
CHANNEL ESTIMATION FOR INTERFERENCE CANCELLATION Claim
of Priority under 35 U.S.C. 119 [0001] The present
application claims priority to co-assigned U.S.
Provisional Application No. 60/638,666, entitled
"TRAFFIC INTERFERENCE CANCELLATION AT THE BTS ON A
CDMA REVERSE LINK," filed on December 23, 2004, which
is incorporated by reference. BACKGROUND Field [0002]
The present invention relates to wireless
communication systems generally, and specifically to
traffic interference cancellation in wireless
communication systems. Background [0003] A
communication system may provide communication between
base stations and access terminals. Forward link or
downlink refers to transmission from a base station to
an access terminal. Reverse link or uplink refers to
transmission from an access terminal to a base
station. Each access terminal may communicate with one
or more base stations on the forward and reverse links
at a given moment, depending on whether the access
terminal is active and whether the access terminal is
in soft handoff. BRIEF DESCRIPTION OF DRAWINGS [0004]
The features, nature, and advantages of the present
application may be more apparent from the detailed
description set forth below with the drawings. Like
reference numerals and characters may identify the
same or similar objects. [0005] FIG. 1 illustrates a
wireless communication system with base stations and
access terminals. [0006] FIG. 2 illustrates an example
of transmitter structure and/or process, which may be
implemented at an access terminal of FIG. 1. [0007]
FIG. 3 illustrates an example of a receiver process
and/or structure, which may be implemented at a base
station of FIG. 1.[0008] FIG. 4 illustrates another
embodiment of a base station receiver process or
structure. [0009] FIG. 5 illustrates a general example
of power distribution of three users in the system of
FIG. 1. 



[0010] FIG. 6 shows an example of a uniform
time-offset distribution for frame asynchronous
traffic interference cancellation for users with equal
transmit power. [0011] FIG. 7 illustrates an
interlacing structure used for the reverse link data
packets and a forward link automatic repeat request
channel. [0012] FIG. 8 illustrates a memory that spans
a complete 16-slot packet. [0013] FIG. 9A illustrates
a method of traffic interference cancellation for an
example of sequential interference cancellation (SIC)
with no delayed decoding. [0014] FIG. 9B illustrates
an apparatus to perform the method of FIG. 9A. [0015]
FIG. 10 illustrates a receiver sample buffer after
arrival of successive subpackets of an interlace with
interference cancellation of decoded subpackets.
[0016] FIG. 11 illustrates an overhead channels
structure. [0017] FIG. 12A illustrates a method to
first perform pilot IC (PIC) and then perform overhead
IC (OIC) and traffic IC (TIC) together. [0018] FIG.
12B illustrates an apparatus to perform the method of
FIG. 12A. [0019] FIG. 13A illustrates a variation of
the method in FIG. 12A. [0020] FIG. 13B illustrates an
apparatus to perform the method of FIG. 13A. [0021]
FIG. 14A illustrates a method to perform joint PIC,
OIC and TIC. [0022] FIG. 14B illustrates an apparatus
to perform the method of FIG. 14A. [0023] FIG. 15A
illustrates a variation of the method in FIG. 14A.
[0024] FIG. 15B illustrates an apparatus to perform
the method of FIG. 15A. [0025] FIG. 16 illustrates a
model of transmission system. [0026] FIG. 17
illustrates an example response of combined transmit
and receive filtering. [0027] FIGs. 18A and 18B show
an example of channel estimation (real and imaginary
components) based on the estimated multipath channel
at each of three RAKE fingers. [0028] FIGs. 19A-19B
show examples of an improved channel estimate based on
RAKE fingers and despreading with the data chips.
[0029] FIG. 2OA illustrates a method for despreading
at RAKE finger delays with regenerated data
chips.[0030] FIG. 2OB illustrates an apparatus to
perform the method of FIG. 20A. [0031] FIGs. 2 1A and
21B show an example of estimating the composite
channel using uniformly spaced samples at chipX2
resolution. 



[0032] FIG. 22A illustrates a method for estimating
composite channel at uniform resolution using
regenerated data chips. [0033] FIG. 22B illustrates an
apparatus to perform the method of FIG. 22A. [0034]
FIG. 23 illustrates a closed loop power control and
gain control with fixed overhead subchannel gain.
[0035] FIG. 24 is a variation of FIG. 23 power control
and gain control with fixed overhead subchannel gain.
[0036] FIG. 25 illustrates an example of power control
with fixed overhead subchannel gain. [0037] FIG. 26 is
similar to FIG. 24 except with overhead gain control.
[0038] FIG. 27 illustrates a variation of FIG. 26 with
DRC-only overhead gain control. DETAILED DESCRIPTION
[0039] Any embodiment described herein is not
necessarily preferable or advantageous over other
embodiments. While various aspects of the present
disclosure are presented in drawings, the drawings are
not necessarily drawn to scale or drawn to be
allinclusive. [0040] FIG. 1 illustrates a wireless
communication system 100, which includes a system
controller 102, base stations 104a-104b, and a
plurality of access terminals 106a- 106h. The system
100 may have any number of controllers 102, base
stations 104 and access terminals 106. Various aspects
and embodiments of the present disclosure described
below may be implemented in the system 100. [0041]
Access terminals 106 may be mobile or stationary and
may be dispersed throughout the communication system
100 of FIG. 1. An access terminal 106 may be connected
to or implemented in a computing device, such as a
laptop personal computer. Alternatively, an access
terminal may be a self-contained data device, such as
a personal digital assistant (PDA). An access terminal
106 may refer to various types of devices, such as a
wired phone, a wireless phone, a cellular phone, a lap
top computer, a wireless communication personal
computer (PC) card, a PDA, an external or internal
modem, etc. An access terminal may be any device that
provides dataconnectivity to a user by communicating
through a wireless channel or through a wired channel,
for example using fiber optic or coaxial cables. An
access terminal may have various names, such as mobile
station, access unit, subscriber unit, mobile device,
mobile terminal, mobile unit, mobile phone, mobile,
remote station, remote terminal, 



remote unit, user device, user equipment, handheld
device, etc. [0042] The system 100 provides
communication for a number of cells, where each cell
is serviced by one or more base stations 104. A base
station 104 may also be referred to as a base station
transceiver system (BTS), an access point, a part of
an access network, a modem pool transceiver (MPT), or
a Node B. Access network refers to network equipment
providing data connectivity between a packet switched
data network (e.g., the Internet) and the access
terminals 106. [0043] Forward link (FL) or downlink
refers to transmission from a base station 104 to an
access terminal 106. Reverse link (RL) or uplink
refers to transmission from an access terminal 106 to
abase station 104. [0044] A base station 104 may
transmit data to an access terminal 106 using a data
rate selected from a set of different data rates. An
access terminal 106 may measure a
signal-to-noise-and-interference ratio (SINR) of a
pilot signal sent by the base station 104 and
determine a desired data rate for the base station 104
to transmit data to the access terminal 106. The
access terminal 106 may send data request channel or
Data rate control (DRC) messages to the base station
104 to inform the base station 104 of the desired data
rate. [0045] The system controller 102 (also referred
to as a base station controller (BSC)) may provide
coordination and control for base stations 104, and
may further control routing of calls to access
terminals 106 via the base stations 104. The system
controller 102 may be further coupled to a public
switched telephone network (PSTN) via a mobile
switching center (MSC), and to a packet data network
via a packet data serving node (PDSN). [0046] The
communication system 100 may use one or more
communication techniques, such as code division
multiple access (CDMA), IS-95, High Rate Packet Data
(HRPD), also referred to as High Data Rate (HDR), as
specified in "cdma2000 High Rate Packet Data Air
Interface Specification," TIA/EIA/IS-856, CDMA Ix
Evolution Data Optimized (EV-DO), IxEV-DV, Wideband
CDMA (WCDMA), Universal Mobile Telecommunications
System (UMTS), Time Division SynchronousCDMA
(TD-SCDMA), Orthogonal Frequency Division Multiplexing
(OFDM), etc. The examples described below provide
details for clarity of understanding. The ideas
presented herein are applicable to other systems as
well, and the present examples are 



not meant to limit the present application. [0047]
FIG. 2 illustrates an example of transmitter structure
and/or process, which may be implemented at an access
terminal 106 of FIG. 1. The functions and components
shown in FIG. 2 may be implemented by software,
hardware, or a combination of software and hardware.
Other functions may be added to FIG. 2 in addition to
or instead of the functions shown in FIG. 2. [0048] A
data source 200 provides data to an encoder 202, which
encodes data bits using one or more coding schemes to
provide coded data chips. Each coding scheme may
include one or more types of coding, such as cyclic
redundancy check (CRC), convolutional coding, Turbo
coding, block coding, other types of coding, or no
coding at all. Other coding schemes may include
automatic repeat request (ARQ), hybrid ARQ (H-ARQ),
and incremental redundancy repeat techniques.
Different types of data may be coded with different
coding schemes. An interleaver 204 interleaves the
coded data bits to combat fading. [0049] A modulator
206 modulates coded, interleaved data to generate
modulated data. Examples of modulation techniques
include binary phase shift keying (BPSK) and
quadrature phase shift keying (QPSK). The modulator
206 may also repeat a sequence of modulated data or a
symbol puncture unit may puncture bits of a symbol.
The modulator 206 may also spread the modulated data
with a Walsh cover (i.e., Walsh code) to form data
chips. The modulator 206 may also time-division
multiplex the data chips with pilot chips and MAC
chips to form a stream of chips. The modulator 206 may
also use a pseudo random noise (PN) spreader to spread
the stream of chips with one or more PN codes (e.g.,
short code, long code). [0050] A
baseband-to-radio-frequency (RF) conversion unit 208
may convert baseband signals to RF signals for
transmission via an antenna 210 over a wireless
communication link to one or more base stations 104.
[0051] FIG. 3 illustrates an example of a receiver
process and/or structure, which may be implemented at
a base station 104 of FIG. 1. The functions and
components shown in FIG. 3 may be implemented by
software, hardware, or a combination of software
andhardware. Other functions may be added to FIG. 3 in
addition to or instead of the functions shown in FIG.
3. [0052] One or more antennas 300 receive the reverse
link modulated signals from one 



