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(57) Abstract: An adaptive known signal canceller comprising of a known signal canceller filter responsive to a known signal in-
cluding a known portion of a transmitted signal, the known signal canceller filter operative to generate a filtered known signal,
and a subtractor unit responsive to an input signal and operative to generate an output signal, the subtractor unit configured to
subtract the filtered known signal from the input signal to generate an output signal, such that the known portion of the transmit-
ted signal is substantially removed from the input signal. The adaptive known signal canceller further comprising of a known sig-
nal canceller update unit, responsive to a desired signal and an output signal and operative to continually adjust the coetficients of
the known signal canceller filter based on the difference between the output signal and the desired signal, so that the filter coeffi-
cients substantially retlect the impulse response of a channel.
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ADAPTIVE KNOWN SIGNAL CANCELLER

FIELD OF THE INVENTION

[0001] The present invention relates generally to digital communication
systems, and more particularly to a receiver including an adaptive known signal

canceller.
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DESCRIPTION OF THE PRIOR ART

[0002] The field of digital communication has grown significantly in the last
decade due to recent advantages in wideband communication channels and solid-state
electronics. Digital communication describes the transmission of a sequence of digital

messages or a digitized analog signal.

[0003] Digital communication signals are used to send digital data from a
transmitter to a receiver. The signals may be transmitted using wireless or wired media.
The data may represent any type of information, such as text, sound, images, or
computer files. Such information, which is unknown to the receiver until it has received

and decoded the data, is defined herein as the “unknown portion” of the communication

signal.

[0004] Communication signals are typically impaired by a channel before
arriving at a receiver’s input. In wireless systems, the signals often arrive at the receiver
via multiple paths. This type of channel impairment is known as “multipath.” Due to
the varying delays and attenuations among the multiple paths, the signals may add
constructively or destructively. When the signals add destructively, it is commonly
known as “fading,” as the combined signal becomes attenuated, or “fades.” Depending
on the bandwidth of the signals and the delays of the multiple paths, different frequency
components of the signal may experience different levels of fading. This is known as
“frequency-selective” fading. The multiple signals arriving at a receiver are often
described relative to a “main” or strongest path, combined with “echoes” or weaker
paths. In broadcast television, the echoes are known as “ghosts” due to the perceived
effect of multipath on analog TV signals. The delay between the earliest arriving path
and the latest arriving path at the receiver is commonly referred to as the “delay spread”

of the channel.

[0005] A typical digital communication system uses a sinusoidal carrier, whose
amplitude and/or phase are modulated in order to communicate information. Although
the nominal carrier frequency is known to both the transmitter and receiver, there is
typically a frequency offset between the carrier generated by the transmitter and a locally

generated carrier signal in the receiver. Therefore, a mechanism is typically provided in
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the receiver to recover the precise frequency and phase of the carrier generated by the

transmitter. Such mechanisms are known as carrier recovery.

[0006] In atypical communication system, signals are transmitted according to
a specified time base. Although the nominal time base is known to both transmitter and
receiver, there is typically a timing offset between the time base used by the transmitter
and the local time base in the receiver. Therefore, a mechanism is typically provided in
the receiver to recover the precise timing of the transmitted signal. Such mechanisms are

known as timing recovery.

[0007] To aid the receiver, many communication signals also include pre-
defined signals, such as synchronization or framing signals. The receiver can be
designed to utilize these signals for various purposes, including carrier recovery, timing
recovery, frame alignment, and channel estimation. Such signals are defined herein as

the known portion of the communication signal.

[0008] One digital communication system that defines such a known portion
for its signal is the standard OB20600-2006 system (used for digital terrestrial television
broadcast in China), also known as Digital Television Multimedia Broadcast (DTMB).
It defines three different header modes, each using a pseudo-random number (PN)
sequence to generate a known header signal for each transmitted frame. In one mode,
the unknown portion of the signal is transmitted using orthogonal frequency domain
modulation (OFDM) techniques. In that mode, the known PN sequence constitutes the
guard interval (01) of the OFDM frame, and is an alternative to the cyclic prefix (CP)
typically used in OFDM systems such as digital video broadcasting-terrestrial (DVB-T)
used for digital television broadcasting in other parts of the world. The CP is a repeated
portion of the unknown signal, so unlike the PN sequence used in DTMB, the receiver

does not know it in advance.

[0009] Inmost DTMB receivers, the known PN sequences are used for channel
estimation. Unlike most CP-based OFDM systems, the DTMB system does not include

frequency domain pilot signals that can be used for channel estimation.

[00010] A conventional DTMB receiver includes a channel estimation block.

The channel estimation block uses PN sequence correlation techniques to estimate the
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channel impulse response. The conventional DTMB receiver further includes an OFDM
symbol restoration block, which performs two functions: I) to remove the PN sequence

from the guard interval, and 2) restoration of the channel spread OFDM symbols.

