 6, =204 sampling periods. Ranging blocks were
preceded by a CP of length N ;=256. The normalized CFOs
are uniformly distributed over the interval [-Q,Q] and vary at
each run. Recalling that the estimation range of EFE is
le, | <N/(2NAM-1)), we set Q=0.1.
[0079] Performance testing began by investigating the per-
formance of ECD in terms of probability of making an incor-
rect detection. FIG. 16A illustrates P -as a function of SNR=1/
2. The number of active RSSs was 2 and 3 while the
max1mum CFO was either Q=0.05 or 0.1. Comparisons were
made with the ranging scheme proposed by Fu, Li and Minn
(FLM). The results of FIG. 16A indicate that ECD performs
remarkably better than FLM.
[0080] FIG. 16B illustrates the RMSE of the frequency
estimates obtained with EFE vs. SNR for K=2 or 3 and
Q=0.05 or 0.1. It can be seen that the accuracy of EFE is
satisfactory at SNR values of practical interest. Moreover,
EFE has virtually the same performance as K or Q increase.
[0081] The performance of the timing estimators is mea-
sured in terms of probability of making a timing error, say
P(e). An error event is declared to occur whenever the esti-
mate 8, gives rise to IBI during the data section of the frame.
This is tantamount to saying that the timing error
6,-0,+(L-N )2 1s larger than zero or smaller than [L-N;
-1, whereNy; ,1s the CP length during the data transmission
phase. For testing purposes, we set N; ,=32. F1G. 16C illus-
trates P(e) vs. SNR as obtained with ETE and FLM. The
number of active codes is K=2 or 3 while Q=0.050r 0.1. It can
be seen that ETE provides nuch better results than FLM.
[0082] Having thus described the invention in detail it is to
be understood that the foregoing description is not intended to
limit the spirit or scope thereof. What is desired to be pro-
tected is set forth in the following claims.

What is claimed is:
1. A method for initial ranging in a wireless communica-
tion system, comprising the steps of:

receiving at a base station a plurality of blocks transmitted
to the base station from a plurality of remote user devices
in wireless communication with the base station;

processing the plurality of blocks to extract a ranging sub-
channel from the plurality of blocks;

identifying active codes in ranging subchannel;

estimating carrier frequency offsets of the plurality of
remote user devices using the active codes;

estimating timing delays of the remote user devices using
the active codes;

estimating power levels of the remote user devices using
the active codes;

broadcasting the estimated carrier frequency offsets, tim-
ing delays, and power levels to the plurality of remote
user devices; and

adjusting transmission parameters of the plurality of
remote user devices in response to the broadcasted esti-
mates to synchronize communication with the base sta-
tion.
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2. The method of claim 1, wherein the step of processing
the plurality of blocks further comprises applying a discrete
Fourier transformation algorithm to the plurality of blocks to
extract the ranging subchannel.

3. The method of claim 1, further comprising the step of
calculating a total number of active codes in the ranging
subchannel prior to estimating the carrier frequency offsets.

4. The method of claim 3, wherein the step of calculating
the total number of active codes in the ranging subchannel
further comprises computing a correlation matrix and apply-
ing an eigendecomposition procedure to the correlation
matrix.

5. The method of claim 4, wherein the step of calculating
the total number of active codes in the ranging subchannel
further comprises calculating the total number of active codes
using a minimum description length algorithm.

6. The method of claim 1, wherein the step of identifying
active codes in the ranging subchannel comprises decompos-
ing an observation space into a signal subspace and a noise
subspace.

7. The method of claim 6, wherein the step of identifying
active codes in the ranging subchannel further comprises
identifying active codes by applying a multiple signal classi-
fication algorithm to the signal subspace and the noise sub-
space.

8. The method of claim 7, wherein the step of estimating
carrier frequency offsets father comprises estimating carrier
frequency offsets by applying the multiple signal classifica-
tion (MUSIC) algorithm to the signal subspace and the noise
subspace.

9. The method of claim 1, wherein the step of estimating
timing delays further comprises applying a maximum likeli-
hood (ML) estimation algorithm to the ranging subchannel to
produce an ML estimation vector.

10. The method of claim 9, wherein the step of estimating
timing delays further comprises applying a least-squares esti-
mation algorithm to the ML estimation vector to estimate
timing delays.

11. The method of claim 9, wherein the step of estimating
power levels comprises applying a least-squares estimation
algorithm to the ML estimation vector to estimate power
levels.

12. The method of claim 1, wherein the step of estimating
timing delays further comprises applying a simplified ML
estimation algorithm having reduced computational com-
plexity to the model to produce an ML estimation vector.

13. The method of claim 12, wherein the step of estimating
timing delays further comprises applying a simplified least-
squares estimation algorithm having reduced computational
complexity to the ML estimation vector to estimate timing
delays.

14. The method of claim 12, wherein the step of estimating
power levels comprises applying a simplified least-squares
estimation algorithm having reduced computational com-
plexity to the ML estimation vector to estimate power levels.

15. The method of claim 1, further comprising the step of
processing all subcarriers and subchannels of the plurality of
blocks to provide updated estimates of carrier frequency off-
sets, timing delays, and power levels for the plurality of
remote user devices.