or more access terminals 106. Multiple antennas may
provide spatial diversity against deleterious path
effects such as fading. Each received signal is
provided to a respective receiver or RF-to-baseband
conversion unit 302, which conditions (e.g., filters,
amplifies, downconverts) and digitizes the received
signal to generate data samples for that received
signal. [0053] A demodulator 304 may demodulate the
received signals to provide recovered symbols. For
CDMA2000, demodulation tries to recover a data
transmission by (1) channelizing the despread samples
to isolate or channelize the received data and pilot
onto their respective code channels, and (2)
coherently demodulating the channelized data with a
recovered pilot to provide demodulated data.
Demodulator 304 may include a received sample buffer
312 (also called joint front-end RAM (FERAM) or sample
RAM) to store samples of received signals for all
users/access terminals, a rake receiver 314 to
despread and process multiple signal instances, and a
demodulated symbol buffer 316 (also called back-end
RAM (BERAM) or demodulated symbol RAM). There may be a
plurality demodulated symbol buffers 316 to correspond
to the plurality of users/access terminals. [0054] A
deinterleaver 306 deinterleaves data from the
demodulator 304. [0055] A decoder 308 may decode the
demodulated data to recover decoded data bits
transmitted by the access terminal 106. The decoded
data may be provided to a data sink 310. [0056] FIG. 4
illustrates another embodiment of a base station
receiver process or structure. In FIG. 4, data bits of
successfully decoded user are input to an interference
reconstruction unit 400, which includes an encoder
402, interleaver 404, modulator 406 and filter 408.
The encoder 402, interleaver 404, and modulator 406
may be similar to the encoder 202, interleaver 204,
and modulator 206 of FIG. 2. The filter 408 forms the
decoded user's samples at FERAM resolution, e.g.,
change from chip rate to 2x chip rate. The decoder
user's contribution to the FERAM is them removed or
canceled from the FERAM 312.[0057] Although
interference cancellation at a base station 104 is
described below, the concepts herein may be applied to
an access terminal 106 or any other component of a
communication system. Traffic Interference
Cancellation 



[0058] The capacity of a CDMA reverse link may be
limited by the interference between users since the
signals transmitted by different users are not
orthogonal at the BTS 104. Therefore, techniques that
decrease the interference between users will improve
the system performance of a CDMA reverse link.
Techniques are described herein for the efficient
implementation of interference cancellation for
advanced CDMA systems such as CDMA2000 IxEV-DO RevA.
[0059] Each DO RevA user transmits traffic, pilot, and
overhead signals, all of which may cause interference
to other users. As FIG. 4 shows, signals may be
reconstructed and subtracted from the front-end RAM
312 at the BTS 104. The transmitted pilot signal is
known at the BTS 104 and may be reconstructed based on
knowledge about the channel. However, the overhead
signals (such as reverse rate indicator (RRI), data
request channel or data rate control (DRC), data
source channel (DSC), acknowledgement (ACK)) are first
demodulated and detected, and the transmitted data
signals are demodulated, de-interleaved, and decoded
at the BTS 104 in order to determine the transmitted
overhead and traffic chips. Based on determining the
transmitted chips for a given signal, the
reconstruction unit 400 may then reconstruct the
contribution to the FERAM 312 based on channel
knowledge. [0060] Bits of a data packet from the data
source 200 may be repeated and processed by the
encoder 202, interleaver 204 and/or modulator 206 into
a plurality of corresponding "subpackets" for
transmitting to the base station 104. If the base
station 104 receives a high signal-to-noise-ratio
signal, the first subpacket may contain sufficient
information for the base station 104 to decode and
derive the original data packet. For example, a data
packet from the data source 200 may be repeated and
processed into four subpackets. The user terminal 106
sends a first subpacket to the base station 104. The
base station 104 may have a relatively low probability
of correctly decoding and deriving the original data
packet from the first received subpacket. But as the
base station 104 receives the second, third and fourth
subpackets and combines information derived from each
received subpacket, the probability of decoding and
deriving the original data packet increases. As soon
as the base station 104 correctly decodes theoriginal
packet (e.g., using a cyclic redundancy check (CRC) or
other error detection techniques), the base station
104 sends an acknowledgement signal to the user
terminal 106 to stop sending subpackets. The user
terminal 106 may then send a first subpacket 



of a new packet. [0061] The reverse link of DO-RevA
employs H-ARQ (FIG. 7), where each 16-slot packet is
broken into 4 subpackets and transmitted in an
interlaced structure with 8 slots between subpackets
of the same interlace. Furthermore, different
users/access terminals 106 may begin their
transmissions on different slot boundaries, and
therefore the 4-slot subpackets of different users
arrive at the BTS asynchronously. The effects of
asynchronism and an efficient design of interference
cancellation receivers for H-ARQ and CDMA are
described below. [0062] The gains from interference
cancellation depend on the order in which signals are
removed from the FERAM 312. Techniques are disclosed
herein related to decoding (and subtracting if CRC
passes) users based on traffic-to-pilot (T2P) ratios,
effective SBSfR, or probability of decoding. Various
approaches are disclosed herein for re-attempting the
demodulation and decoding of users after others have
been removed from the FERAM 312. Interference
cancellation from the BTS FERAM 312 may be efficiently
implemented to account for asynchronous CDMA systems,
such as EV-DO RevA, where users transmit pilot
signals, control signals, and traffic signals using
Hybrid-ARQ. This disclosure may also apply to EV-DV
ReI D, W-CDMA EUL, and cdma2000. [0063] Traffic
interference cancellation (TIC) may be defined as
subtractive interference cancellation which removes
the contribution of a user's data to the FERAM 312
after that user has decoded correctly (FIG. 4). Some
of the practical problems associated with TIC on
actual CDMA systems such as CDMA2000, EV-DO, EV-DV,
and WCDMA are addressed herein. Many of these problems
are caused by the fact that real systems have user
asynchrony and Hybrid ARQ. For example, CDMA2000
intentionally spreads user data frames uniformly in
time to prevent excess delay in the backhaul network.
RevA of EV-DO, ReI D of EV-DV, and EUL of WCDMA also
use Hybrid ARQ which introduces more than one possible
data length. [0064] Multi-user detection is the main
category of algorithms under which TIC falls, and
refers to any algorithm which attempts to improve
performance by allowing the detection of two different
users to interact. A TIC method may involve a hybrid
ofsuccessive interference cancellation (also called
sequential interference cancellation or SIC) and
parallel interference cancellation. "Successive
interference cancellation" 



refers to any algorithm which decodes users
sequentially and uses the data of previously decoded
users to improve performance. "Parallel interference
cancellation" refers broadly to decoding users at the
same time and subtracting all decoded users at the
same time. [0065] TIC may be different than pilot
interference cancellation (PIC). One difference
between TIC and PIC is that the transmitted pilot
signal is known perfectly by the receiver in advance.
Therefore, PIC may subtract the pilot contribution to
the received signal using only channel estimates. A
second major difference is that the transmitter and
the receiver interact closely on the traffic channel
through the H-ARQ mechanism. The receiver does not
know the transmitted data sequence until a user is
successfully decoded. [0066] Similarly, it is
desirable to remove overhead channels from the
front-end RAM, in a technique called overhead
interference cancellation (OIC). Overhead channels
cannot be removed until the BTS 104 knows the
transmitted overhead data, and this is determined by
decoding and then reforming the overhead messages.
[0067] Successive interference cancellation defines a
class of methods. The chain rule of mutual information
shows that, under ideal conditions, successive
interference cancellation may achieve the capacity of
a multiple access channel. The main conditions for
this are that all users are frame synchronous and each
user's channel may be estimated with negligible error.
[0068] FIG. 5 illustrates a general example of power
distribution of three users (user 1, user 2, user 3),
where the users transmit frames synchronously (frames
from all users are received at the same time), and
each user is transmitting at the same data rate. Each
user is instructed to use a particular transmit power,
e.g., user 3 transmits at a power substantially equal
to noise; user 2 transmits at a power substantially
equal to user 3's power plus noise; and user 1
transmits at a power substantially equal to user 2
plus user 3 plus noise. [0069] The receiver process
signals from the users in decreasing order by transmit
power. Starting with k = 1 (user 1 with highest
power), the receiver attempts to decode for user 1. If
decoding is successful, then user l's contribution to
the received signal is formed and subtracted based on
his channel estimate. This may be called
framesynchronous sequential interference cancellation.
The receiver continues until decoding 



has been attempted for all users. Each user has the
same SINR after interference cancellation of the
previously decoded users' successive interference
cancellation. [0070] Unfortunately, this approach may
be very sensitive to decoding errors. If a single
large power user, such as user 1, does not decode
correctly, the signal-tointerference- plus-noise ratio
(SINR) of all following users may be severely
degraded. This may prevent all users after that point
from decoding. Another drawback of this approach is
that it requires users to have particular relative
powers at the receiver, which is difficult to ensure
in fading channels. Frame Asynchronism and
Interference Cancellation, e.g. cdma2000 [0071]
Suppose that user frame offsets are intentionally
staggered with respect to each other. This frame
asynchronous operation has a number of benefits to the
system as a whole. For example, processing power and
network bandwidth at the receiver would then have a
more uniform usage profile in time. In contrast, frame
synchronism among users requires a burst of processing
power and network resources at the end of each frame
boundary since all users would finish a packet at the
same time. With frame asynchronism, the BTS 104 may
decode the user with the earliest arrival time first
rather than the user with the largest power. [0072]
FIG. 6 shows an example of a uniform time-offset
distribution for frame asynchronous TIC for users with
equal transmit power. FIG. 6 depicts a snapshot of a
time instant right before frame 1 of user 1 is to be
decoded. Since frame 0 has already been decoded and
canceled for all users, its contribution to the
interference is shown crosshatched (users 2 and 3). In
general, this approach reduces the interference by a
factor of 2. Half of the interference has been removed
by TIC before decoding Frame 1 of User 1. [0073] In
another embodiment, the users in FIG. 6 may refer to
groups of users, e.g., user group 1, user group 2,
user group 3. [0074] A benefit of asynchronism and
interference cancellation is the relative symmetry
between users in terms of power levels and error
statistics if they want similar data rates. In general
sequential interference cancellation with equal user
data rates, the last user is received with very low
power and is also quite dependent of the successful
decoding of all prior users.Asynchronism, Hybrid ARO
and Interlacing, e.g. EV-DO RevA 



[0075] FIG. 7 illustrates an interlacing structure
(e.g., in IxEV-DO RevA) used for RL data packets and a
FL ARQ channel. Each interlace (interlace 1, interlace
2, interlace 3) comprises a set of time-staggered
segments. In this example, each segment is four time
slots long. During each segment, a user terminal may
transmit a subpacket to the base station. There are
three interlaces, and each segment is four time slots
long. Thus, there are eight time slots between the end
of a subpacket of a given interlace and the beginning
of the next subpacket of the same interlace. This
gives enough time for the receiver to decode the
subpacket and relay an ACK or negative acknowledgement
(NAK) to the transmitter. [0076] Hybrid ARQ takes
advantage of the time-varying nature of fading
channels. If the channel conditions are good for the
first 1, 2 or 3 subpackets, then the data frame may be
decoded using only those subpackets, and the receiver
sends an ACK to the transmitter. The ACK instructs the
transmitter not to send the remaim'ng subpacket(s),
but rather to start a new packet if desired. Receiver
Architectures for Interference Cancellation [0077]
With TIC, the data of decoded users is reconstructed
and subtracted (FIG. 4) so the BTS 104 may remove the
interference the data of decoded users causes to other
users. A TIC receiver may be equipped with two
circular memories: the FERAM 312 and the BERAM 316.
[0078] The FERAM 312 stores received samples (e.g., at
2 x chip rate) and is common to all users. A non-TIC
receiver would only use a FERAM of about 1-2 slots (to
accommodate delays in the demodulation process) since
no subtraction of traffic or overhead interference
takes place. In a TIC receiver for a system with
H-ARQ, the FERAM may span many slots, e.g., 40 slots,
and is updated by TIC through the subtraction of
interference of decoded users. In another
configuration, the FERAM 312 may have a length that
spans less than a full packet, such as a length that
spans a time period from a beginning of a subpacket of
a packet to an end of a subsequent subpacket of the
packet. [0079] The BERAM 316 stores demodulated
symbols of the received bits as generated by the
demodulator's rake receiver 314. Each user may have a
different BERAM, since the demodulated symbols are
obtained by despreading with the user-specific PN 



sequence, and combining across RAKE fingers. Both a
TIC and non-TIC receiver mayuse a BERAM 316. The BERAM
316 in TIC is used to store demodulated symbols of
previous subpackets that are no longer stored in a
FERAM 312 when the FERAM 312 does not span all
subpackets. The BERAM 316 may be updated either
whenever an attempt to decode takes place or whenever
a slot exists from the FERAM 312. Methods for Choosing
the FERAM Length [0080] The size of the BERAM 316 and
FERAM 312 may be chosen according to various
trade-offs between required processing power, transfer
bandwidth from the memories to the processors, delays
and performance of the system. In general, by using a
shorter FERAM 312 the benefits of TIC will be limited,
since the oldest subpacket will not be updated. On the
other hand, a shorter FERAM 312 yields a reduced
number of demodulations, subtractions and a lower
transfer bandwidth. [0081] With the RevA interlacing,
a 16-slot packet (four subpackets, each subpacket
transmitted in 4 slots) would span 40 slots.
Therefore, a 40-slot FERAM may be used to ensure
removal of a user from all affected slots. [0082] FIG.
8 illustrates a 40-slot FERAM 312 that spans a
complete 16-slot packet for EV-DO RevA. Whenever a new
subpacket is received, decoding is attempted for that
packet using all the available subpackets stored in
the FERAM 312. If decoding is successful, then the
contribution of that packet is canceled from the FERAM
312 by reconstructing and subtracting the contribution
of all component subpackets (1, 2, 3, or 4). For
DO-RevA FERAM lengths of 4, 16, 28, or 40 slots would
span 1, 2, 3, or 4 subpackets, respectively. The
length of the FERAM implemented at the receiver may
depend on complexity considerations, the need to
support various user arrival times, and the capability
of re-doing the demodulation and decoding of users on
previous frame offsets. [0083] FIG. 9A illustrates a
general method of TIC for an example of sequential
interference cancellation (SIC) with no delayed
decoding. Other enhancements will be described below.
The process starts at a start block 900 and proceeds
to a choose delay block 902. In SIC, the choose delay
block 902 may be omitted. In block 903, the BTS 104
chooses one user (or a group of users) among those
users that terminate a subpacket in the current slot.
[0084] In block 904, demodulator 304 demodulates
samples of the chosen user's 



subpackets for some or all time segments stored in the
FERAM 312 according to the user's spreading and
scrambling sequence, as well as to its constellation
size. In block906, the decoder 308 attempts to decode
the user packet using the previously demodulated
symbols stored in BERAM 316 and the demodulated FERAM
samples. [0085] In block 910, the decoder 308 or
another unit may determine whether the user(s)'s
packet was successfully decoded, i.e., passes an error
check, such as using a cyclic redundancy code (CRC).
[0086] If the user packet fails to decode, a NAK is
sent back to the access terminal 106 in block 918. If
the user packet is correctly decoded, an ACK is sent
to the access terminal 106 in block 908 and
interference cancellation (IC) is performed in blocks
912- 914. Block 912 regenerates the user signal
according to the decoded signal, the channel impulse
response and the transmit/receive filters. Block 914
subtracts the contribution of the user from the FERAM
312, thus reducing its interference on users that have
not yet been decoded. [0087] Upon both failure and
success in the decoding, the receiver moves to the
next user to be decoded in block 916. When an attempt
to decode has been performed on all users, a new slot
is inserted into the FERAM 312 and the entire process
is repeated on the next slot. Samples may be written
into the FERAM 312 in real time, i.e., the 2 x chip
rate samples may be written in every V chip. [0088]
FIG. 9B illustrates an apparatus comprising means
930-946 to perform the method of FIG. 9A. The means
930-946 in FIG. 9B may be implemented in hardware,
software or a combination of hardware and software.
Methods for Choosing a Decoding Order [0089] Block 903
indicates TIC may be applied either sequentially to
each user or parallel to groups of users. As groups
grow larger, the implementation complexity may
decrease but the benefits of TIC may decrease unless
TIC is iterated as described below. [0090] The
criteria according to which users are grouped and/or
ordered may vary according to the rate of channel
variation, the type of traffic and the available
processing power. Good decoding orders may include
first decoding users who are most useful to remove and
who are most likely to decode. The criteria for
achieving the largest gains from TIC may include:
[0091] A. Payload Size and T2P: The BTS 104 may group
or order users according to 



the payload size, and decode in order starting from
those with highest transmit power, i.e., highest T2P
to those with lowest T2P. Decoding and removing high
T2P usersfrom the FERAM 312 has the greatest benefit
since they cause the most interference to other users.
[0092] B. SINR: The BTS 104 may decode users with
higher SINR before users with lower SINR since users
with higher SINR have a higher probability of
decoding. Also, users with similar SINR maybe grouped
together. In case of fading channels, the SINR is time
varying throughout the packet, and so an equivalent
SINR may be computed in order to determine an
appropriate ordering. [0093] C. Time: The BTS 104 may
decode "older" packets (i.e., those for which more
subpackets have been received at the BTS 104) before
"newer" packets. This choice reflects the assumption
that for a given T2P ratio and ARQ termination goal,
packets are more likely to decode with each
incremental subpacket. Methods for Re-Attempting
Decoding [0094] Whenever a user is correctly decoded,
its interference contribution is subtracted from the
FERAM 312, thus increasing the potential of correctly
decoding all users that share some slots. It is
advantageous to repeat the attempt to decode users
that previously failed, since the interference they
see may have dropped significantly. The choose delay
block 902 selects the slot (current or in the past)
used as reference for decoding and IC. The choose
users block 903 will select users that terminate a
subpacket in the slot of the chosen delay. The choice
of delay may be based on the following options: [0095]
A. Current decoding indicates a choice of moving to
the next (future) slot once all users have been
attempted for decoding, and the next slot is available
in the FERAM 312. hi this case, each user is attempted
to be decoded once per processed slot, and this would
correspond to successive interference cancellation.
[0096] B. Iterative decoding attempts to decode users
more than once per processed slot. The second and
subsequent decoding iteration will benefit from the
canceled interference of decoded users on previous
iterations. Iterative decoding yields gains when
multiple users are decoded in parallel without
intervening IC. With pure iterative decoding on the
current slot, the choose delay block 902 would simply
select the same slot (i.e., delay) multiple times. 



[0097] C. Backward decoding: The receiver demodulates
subpackets and attempts to decode a packet based on
demodulating all available subpackets in the FERAM
corresponding to that packet. After attempting to
decode packets with a subpacket thatterminates in the
current time slot (i.e., users on the current frame
offset), the receiver may attempt to decode packets
that failed decoding in the previous slot (i.e., users
on the previous frame offset). Due to the partial
overlap among asynchronous users, the removed
interference of subpackets that terminate in the
current slot will improve the chances of decoding past
subpackets. The process may be iterated by going back
more slots. The maximum delay in the forward link
ACK/NAK transmission may limit backward decoding.
[0098] D. Forward decoding: After having attempted to
decode all packets with subpackets that terminate in
the current slot, the receiver may also attempt to
decode the latest users before their full subpacket is
written into the FERAM. For example, the receiver
could attempt to decode users after 3 of their 4 slots
of the latest subpacket have been received. Methods
for Updating the BERAM [0099] In a non-TIC BTS
receiver, packets are decoded based solely on the
demodulated symbols stored in the BERAM, and the FERAM
is used only to demodulate users from the most recent
time segments. With TIC, the FERAM 312 is still
accessed whenever the receiver attempts to demodulate
a new user. However, with TIC, the FERAM 312 is
updated after a user is correctly decoded based on
reconstructing and subtracting out that user's
contribution. Due to complexity considerations, it may
be desirable to choose the FERAM buffer length to be
less than the span of a packet (e.g., 40 slots are
required to span a 16-slot packet in EV-DO RevA). As
new slots are written into the FERAM 312, they would
overwrite the oldest samples in the circular buffer.
Therefore, as new slots are received the oldest slots
are overwritten and the decoder 308 will use BERAM 316
for these old slots. It should be noted that even if a
given subpacket is located in the FERAM 312, the BERAM
316 may be used to store the demodulator's latest
demodulated symbols (determined from the FERAM 312)
for that subpacket as an intermediate step in the
interleaving and decoding process. There are two main
options for the update of the BERAM 316: [00100] A.
User-based update: The BERAM 316 for a user is updated
only in 