16. The method of claim 1, wherein the step of estimating
carrier frequency offsets further comprises estimating carrier
frequency offsets using an Estimation of Signal Parameters
via Rotational Invariance Techniques (EPSRIT) algorithm.
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17. A system for initial ranging in a wireless communica-
tion system, comprising;

an orthogonal frequency division multiple access
(OFDMA) transceiver for receiving a plurality of blocks
from a plurality of remote user devices in wireless com-
munication with the OFDMA receiver;

an active code identification module programmed into the
OFDMA ftransceiver for identifying active codes in a
ranging subchannel of the plurality of blocks;

acarrier frequency offset estimation module for estimating
carrier frequency offsets of the plurality of remote user
devices using the active codes;

a timing delay estimation module for estimating timing
delays of the plurality of remote user devices using the
active codes; and

a power level estimation module for estimating power lev-
els of the plurality of remote user devices using the
active codes,

wherein the OFDMA transceiver broadcasts the estimated
carrier frequency offsets, timing delays, and power lev-
els to the plurality of remote user devices so that the
plurality of remote user devices can adjust transmission
parameters in response to the broadcasted estimates to
synchronize communication with the base station
OFDMA transceiver.

18. The system of claim 17, wherein the modules process
all subcarriers and subchannels of the plurality of blocks to
provide updated estimates of carrier frequency offsets, timing
delays, and power levels for the plurality of remote user
devices, and the OFDMA transceiver broadcasts the updated
estimates to the plurality of remote user devices.

19. A computer-readable medium having computer-ex-
ecutable instructions for performing a method comprising the
steps of:

extracting a ranging subchannel from a plurality of blocks
received by a base station from a plurality of remote user
devices in wireless communication with the base sta-
tion;

identifying active codes in the ranging subchannel;

estimating carrier frequency offsets of the plurality of
remote user devices using the active codes;

estimating timing delays of the remote user devices using
the active codes;

estimating power levels of the remote user devices using
the active codes; and

instructing the base station to broadcast the estimated car-
rier frequency offsets, timing delays, and power levels to
the plurality of remote user devices, wherein the plural-
ity of remote user device adjust transmission parameters
in response to the broadcasted estimates to synchronize
communication with the base station.

20. The computer-readable medium of claim 19, further
comprising the step of calculating a total number of active
codes in the ranging subchannel prior to estimating the carrier
frequency offsets.

21. The computer readable medium of claim 20, wherein
the step of calculating the total number of active codes in the
ranging subchannel further comprises determining a total
number of received codes by creating a correlation matrix and
applying an eigendecomposition procedure to the correlation
matrix.

22. The computer-readable medium of claim 21, wherein
the step of calculating the total number of active codes in the
ranging subchannel further comprises applying a minimum
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description length algorithm to the received codes to calculate
the total number of active codes.

23. The computer-readable medium of claim 19, wherein
the step of identifying active codes in the ranging subchannel
comprises decomposing received codes in the ranging sub-
channel into a signal subspace and a noise subspace.

24. The computer-readable medium of claim 23, wherein
the step of identifying active codes in the ranging subchannel
further comprises identifying active codes by applying a mul-
tiple signal classification algorithm to the signal subspace and
the noise subspace.

25. The computer-readable medium of claim 24, wherein
the step of estimating carrier frequency offsets further com-
prises estimating carrier frequency offsets by applying the
multiple signal classification algorithm to the signal subspace
and the noise subspace.

26. The computer-readable medium of claim 19, wherein
the step of estimating timing delays further comprises apply-
ing a maximum likelihood (ML) estimation algorithm to the
ranging subchannel to produce an ML estimation vector.

27. The computer-readable medium of claim 26, wherein
the step of estimating timing delays further comprises apply-
ing a least-squares estimation algorithm to the ML estimation
vector to estimate timing delays.

28. The computer-readable medium of claim 26, wherein
the step of estimating power levels comprises applying a
least-squares estimation algorithm to the ML estimation vec-
Tor to estimate power levels.
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29. The computer-readable medium of claim 19, wherein
the step of estimating timing delays further comprises apply-
ing a simplified maximum likelihood (ML) estimation algo-
rithm having reduced computational complexity to the model
to produce an ML estimation vector.

30. The computer-readable medium of claim 29, wherein
the step of estimating timing delays farther comprises apply-
ing a simplified least-squares estimation algorithm having
reduced computational complexity to the ML estimation vec-
tor to estimate timing delays.

31. The computer-readable medium of claim 29, wherein
the step of estimating power levels comprises applying a
simplified least-squares estimation algorithm having reduced
computational complexity to the ML estimation vector to
estimate power levels.

32. The computer-readable medium of claim 19, farther
comprising the step of processing all subcarriers and sub-
channels of the plurality of blocks to provide updated esti-
mates of carrier frequency offsets, timing delays, and power
levels for the plurality of remote user devices.

33. The computer-readable medium of claim 19, wherein
the step of estimating carrier frequency offsets further com-
prises estimating carrier frequency offsets using an Estima-
tion of Signal Parameters via Rotational Invariance Tech-
niques (EPSRIT) algorithm.
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