conjunction with a decoding attempted for that user,
hi this case, the update of the older FERAM slots
might not benefit the BERAM 316 for a given user if
that user is not decoded at an opportune time (i.e.,
the updated FERAM slots might slide out of the FERAM
312 before that user is attempted to be
decoded).[00101] B. Slot-based update: In order to
fully exploit the benefits of TIC, the BERAM 316 for
all affected users may be updated whenever a slot
exits FERAM 312. In this case, the content of BERAM
316 includes all the interference subtraction done on
the FERAM 312. Methods for Canceling Interference from
Subpackets That Arrive Due to a Missed ACK Deadline
[00102] In general, the extra processing used by TIC
introduces a delay in the decoding process, which is
particularly relevant when either iterative or
backward schemes are used. This delay may exceed the
maximum delay at which the ACK may be sent to the
transmitter in order to stop the transmission of
subpackets related to the same packet. In this case,
the receiver may still take advantage of successful
decoding by using the decoded data to subtract not
only the past subpackets but also those which will be
received in the near future due to the missing ACK.
[00103] With TIC, the data of decoded users is
reconstructed and subtracted so that the base station
104 may remove the interference it causes to other
users' subpackets. With H-ARQ, whenever a new
subpacket is received, decoding is attempted for the
original packet. If decoding is successful, then for
H-ARQ with TIC, the contribution of that packet may be
canceled from the received samples by reconstructing
and subtracting out the component subpackets.
Depending on complexity considerations, it is possible
to cancel interference from 1, 2, 3 or 4 subpackets by
storing a longer history of samples. In general, IC
may be applied either sequentially to each user or to
groups of users. [00104] FIG. 10 illustrates a
receiver sample buffer 312 at three time instances:
slot time n, n +12 slots and n + 24 slots. For
illustrative purposes, FIG. 10 shows a single
interlace with subpackets from three Users who are on
the same frame offset to highlight the interference
cancellation operation with H-ARQ. The receiver sample
buffer 312 in FIG. 10 spans all 4 subpackets (which
may be achieved for EV-DO RevA by a 40-slot buffer
since there are 8 slots between each 4-slot
subpacket). Undecoded subpackets are shown as shaded.
Decoded subpackets are shown as unshaded in the 40- 



slot buffer and are canceled. Each time instance
corresponds to the arrival of another subpacket on the
interlace. At slot time n, User l's four stored
subpackets are correctly decoded while the latest
subpackets from Users 2 and 3 fail to decode.[00105]
At time instance n +12 slots, successive subpackets of
the interlace arrive with interference cancellation of
Users l's decoded (unshaded) subpackets 2, 3 and 4.
During time instance n +12 slots, packets from Users 2
and 3 successfully decode. FIG. 10 applies IC to
groups of users who are on the same frame offset, but
does not perform successive interference cancellation
within the group. In classical group IC, users in the
same group do not see mutual interference
cancellation. Therefore, as the number of users in a
group grows larger, the implementation complexity
decreases but there is a loss due to the lack of
cancellation between users of the same group for the
same decoding attempt. However, with H-ARQ, the
receiver would attempt to decode all users in the
group after each new subpacket arrives, allowing users
in the same group to achieve mutual interference
cancellation. For example, when the packet of User 1
decodes at time n, this helps the packets of Users 2
and 3 decode at time n + 12, which further helps User
1 decode at time n + 24. All subpackets of a
previously decoded packet may be canceled before
reattempting decode for the other users when their
next subpackets arrive. A key point is that although
particular users may always be in the same group,
their subpackets see the IC gain when other group
members decode. Joint Interference Cancellation Of
Pilot, Overhead, And Traffic Channels [00106] A
problem addressed by this section is related to
improving system capacity of a CDMA RL by efficiently
estimating and canceling multi-user interference at
the base station receiver. In general, a RL user's
signal consists of pilot, overhead and traffic
channels. This section describes a joint pilot,
overhead, and traffic IC scheme for all users. [00107]
There two aspects described. First, overhead IC (OIC)
is introduced. On the reverse link, overhead from each
user acts as interference to signals of all other
users. For each user, the aggregate interference due
to overheads by all other users may be a large
percentage of the total interference experienced by
this user. Removing this aggregate overhead
interference may further improve system performance
(e.g., for a CDMA2000 IxEV-DO RevA system) and
increase reverse link capacity beyond performance and
capacity achieved by PIC and TIC. 



[00108] Second, important interactions among PIC, OIC,
and TIC are demonstrated through system performance
and hardware (HW) design tradeoffs. A few schemes are
described on how to best combine all three
cancellation procedures. Some may have more
performance gain, and some may have more complexity
advantage. For example,one of the described schemes
removes all the pilot signals before decoding any
overhead and traffic channels, then decodes and
cancels the users' overhead and traffic channels in a
sequential manner. [00109] This section is based on
CDMA2000 Ix EV-DO RevA systems and in general applies
to other CDMA systems, such as W-CDMA, CDMA2000 Ix,
and CDMA2000 Ix EV-DV. Methods for Overhead Channels
Cancellation [00110] FIG. 11 illustrates a RL overhead
channels structure, such as for EV-DO RevA. There are
two types of overhead channels: one type is to assist
the RL demodulation/decoding which includes the RRI
(reverse rate indicator) channel and the auxiliary
pilot channel (used when payload size is 3072 bits or
higher); the other type is to facilitate the forward
link (FL) functioning which includes DRC (data rate
control) channel, DSC (data source control), and ACK
(acknowledge) channel. As shown in FIG. 11, ACK and
DSC channels are time-multiplexed on a slot base. ACK
channel is only transmitted when acknowledging a
packet transmitted to the same user on FL. [00111]
Among the overhead channels, the data of the auxiliary
pilot channel is known a priori at the receiver.
Therefore, similar to primary pilot channel, no
demodulation and decoding are necessary for this
channel, and the auxiliary pilot channel may be
reconstructed based on knowledge about the channel.
The reconstructed auxiliary pilot may be at 2 x chip
rate resolution and may be represented as (over one
segment) M pf [ln +df ]= cf [n- m]wf mx [n- m]-Gma
-{hf f[ m - af ]),n =0,...,5n m=-M pf [ln +df +l]
=0,...,5U Equation 1 Reconstructed auxiliary pilot
signals where n corresponds to chipxl sampling rate, /
is the finger number, cf is the PN sequence, wfaux is
the Walsh code assigned to the auxiliary pilot
channel, Gaux is the relative gain of this channel to
the primary pilot, hf is the estimated channel
coefficient 



(or channel response) which is assumed to be a
constant over one segment, f is the filter function or
convolution of the transmit pulse and the receiver
low-pass filter ofchipx resolution ( f is assumed
non-negligible in [-MT C,MT C]), g f is the chipx time
offset of this fmger with a f = gf mod 4 and f /4j.
[00112] The second group of overhead channels, which
includes DRC, DSC, and RRI channels, are encoded by
either bi-orthogonal codes or simplex codes. On the
receiver side, for each channel, the demodulated
outputs are first compared with a threshold. If the
output is below the threshold, an erasure is declared
and no reconstruction is attempted for this signal.
Otherwise, they are decoded by a symbol-based
maximumlikelihood (ML) detector, which may be inside
the decoder 308 in FIG. 4. The decoded output bits are
used for reconstruction of the corresponding channel,
as shown in FIG. 4. The reconstructed signals for
these channels are given as: of [2n + =0,...,511 of
[2n +df +l]= cf [n- m]wf O[n- m]-d oGo -(hf f[ m+4-a f
]),n =0,...,5n m--M Equation 2 Reconstructed overhead
(DRC, DSC, and RRI) signals [00113] Compared with Eq.
1, there is one new term d 0 which is the overhead
channel data, wf o is the Walsh cover, and Gawc
represents the overhead channel gain relative to the
primary pilot. [00114] The remaining overhead channel
is the 1-bit ACK channel. It may be BPSK modulated,
un-coded and repeated over half a slot. The receiver
may demodulate the signal and make a hard-decision on
the ACK channel data. The reconstruction signal model
may be the same as Eq. 2. [00115] Another approach to
reconstruct the ACK channel signal assumes the
demodulated and accumulated ACK signal, after
normalization, may be represented as: y = x + z ,
where x is the transmitted signal, and z is the scaled
noise term with variance of s2 . Then, the
log-likelihood ratio (LLR) of y is given as Then, for
the reconstruction purpose, a soft estimate of the
transmitted bit may be: xwhere the tanh function may
be tabulated. The reconstructed ACK signal is very
similar to Eq. 2 but with the exception of replacing
d0 by x . In general, the soft estimate and
cancellation approach should give a better
cancellation performance since 



the receiver does not know the data for sure and this
method brings the confidence level into picture. This
approach in general may be extended to overhead
channels mentioned above. However, the complexity of
the maximum aposteriori probability (MAP) detector to
obtain the LLR for each bit grows exponentially with
the number of information bits in one code symbol.
[00116] One efficient way to implement overhead
channel reconstruction is one finger, may scale each
decoded overhead signal by its relative gain, cover it
by the Walsh code, and sum them together, then spread
by one PN sequence and filter through the
channelscaled filter hf all at once. This method may
save both computation complexity and memory bandwidth
for subtraction purpose. f df -hf f becomes ( cf df hf
)f f f Joint PIC. QIC, and TIC [00117] Joint PIC, OIC
and TIC may be performed to achieve high performance
and increase system capacity. Different decoding and
cancellation orders of PIC, OIC and TIC may yield
different system performance and different impacts on
hardware design complexity. PIC First Then OIC And TIC
Together (First Scheme) [00118] FIG. 12A illustrates a
method to first perform PIC and then perform OIC and
TIC together. After a start block 1200, the receiver
derives channel estimation for all users and performs
power control in block 1202. Since the pilot data for
all users are known at BTS, they may be subtracted
once their channels are estimated in PIC block 1204.
Therefore, all users' traffic channels and certain
overhead channels observe less interference and are
able to benefit from the in-front pilot cancellation.
[00119] Block 1206 chooses a group G of undecoded
users, e.g., whose packets or subpackets terminate at
current slot boundary. Blocks 1208-1210 perform
overhead/traffic channel demodulation and decoding. In
block 1212, only the successfully decoded channel data
will be reconstructed and subtracted from the frontend
RAM (FERAM) 312 shared by all users. Block 1214 checks
whether there are more users to decode. Block 1216
terminates the process. [00120] The
decoding/reconstruction/cancellation may be in a
sequential fashion from one user in a group to the
next user in the group, which may be called successive



interference cancellation. In this approach, users in
late decoding order of the same group benefits from
the cancellations of users in earlier decoding order.
A simplified approach is to decode all users in the
same group first, and then subtract their interference
contributions all at once. The second approach or
scheme (described below) allows both lower memory
bandwidth and more efficient pipeline architecture. In
both cases, the users' packets which do not terminate
at the same slot boundary but overlap with this group
of packets benefit from this cancellation. This
cancellation may account for a majority of the
cancellation gain in an asynchronous CDMA system.
[00121] FIG. 12B illustrates an apparatus comprising
means 1230-1244 to perform the method of FIG. 12A. The
means 1230-1244 in FIG. 12B may be implemented in
hardware, software or a combination of hardware and
software. [00122] FIG. 13A illustrates a variation of
the method in FIG. 12A. Blocks 1204-1210 remove a
signal based on an initial channel estimate in block
1202. Block 1300 derives a data-based channel estimate
or a refined channel estimate. Data-based channel
estimate may provide a better channel estimate, as
described below. Block 1302 performs residual PIC,
i.e., removes a revised estimate of the signal based
on a refinement of the channel estimate in block 1300.
[00123] For example, consider that blocks 1204-1210
resulted in removing an initial signal estimate (e.g.,
pilot signal) Pl[n] from the received samples. Then,
based on a better channel estimate derived in block
1300, the method forms the revised signal estimate
P2[n]. The method may then remove the incremental
P2[n]-Pl[n] difference from the sample locations in
the RAM 312. [00124] FIG. 13B illustrates an apparatus
comprising means 1230-1244, 1310, 1312 to perform the
method of FIG. 13A. The means 1230-1244, 1310, 1312 in
FIG. 13B may be implemented in hardware, software or a
combination of hardware and software. PIC First Then
QIC, And Then TIC (Second Scheme) [00125] This second
scheme is similar to FIG. 12A described above with the
exception that overhead channels of the same group of
users are demodulated and decoded before any traffic
channels are demodulated and decoded. This scheme is
suitable for a noninterlaced system since no strict
ACK deadline is imposed. For an interlaced system,
e.g., DO Rev. A, since ACK/NAK signals respond to the
traffic channel subpackets, the tolerable decoding
delay for traffic channel subpackets in general are
limited to within a 



couple slots (lslot = 1.67 ms). Therefore, if certain
overhead channels spread over more than this time
scale, this scheme may become unfeasible. In
particular, on DO RevA, auxiliary pilot channel and
ACK channel are in a short-duration format and may be
subtracted before TIC. Joint Pilot/Overhead/Traffic
Channel Cancellation (The Third Scheme) [00126] FIG.
14A illustrates a method to perform joint PIC, OIC and
TIC. After a start block 1400, the receiver derives
channel estimation for all users and performs power
control in block 1402. Block 1404 chooses a group G of
undecoded users. Block 1406 re-estimates the channel
from pilots. Blocks 1408-1410 attempt to perform
overhead/traffic channel demodulation and decoding.
Block 1412 performs PIC for all users and OIC and TIC
for only users with successfully decoded channel data.
[00127] Different from the first scheme (FIG. 12A)
discussed above, after the channel estimation for all
users (block 1402), the pilots are not subtracted from
FERAM 312 right away and the channel estimation is
used for power control as the non-IC scheme. Then, for
a group of users who terminated at the same
packet/subpacket boundary, the method performs
sequential decoding (blocks 1408 and 1410) in a given
order. [00128] For an attempted decoding user, the
method first re-estimates the channel from the pilot
(block 1402). The pilot sees less interference
compared to the time (block 1402) when it was
demodulated for power control due to interference
cancellation of previously decoded packets which
overlap with the to-be-decoded traffic packet.
Therefore, the channel estimation quality is improved,
which benefits both traffic channel decoding and
cancellation performance. This new channel estimation
is used for traffic channel decoding (block 1410) as
well as certain overhead channel decoding (block 1408)
(e.g., RRI channel in EV-DO). Once the decoding
process is finished for one user at block 1412, the
method will subtract this user's interference
contribution from the FERAM 312, which includes its
pilot channel and any decoded overhead/traffic
channel.[00129] Block 1414 checks whether there are
more users to decode. Block 1416 terminates the
process. [00130] FIG. 14B illustrates an apparatus
comprising means 1420-1436 to perform the method of
FIG. 14A. The means 1420-1436 in FIG. 14B may be
implemented in hardware, software or a combination of
hardware and software. 



[00131] FIG. 15A illustrates a variation of the method
in FIG. 14A. Block 1500 derives data-based channel
estimates. Block 1502 performs an optional residual
PIC as in Fig. 13A. [00132] FIG. 15B illustrates an
apparatus comprising means 1420-1436, 1510, 1512 to
perform the method of FIG. 15A. The means 1420-1436,
1510, 1512 in FIG. 15B may be implemented in hardware,
software or a combination of hardware and software.
Tradeoffs Between The First And Third Schemes [00133]
It may appear that first scheme should have superior
performance compared to the third scheme since the
pilot signals are known at the BTS and it makes sense
to cancel them in front. If both schemes are assumed
to have the same cancellation quality, the first
scheme may outperform the third scheme throughout all
data rates. However, for the first scheme, since the
pilot channel estimation sees higher interference than
the traffic data demodulation, the estimated channel
coefficients used for reconstruction purpose (for both
pilot and overhead/traffic) may be noisier. However,
for the third scheme, since the pilot channel
estimation is redone right before the traffic data
demodulation/decoding, the interference level seen by
this refined channel estimation is the same as the
traffic data demodulation. Then, on average, the
cancellation quality of the third scheme may be better
than the first scheme. [00134] From a hardware design
perspective, the third scheme may have a slight edge:
the method may sum the pilot and decoded overhead and
traffic channel data and cancel them together,
therefore, this approach saves memory bandwidth. On
the other hand, the re-estimation of pilot may be
performed together with either overhead channel
demodulation or traffic channel demodulation (in terms
of reading samples from memory), and thus, there is no
increase on memory bandwidth requirements. [00135] If
it is assumed that the first scheme has 80% or 90%
cancellation quality of the third scheme, there are
tradeoffs between data rate per user verse gain on
number of users. In general, it favors the first
scheme if all users are in low data rates region and
the opposite if all high data rate users. The method
may also re-estimate the channelfrom the traffic
channel once one packet of data is decoded. The
cancellation quality shall improve since the traffic
channel operates at (much) higher SNR compared to the
pilot channel. [00136] Overhead channels may be
removed (canceled) once they are demodulated 



successfully, and traffic channels may be removed once
they have been demodulated and decoded successfully.
It is possible that the base station could
successfully demodulate/decode the overhead and
traffic channels of all the access terminals at some
point in time. If this (PIC, OIC, TIC) occurs, then
the FERAM would only contain residual interference and
noise. Pilot, overhead and traffic channel data may be
canceled in various orders, and canceled for subsets
of access terminals. [00137] One approach is to
perform interference cancellation (of any combination
of PIC, TIC and OIC) for one user at a time from the
RAM 312. Another approach is to (a) accumulate
reconstructed signals (of any combination of PIC, TIC
and OIC) for a group of users and (b) then perform
interference cancellation for the group at the same
time. These two approaches may be applied to any of
the methods, schemes, and processes disclosed herein.
Improving Channel Estimation For Interference
Cancellation [00138] The ability to accurately
reconstruct received samples may significantly affect
system performance of a CDMA receiver that implements
interference cancellation by reconstructing and
removing various components of transmitted data hi a
RAKE receiver, a multipath channel is estimated by PN
despreading with respect to the pilot sequence and
then pilot filtering (i.e., accumulating) over an
appropriate period of time. The length of the pilot
filtering is typically chosen as a compromise between
increasing the estimation SNR by accumulating more
samples, while not accumulating so long that the
estimation SNR is degraded by the time variations of
the channel. The channel estimate from the pilot
filter output is then used to perform data
demodulation. [00139] As described above with FIG. 4,
one practical method of implementing interference
cancellation in a CDMA receiver is to reconstruct the
contribution of various transmitted chipxl streams to
the (e.g. chipx2) FERAM samples. This involves
determining the transmitted chip streams and an
estimate of the overall channel between the
transmitter chips and the receiver samples. Since the
channel estimates from the RAKE fingers represent the
multipath channel itself, the overall channel estimate
should also account for the presence of transmitter
and receiver filtering.[00140] This section discloses
several techniques for improving this overall channel
estimation for interference cancellation in a CDMA
receiver. These techniques may be applicable to
CDMA2000, IxEV-DO, IxEV-DV, WCDMA. 



[00141] To perform TIC of a packet that decodes
correctly, the receiver in FIG. 4 may take the
information bits from the decoder output and
reconstruct the transmitted chip stream by
re-encoding, re-interleaving, re-modulating,
re-applying the data channel gain, and re-spreading.
To estimate the received samples for TIC with the
pilot channel estimate, the transmit chip stream would
be convolved with a model of the transmitter and
receiver filters and the RAKE receiver's channel
estimate from despreading with the pilot PN sequence.
[00142] Instead of using the pilot channel estimate,
an improved channel estimate (at each RAKE finger
delay) may be obtained by despreading with the
reconstructed data chips themselves. This improved
channel estimate is not useful for data demodulation
of the packet since the packet has already decoded
correctly, but is rather used solely for
reconstructing the contribution of this packet to the
front-end samples. With this technique, for each of
the delays of the RAKE fingers (e.g., chipX8
resolution), the method may "despread" the received
samples (e.g., interpolated to chipx ) with the
reconstructed data chip stream and accumulate over an
appropriate period of time. This will lead to improved
channel estimation since the traffic channel is
transmitted at higher power than the pilot channel
(this traffic-to-pilot T2P ratio is a function of data
rate). Using the data chips to estimate the channel
for TIC may result in a more accurate channel estimate
for the higher powered users who are the most
important to cancel with high accuracy. [00143]
Instead of estimating the multipath channel at each of
the RAKE finger delays, this section also describes a
channel estimation procedure that would explicitly
estimate a combined effect of the transmitter filter,
multipath channel, and receiver filter. This estimate
may be at the same resolution as the oversampled
front-end samples (e.g. chipx2 FERAM). The channel
estimate may be achieved by despreading the front-end
samples with the reconstructed transmit data chips to
achieve the T2P gain in channel estimation accuracy.
The time span of the uniformly spaced channel
estimates may be chosen based on information about the
RAKE finger delays and an a priori estimate of a
combined response of the transmitter and receiver
filters. Furthermore, information from the RAKE
fingers may be used to refine the uniformly spaced
channel estimates.[00144] FIG. 16 illustrates a model
of transmission system with a transmit filter p(t),
overall/composite channel h(t) (vs. multipath channel
g(t) described below), and 



receiver filter q(t). The digital baseband
representation of wireless communications channel may
be modeled by L discrete multipath components L g(t) =
a,d (t - T1) Equation 3 Z=I where the complex path
amplitudes are a; with corresponding delays t/. The
combined effect of the transmitter and receiver
filters maybe defines as $t), where f(t) =p(t)(r)q(t)
Equation 4 where denotes convolution. The combined
f(t) is often chosen to be similar to a raised cosine
response. For example, in CDMA2000 and its
derivatives, the response is similar to an example
y{t) displayed in FIG. 17. The overall channel
estimate is given by L h(t) =g(t) (r) f(t) = a,f(t -
T1) Equation 5 Z=I [00145] FIGs. 18A and 18B show an
example of channel estimation (real and imaginary
components) based on the estimated multipath channel
at each of three RAKE fingers. In this example, the
actual channel is shown as a solid line, and the ai
are given by the stars. The reconstruction (dotted
line) is based on using the ai in Equation 3 above.
The RAKE finger channel estimates in FIGs. 18A and 18B
are based on despreading with pilot chips (where the
overall pilot SNR is -24dB). Despreading at RAKE
Finger Delays with Regenerated Data Chips Instead of
Pilot Chips [00146] The quality of channel estimation
has a direct impact on the fidelity of reconstructing
a user's contribution to the received signal. In order
to improve the performance of CDMA systems that
implement interference cancellation, it is possible to
use a user's reconstructed data chips to determine an
improved channel estimate. This will improve the
accuracy of the interference subtraction. One
technique for CDMA systems may be described as
"despreading with respect to a user's transmitted data
chips" as opposed to the classical "despreading with
respect to a user's transmitted pilot chips."[00147]
Recall that the RAKE finger channel estimates in FIGs.
18A-18B are based on 



despreading with the pilot chips (where the overall
pilot SNR is -24dB). FIGs. 19A- 19B show examples of
an improved channel estimate based on RAKE fingers and
despreading with the data chips, where the data chips
are transmitted with 1OdB more power than the pilot
chips. [00148] FIG. 2OA illustrates a method for
despreading at RAKE finger delays with regenerated
data chips. In block 2000, rake receiver 314 (FIG. 4)
despreads front-end samples with pilot PN chips to get
RAKE finger values. In block 2002, demodulator 304
performs data demodulation. In block 2004, decoder 308
performs data decoding and checks CRC. In block 2006,
if CRC passes, unit 400 determines transmitted data
chips by re-encoding, re-interleaving, re-modulating
and re-spreading. In block 2008, unit 400 despreads
front-end samples with transmitted data chips to get
improved channel estimate at each finger delay. In
block 2010, unit 400 reconstructs user's traffic and
overhead contribution to front-end samples with
improved channel estimate. [00149] FIG. 2OB
illustrates an apparatus comprising means 2020-2030 to
perform the method of FIG. 2OA. The means 2020-2030 in
FIG. 2OB may be implemented in hardware, software or a
combination of hardware and software. Estimating the
Composite Channel at FERAM Resolution with Regenerated
Data Chips [00150] Classical CDMA receivers may
estimate the complex value of the multipath channel at
each of the RAKE finger delays. The receiver front-end
prior to the RAKE receiver may include a low pass
receiver filter (i.e., g() which is matched to the
transmitter filter (i.e.,^?(t)). Therefore, for the
receiver to implement a filter matched to the channel
output, the RAKE receiver itself attempts to match to
the multipath channel only (i.e., g(t)). The delays of
the RAKE fingers are typically driven from independent
time-tracking loops within minimum separation
requirements (e.g., fingers are at least one chip
apart). However, the physical multipath channel itself
may often have energy at a continuum of delays.
Therefore, one method estimates the composite channel
(i.e., h(t)) at the resolution of the front-end
samples (e.g., chipx2 FERAM). [00151] With transmit
power control on the CDMA reverse link, the combined
finger SNR from all multipaths and receiver antennas
is typically controlled to lie in a particular range.
This range of SNR may result in a composite channel
estimate derived 



from the despread pilot chips that has a relatively
large estimation variance. That iswhy the RAKE
receiver attempts to only place fingers at the "peaks"
of the energy delay profile. But with the T2P
advantage of despreading with reconstructed data
chips, the composite channel estimation may result in
a better estimate of h(t) than the direct estimate of
g(t) combined with a model of f(t) . [00152] A channel
estimation procedure described herein explicitly
estimates the combined effect of the transmitter
filter, multipath channel, and receiver filter. This
estimate may be at the same resolution as the
oversampled front-end samples (e.g., chipx2 FERAM).
The channel estimate may be achieved by despreading
the front-end samples with the reconstructed transmit
data chips to achieve the T2P gain in channel
estimation accuracy. The time span of the uniformly
spaced channel estimates may be chosen based on
information about the RAKE finger delays and an a
priori estimate of the combined response of the
transmitter and receiver filters. Furthermore,
information from the RAKE fingers may be used to
refine the uniformly spaced channel estimates. Note
that the technique of estimating the composite channel
itself is also useful because it does not require the
design to use an a priori estimate of f(t) . [00153]
FIGs. 21A, 21B show an example of estimating the
composite channel using uniformly spaced samples at
chipX2 resolution. In FIGs. 21A, 21B, the data chips
SNR is -4dB, corresponding to a pilot SNR of -24dB and
a T2P of 2OdB. The uniform channel estimate gives a
better quality compared with despreading with the data
chips only at the RAKE finger locations. At high SNR,
the effects of "fatpath" limit the ability to
accurately reconstruct the channel using RAKE finger
locations. The uniform sampling approach is
particularly useful when the estimation SNR is high,
corresponding to the case of despreading with data
chips for a high T2P. When the T2P is high for a
particular user, the channel reconstruction fidelity
is important. [00154] FIG. 22A illustrates a method
for estimating composite channel at uniform resolution
using regenerated data chips. Blocks 2000-2006 and
2010 are similar to FIG. 2OA described above. In block
2200, RAKE receiver 314 (FIG. 4) or another component
determines time-span for uniform construction based on
RAKE finger delays. In block 2202, demodulator 304 or
another component determines an improved channel
estimate by despreading front-end samples with
transmitted data chips at uniform delays for an
appropriate time-span.[00155] FIG. 22B illustrates an
apparatus comprising means 2020-2030, 2220, 2222 to 



perform the method of FIG. 22A. The means 2020-2030 in
FIG. 22B may be implemented in hardware, software or a
combination of hardware and software. [00156] In the
description above, g(t) is the wireless multipath
channel itself, while h(t) includes the wireless
multipath channel as well as the transmitter and
receiver filtering: h(t) = g(t) convolved with rhi(t).
[00157] In the description above, "samples" may be at
any arbitrary rate (e.g., twice per chip), but "data
chips" are one per chip. [00158] "Regenerated data
chips" are formed by re-encoding, re-interleaving,
remodulating, and re-spreading, as shown in block 2006
of FIG. 2OA and described above. In principle,
"regenerating" is mimicking the process that the
information bits went through at the mobile
transmitter (access terminal). [00159] "Reconstructed
samples" represent the samples stored in FERAM 312 or
in a separate memory from FERAM 312 in the receiver
(e.g., twice per chip). These reconstructed samples
are formed by convolving the (regenerated) transmitted
data chips with a channel estimate. [00160] The words
"reconstructed" and "regenerated" may be used
interchangeably if context is provided to either
reforming the transmitted data chips or reforming the
received samples. Samples or chips may be reformed,
since "chips" are reformed by reencoding, etc.,
whereas "samples" are reformed based on using the
reformed chips and incorporating the effects of the
wireless channel (channel estimate) and the
transmitter and receiver filtering. Both words
"reconstruct" and "regenerate" essentially mean to
rebuild or reform. There is no technical distinction.
One embodiment uses "regenerate" for data chips and
"reconstruct" for samples exclusively. Then, a
receiver may have a data chip regeneration unit and a
sample reconstruction unit. Adaptation Of Transmit
Subchannel Gains On The Reverse Link Of CDMA Systems
With Interference Cancellation [00161] Multi-user
interference is a limiting factor in a CDMA
transmission system and any receiver technique that
mitigates this interference may allow significant
improvements in the achievable throughput. This
section describes techniques for adapting the transmit
subchannels gains of a system with IC. [00162] In the
reverse link transmission, each user transmits pilot,
overhead and traffic 



signals. Pilots provide synchronization and estimation
of the transmission channel.Overhead subchannels (such
as RRI, DRC, DSC, and ACK) are needed for MAC and
traffic decoding set-up. Pilot, overhead and traffic
subchannels have different requirements on the signal
to interference plus noise ratio (SINR). In a CDMA
system, a single power control may adapt the transmit
power of pilots, while the power of overhead and
traffic subchannels has a fixed gain relative to the
pilots. When the BTS is equipped with PIC, OIC and
TIC, the various subchannels see different levels of
interference depending on the order of ICs and the
cancellation capabilities. In this case, a static
relation between subchannel gains may hurt the system
performance. [00163] This section describes new gain
control strategies for the different logical
subchannels on a system that implements IC. The
techniques are based on CDMA systems such as EV-DO
RevA and may be applied to EV-DV ReI D, W-CDMA EUL,
and cdma2000. [00164] The described techniques
implement power and gain control on different
subchannels by adaptively changing the gain of each
subchannel according to the measured performance in
terms of packet error rate, SINR or interference
power. The aim is to provide a reliable power and gain
control mechanism that allows fully exploiting the
potentials of IC while providing robustness for a
transmission on a timevarying dispersive subchannel.
[00165] Interference cancellation refers to removing a
contribution of logical subchannels to the front-end
samples after those subchannels have been decoded, in
order to reduce the interference on other signals that
will be decoded later. In PIC, the transmitted pilot
signal is known at the BTS and the received pilot is
reconstructed using the channel estimate. In TIC or
OIC, the interference is removed by reconstructing the
received subchannel through its decoded version at the
BTS. [00166] Current BTS (with no IC) control the
power of the pilot subchannel Ecp in order to meet the
error rate requirements in the traffic channel. The
power of the traffic subchannel is related to pilots
by a fixed factor T2P, which depends on the payload
type and target termination goals. The adaptation of
the pilot power is performed by closed loop power
control mechanism including an inner and outer loop.
The inner loop aims at keeping the SESfR of the pilots
(Ecp/Nt) at a threshold level T, while the outer-loop
power control changes the threshold level T, for
example, based on packet error rate 



(PER).[00167] When IC is performed at the receiver
(FIG. 4), the adaptation of the subchannel gains may
be beneficial to the system, hi fact, since each
subchannel sees a different level of interference,
their gain with respect to pilots should be adapted
accordingly in order to provide the desired
performance. This section may solve the problem of
gain control for overhead and pilot subchannels, and
techniques are described for the adaptation of T2P
which increase the throughput of the system by fully
exploiting the IC. Important Parameters in a System
with IC [00168] Two parameters that may be adjusted
are overhead subchannel gains and traffic to pilot
(T2P) gain. When TIC is active, the overhead
subchannel gains may be increased (relative to
non-TIC), in order to allow a more flexible trade-off
between the pilot and overhead performance. By
denoting with Gthe baseline G used in the current
system, the new value of the overhead channel gain
will be: Gf= A . [00169] In no-IC schemes the
overhead/pilot subchannels see the same interference
level as the traffic channels and a certain ratio
T2P/G may give satisfactory performance for both
overhead and traffic channels performance as well as
pilot channel estimations. When IC is used, the
interference level is different for the
overhead/pilots and traffic, and T2P may be reduced in
order to allow coherent performance of the two types
of subchannels. For a given payload, the method may
let the T2P decrease by a factor T2P with respect to
the tabulated value, in order to satisfy the
requirements. By denoting with T2P the baseline T2P
used for a particular payload in the current system,
the new value of T2P will be: T2P= T2P-AT2P [00170]
The parameter AT2P can be quantized into a set of
finite or discrete values (e.g., - 0.1 dB to -1.0 dB)
and sent to the access terminal 106. [00171] Some
quantities that may be kept under control are traffic
PER, pilot SINR, and rise over thermal. The pilot SINR
should not drop under the minimum level desired for
good channel estimation. Rise over thermal (ROT) is
important to ensure the stability and the link-budget
of the power controlled CDMA reverse link. In non-TIC
receivers, ROT is defined on the received signal. In
general, ROT should stay within a 



predetermined range to allow for a good
capacity/coverage tradeoff.Rise Over Thermal Control
[00172] I o indicates the power of the signal at the
input of the receiver. The cancellation of
interference from the received signal yields a
reduction of power. I0 ' indicates the average power
of the signal at input of the demodulator 304 after
IC: The value of I o' may be measured from the
front-end samples after it has been updated with the
IC. When IC is performed, the ROT is still important
for the overhead subchannel, and ROT should be
controlled with respect to a threshold, i.e. to ensure
that ROT - <ROTthr , iNV o where Nois the noise power.
[00173] However, traffic and some overhead subchannels
benefit also from the IC. The decoding performance of
these subchannels is related to the rise over thermal,
measured after IC. Effective ROT is the ratio between
the signal power after IC and the noise power. The
effective ROT may be controlled by a threshold, i.e.,
The constraint on the ROTejf may be equivalently
stated as a constraint on Io', under the assumption
that the noise level does not change: where I hr) is
the signal power threshold corresponding toROT f .
Fixed Overhead Gain Techniques [00174] When the ROT
increases, the SINR of the pilot and overhead channels
(which do not benefit from IC) decreases, leading to a
potential increase in the erasure rate. In order to
compensate for this effect, the overhead channel gains
may be raised, either by a fixed value or by
adaptation to the particular system condition. [00175]
Techniques are described where the gain of the
overhead subchannel is fixed with respect to the
pilots. The proposed techniques adapt both the level
of pilot subchannel and the At zp for each user.Closed
loop control of T2P with fixed Ar; = 0 dB [00176] FIG.
23 illustrates a closed loop power control (PC) for
Ecp and A p and fixed D = 0 dB (block 2308). This
first solution for the adaptation of A p and Ecp
comprises: [00177] A. Inner and outer loops 2300, 2302
may perform power control in a conventional manner for
the adaptation o Ecp . Outer loop 2300 receives target
PER and 



traffic PER. Inner loop 2304 receives a threshold T
2302 and a measured pilot SINR and outputs Ecp .
[00178] B. A closed loop gain control (GC) 2306 adapts
A 2P based on the measure of the removed interference.
The gain control 2306 receives measured ROT and
measured ROTeff and outputs Anp- The receiver measures
the interference removed by the IC scheme and adapts
At2P- [00179] C. At2P can be sent in a message to all
access terminals 106 in a sector periodically. [00180]
For the adaptation of Anp, if the interference after
IC is reduced from Io to I o , the T2P can be
consequently reduced of the quantity:  ' ROT T2P I 0
ROT [00181] The ECpwill increase (through the PC loop
2304) as: P P '=~ rithr) cp ' [00182] The ratio
between the total transmit power for the system with
and without IC will be: c Ecp (l +G+T2P) Ecp l
+G+T2P') ' where G is the overhead channel gain. For
large values of T2P (with respect to G), the ratio C
can be approximated as: 0'[00183] For the estimation
of the effective ROT, the effective ROT changes
rapidly due to both PC and changes in channel
conditions. Instead, AT2P reflects slow variations of
the ROTef Hence, for the choice of AT2P the effective
ROT is measured by means of a long averaging window of
the signal after IC. The averaging window may have a
length at least twice as long as a power control
update period. Closed Loop Control Of T2P With Fixed
Ar > 0 dB [00184] FIG. 24 is the same as FIG. 23
except the gain control 2306 receives a threshold
effective ROT, and D > 0 dB (block 2400). This
alternative method for the adaptation 



of Anp is based on the request of having the same cell
coverage for both IC and no-IC systems. The Ecp
distribution is the same in both cases. The effect of
IC is twofold on a fully loaded system: i) the signal
power before IC, IQ, will increase with respect to the
signal power of the system with no IC; ii) due to
closed-loop power control by PER control, IQ' will
tend to be similar to the signal power of the system
with no IC. AT2P is adapted as follows: ACK-based
control of ATIP [00185] FIG. 25 illustrates PC for Ecp
and At2p based on the ACK subchannel with fixed
overhead subchannel gain (block 2506). [00186] The
closed loop GC OfA requires a feedback signal from the
BTS to the AT, where all ATs receive the same
broadcast value of Anp from a BTS. An alternative
solution is based on an open-loop GC of A 2P 2510 and
a closed loop PC 2500, 2504 for the pilots. The closed
loop pilot PC comprises an inner loop 2504, which
adjusts the Ecp according to a threshold value T0
2502. The outer loop control 2500 is directed by the
erasure rate of the overhead subchannels, e.g., the
data rate control (DRC) subchannel error probability
or DRC erasure rate. T0 is increased whenever the DRC
erasure rate exceeds a threshold, but is gradually
decreased when the DRC erasure rate is below the
threshold. [00187] The AT2P is adapted through the ACK
forward subchannel. In particular, by measuring the
statistics of the ACK and NACK, the AT can evaluate
the traffic PER (block 2508) at the BTS. A gain
control 2510 compares target traffic PER and measured
PER. Whenever the PER is higher than a threshold, the
At2p is increased, until T2P'reached the baseline
value T2P of the no-IC system. On the other hand, for
a lower PER, the t2P is decreased in order to fully
exploit the IC process. Variable overhead gain
techniques [00188] A further optimization of the
transceiver can be obtained by adapting not only D 2
but also the overhead subchannel gains (G overhead) to
the IC process. Li this case, an extra feedback signal
is needed. The values of A G can be quantized from 0
dB to 0.5 dB. Interference power-based overhead gain
control [00189] FIG. 26 is similar to FIG. 24 except
with overhead GC 2600. A method for GC of the overhead
subchannel 2600 is based on the measured signal power
after the IC. In 



this case, the Ecp is assumed in order to provide the
same cell converge of a system with no IC. The signal
before IC has an increased power I Q and the overhead
gain compensates for the increased interference. This
implementation adapts the overhead gain by setting: A
= 7 - R0T G ! " > ~ ROT thr ' [00190] DG may be
controlled to not go under 0 dB since this would
correspond to decrease the overhead subchannel power
which is unlikely to be helpful. [00191] The gain and
power control scheme may include an inner and outer
loop PC 2304, 2300 for Ecp , as in FIG. 23, a GC loop
2600 for DG as described above, an openloop GC 2306
for At2P, where A 2P is increased whenever the PER is
above a target value, and is decreased when the PER is
below the target. A maximum level of Anp is allowed,
corresponding to the level of the no-IC receiver.
DRC-OnIv Overhead Gain Control [00192] FIG. 27
illustrates a variation of FIG. 26 with DRC-only
overhead gain control 2702. [00193] Even when the
overhead subchannel gain is adapted, the gain control
of At2P 2700 can be performed with a closed loop, as
described above. In this case, the Ecp and At2P are
controlled as in the scheme of FIG. 23, while the
adaptation of the overhead subchannel gain 2702 is
performed through the DRC erasure rate. In particular,
if the DRC erasure is above a threshold, the overhead
subchannel gain 2702 is increased.When the DRC erasure
rate is below a threshold, the overhead gain 2702 is
gradually decreased. Control Of T2P In A Multi-Sector
Multi-Cell Network [00194] Since the GC of Anp is
performed on a cell level, and an AT 106 may be in
softer hand-off, the various sectors may generate
different requests of adaptation. In this case various
options may be considered for the choice of the AT2P
request to be sent to the AT. At a cell level, a
method may choose the minimum reduction of T2P, among
those requested by fully loaded sectors, i.e., where A
2P is the AT2P required by the sector s. The AT may
receive different requests from various cells, and
also in this case, various criteria can be adopted. A 



method may choose the AT2P corresponding to the
serving sector in order to ensure the most reliable
communication with it. [00195] For the choice of A 2P
both at a cell and at the AT, other choices may be
considered, including the minimum, maximum or mean
among the requested values. [00196] One important
aspect is for the mobiles to use T2P' = T2P x An- p,
where Anp is calculated at the BTS based on
measurements of Io and Io' (and possibly also
knowledge of Io thr) and C = G x AG, where AG is also
calculated at the BTS. With these delta_factors
calculated at the BTS, they are broadcast by each BTS
to all the access terminals, who react accordingly.
[00197] The concepts disclosed herein may be applied
to a WCDMA system, which uses overhead channels such
as a dedicated physical control channel (DPCCH), an
enhanced dedicated physical control channel (E-DPCCH),
or a high-speed dedicated physical control channel
(HS-DPCCH). The WCDMA system may use a dedicated
physical data channel (DPDCH) format and/or an
enhanced dedicated physical data channel (EDPDCH)
format. [00198] The disclosed herein may be applied to
WCDMA systems with two different interlace structures,
e.g., a 2-ms transmit time interval and 10-ms transmit
time interval, thus, a front-end memory, demodulator,
and subtracter may be configured to span one or more
subpackets of packets that have different transmit
time intervals.[00199] For TIC, the traffic data may
be sent by one or more users in at least one of an
EV-DO Release 0 format or an EV-DO Revision A format.
[00200] Specific decoding orders described herein may
correspond to an order for demodulating and decoding.
Re-decoding a packet should be from re-demodulation
because the process of demodulating a packet from the
FERAM 312 translates the interference cancellation
into a better decoder input. [00201] Those of skill in
the art would understand that information and signals
may be represented using any of a variety of different
technologies and techniques. For example, data,
instructions, commands, information, signals, bits,
symbols, and chips that may be referenced throughout
the above description may be represented by voltages,
currents, electromagnetic waves, magnetic fields or
particles, optical fields or particles, or any
combination thereof. 



[00202] Those of skill in the art would further
appreciate that the various illustrative logical
blocks, modules, circuits, and algorithm steps
described in connection with the embodiments disclosed
herein may be implemented as electronic hardware,
computer software, or combinations of both. To clearly
illustrate this interchangeability of hardware and
software, various illustrative components, blocks,
modules, circuits, and steps have been described above
generally in terms of their functionality. Whether
such functionality is implemented as hardware or
software depends upon the particular application and
design constraints imposed on the overall system.
Skilled artisans may implement the described
functionality in varying ways for each particular
application, but such implementation decisions should
not be interpreted as causing a departure from the
scope of the present invention. [00203] The various
illustrative logical blocks, modules, and circuits
described in connection with the embodiments disclosed
herein may be implemented or performed with a general
purpose processor, a digital signal processor (DSP),
an application specific integrated circuit (ASIC), a
field programmable gate array (FPGA) or other
programmable logic device, discrete gate or transistor
logic, discrete hardware components, or any
combination thereof designed to perform the functions
described herein. A general purpose processor may be a
microprocessor, but in the alternative, the processor
may be any conventional processor, controller,
microcontroller, or state machine. A processor may
also be implemented as a combination of computing
devices, e.g., a combination of a DSP and a
microprocessor, a plurality ofmicroprocessors, one or
more microprocessors in conjunction with a DSP core,
or any other such configuration. [00204] The steps of
a method or algorithm described in connection with the
embodiments disclosed herein may be embodied directly
in hardware, in a software module executed by a
processor, or in a combination of the two. A software
module may reside in RAM memory, flash memory, ROM
memory, EPROM memory, EEPROM memory, registers, hard
disk, a removable disk, a CD-ROM, or any other form of
storage medium. A storage medium is coupled to the
processor such that the processor may read information
from, and write information to, the storage medium. In
the alternative, the storage medium may be integral to
the processor. The processor and the storage medium
may reside in an ASIC. The ASIC may reside in a user
terminal. 



In the alternative, the processor and the storage
medium may reside as discrete components in a user
terminal. [00205] Headings are included herein for
reference and to aid in locating certain sections.
These headings are not intended to limit the scope of
the concepts described therein under, and these
concepts may have applicability in other sections
throughout the entire specification. [00206] The
previous description of the disclosed embodiments is
provided to enable any person skilled in the art to
make or use the present invention. Various
modifications to these embodiments will be readily
apparent to those skilled in the art, and the generic
principles defined herein may be applied to other
embodiments without departing from the spirit or scope
of the invention. Thus, the present invention is not
intended to be limited to the embodiments shown herein
but is to be accorded the widest scope consistent with
the principles and novel features disclosed herein.
[00207] WHAT IS CLAIMED IS:Claims 1. A method
comprising: receiving data samples of signals
transmitted from a plurality of access terminals;
despreading the received data samples with pilot chips
associated with a first access terminal; demodulating
the despread data samples into data symbols; decoding
the demodulated data symbols; determining whether the
demodulated data symbols were correctly decoded; if
the demodulated data symbols were correctly decoded,
using the decoded, demodulated data symbols to
regenerate data chips transmitted by the first access
terminal; despreading the received data samples with
the regenerated, transmitted data chips to determine a
channel estimate; storing the data samples received
from the plurality of access terminals in a buffer;
using the determined channel estimate to reconstruct
data samples transmitted from the first access
terminal; and 



subtracting the reconstructed data samples sent from
the first access terminal from the stored data samples
in the buffer. 2. The method of Claim 1, wherein the
pilot chips are covered with a pseudo random noise
(PN) sequence. 3. The method of Claim 1, wherein the
signals comprise code division multiple access (CDMA)
signals. 4. The method of Claim 1, further comprising
accumulating the despread data samples over a period
of time.5. The method of Claim 1, wherein despreading
the received data samples with the regenerated,
transmitted data chips to determine the channel
estimate occurs at each rake receiver finger delay of
a plurality of rake receiver finger delays. 6. The
method of Claim 1, wherein to regenerate data chips
transmitted by the first access terminal comprises at
least one of re-encoding, re-interleaving,
re-modulating, re-applying a data channel gain, and
re-spreading data. 7. The method of Claim 1, further
comprising: despreading the received data samples with
pilot pseudo-random noise (PN) chips associated with a
second access terminal; demodulating the despread data
samples into data symbols; decoding the demodulated
data symbols; determining whether the demodulated data
symbols were correctly decoded; and if the demodulated
data symbols were correctly decoded, using the
decoded, demodulated data symbols to regenerate data
chips transmitted by the second access terminal at
each rake receiver finger delay. 8. A base station
comprising: a memory configured to store data samples
of signals received from a plurality of access
terminals; a demodulator configured to despread and
demodulate the stored data samples using a first code
sequence corresponding to a first access terminal; a
decoder configured to decode data from the demodulated
data; a regeneration unit configured to use correctly
decoded data to regenerate data chips transmitted by
the first access terminal; a channel estimator
configured to despread the stored data samples with
the 



regenerated data chips to determine a channel
estimate; a reconstruction unit configured to use the
decoded data and the channel estimate to reconstruct
encoded and modulated data samples; and a subtractor
configured to subtract reconstructed data samples from
the samples stored in the memory to reduce
interference for the decoder to subsequently decode
data for other access terminals from the stored
samples.9. The base station of Claim 8, further
comprising an accumulator to accumulate despread data
samples over a period of time. 10. The base station of
Claim 8, wherein the demodulator comprises a rake
receiver with a plurality of finger processing units
to process multipath signals, each finger processing
unit having a unique delay to process samples from the
memory. 11. The base station of Claim 8, wherein the
regeneration unit is configured to regenerate data
chips transmitted by the first access terminal by at
least one of reencoding, re-interleaving,
re-modulating, re-applying a data channel gain, and
respreading. 12. The base station of Claim 8, wherein
the first code sequence is a pseudo-random noise (PN)
sequence. 13. A method comprising: receiving data
samples of signals transmitted from a plurality of
access terminals; despreading the received data
samples with pilot chips associated with a first
access terminal; demodulating the despread data
samples into data symbols; decoding the demodulated
data symbols; determining whether the demodulated data
symbols were correctly decoded; if the demodulated
data symbols were correctly decoded, using the
decoded, demodulated data symbols to regenerate data
chips transmitted by the first access terminal; based
on estimated multipath signal delays, determining a
time span for uniform regeneration; and despreading
the received data samples with the regenerated,
transmitted data chips at uniform delays for the
determined time span to determine a channel
estimate.14. The method of Claim 13, wherein the pilot
chips are covered with a pseudo random noise (PN)
sequence. 



15. The method of Claim 13, further comprising:
storing the data samples received from the plurality
of access terminals in a buffer; using the determined
channel estimate to reconstruct data samples
transmitted from the first access terminal; and
subtracting the reconstructed data samples sent from
the first access terminal from the stored data samples
in the buffer. 16. The method of Claim 13, wherein
determining the time span comprises selecting a time
span based on information about the multipath signal
delays and an a priori estimate of a combined response
of transmitter and receiver filters. 17. An apparatus
comprising: means for receiving data samples of
signals transmitted from a plurality of access
terminals; means for despreading the received data
samples with pilot chips associated with a first
access terminal; means for demodulating the despread
data samples into data symbols; means for decoding the
demodulated data symbols; means for determining
whether the demodulated data symbols were correctly
decoded; if the demodulated data symbols were
correctly decoded, means for using the decoded,
demodulated data symbols to regenerate data chips
transmitted by the first access terminal; based on
estimated multipath signal delays, means for
determining a time span for uniform regeneration; and
means for despreading the received data samples with
the regenerated, transmitted data chips at uniform
delays for the determined time span to determine a
channel estimate. 