[00011] Conventional approaches to channel estimation using PN correlation
are preconditioned on a cyclic form of the PN sequence. Therefore, this approach is not
applicable for non-cyclic PN sequences (such as PN595 used in DTMB header mode 2).
Further, such an approach is undesirable for cyclic (or quasi-cyclic) PN sequences, as
channel estimation using PN correlation is quite complex when the channel delay spread
is longer than the cyclic PN period. Although, an iterative interference cancellation
technique has been developed to handle long channel delay spreads, this technique is
impractical, as it is prohibitively expensive to implement in a consumer-grade digital TV

receiver.

[00012] PN correlation-based channel estimation and known PN signal
cancellation also have the disadvantage of only being updated at most once per frame.
Consequently, when the channel characteristics are changed within a frame, known PN

signal cancellation performance is undesirably degraded.

[00013] An adaptive noise cancellation is commonly used to remove noise
from a signal, and is known to one skilled in the art. However, adaptive noise
cancellation can be applied in a novel and unconventional way to known signal
cancellation and channel estimation. In such an unconventional application, the output
signal is used to update the coefficients of the adaptive filter, using well-known
techniques like Least Mean Squares (LMS). In the LMS technique, coefficient updates
are done once for every discrete time filter output, and therefore can be performed more
than once per frame. In the unconventional application of noise cancellation, the known
portion of the signal is treated like “noise” and the coefficients of the adaptive noise

canceller represent the channel impulse response for the noise-cancelled signal.

[00014] Thus, the need arises for a receiver which includes an adaptive known
signal canceller having channel estimation capability that is done inexpensively and with

higher accuracy.
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BRIEF SUMMARY OF THE INVENTION

[00015] Briefly, an adaptive known signal canceller adaptive for use in a
receiver configured to receive at least one channel carrying information. The adaptive
known canceller comprising of a known signal canceller filter responsive to a known
signal including a known portion of a transmitted signal, the known signal canceller filter
operative to generate a filtered known signal. The adaptive known canceller further
comprising of a subtractor unit responsive to an input signal and operative to generate an
output signal, the subtractor unit configured to subtract the filtered known signal from
the input signal to generate an output signal, such that the known portion of the
transmitted signal is substantially removed from the input signal. The adaptive known
signal canceller further comprising of a known signal canceller update unit, responsive to
a desired signal and an output signal and operative to continually adjust the coefficients
of the known signal canceller filter based on the difference between the output signal and
the desired signal, so that the filter coefficients substantially reflect the impulse response

of a channel.

[00016] The foregoing and other objects, features and advantages of the
present invention will be apparent from the following detailed description of the

preferred embodiments which make reference to several figures of the drawing.
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BRIEF DESCRIPTION OF THE DRAWINGS

[00017] Fig. 1 shows an adaptive known signal canceller 100.

[00018] Fig. 2 shows an adaptive known signal canceller 200 wherein the

filtered known signal 205 is used for carrier recovery.

[00019] Fig. 2(a) shows a block diagram of an embodiment of known signal
canceller filter block 204.

[00020] Fig. 3 shows an orthogonal frequency domain modulation (OFDM)

receiver with an adaptive known signal canceller 302.

[00021] Fig. 4 shows areceiver 400 in which the estimated channel impulse

response 404 is used to compute time-domain equalizer coefficients.

[00022] Fig. 5 shows a known signal cancellation and channel impulse

response estimation process 500.
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DETAILED DESCRIPTION

[00023] To overcome the limitations in the prior art described above, and to
overcome other limitations that will become apparent upon reading and understanding
the present specification, the present invention discloses a known signal canceller for
canceling a known part of a transmitted signal, while simultaneously estimating the
impulse response of a transmission channel, thereby eliminating the need for a separate

channel estimation block.

[00024] These and various other advantages and features of novelty which
characterize the invention are pointed out with particularity in the claims annexed hereto
and form a part hereof. However, for a better understanding of the invention, its
advantages, and the objects obtained by its use, reference should be made to the
drawings which form a further part hereof, and to accompanying descriptive matter, in
which there are illustrated and described specific examples of embodiments of the

present invention.

[00025] As will be evident with the figures and description to follow, a
receiver is disclosed to include an adaptive known signal canceller, which combines the
functions of known signal cancellation and channel estimation and that performs channel
estimation using either cyclic or non-cyclic known signals. Further, the canceller is a
fully adaptive known signal canceller that continually updates to provide optimal
cancellation. In one embodiment of the present invention, the canceller advantageously

updates channel estimation more than once per frame.

[00026] Fig. 1 shows an adaptive known signal canceller 100, in accordance
with an embodiment of the present invention. The canceller 100 is generally a part of a
receiver. In the exemplary embodiment of the present invention shown in Fig. 1 carrier
recovery is not necessary, or carrier recovery has been performed prior to adaptive
known signal cancellation. Canceller 100 is responsive to an input signal 101 that is a
distorted representation of a transmitted signal. Canceller 100 is shown to receive input
signal 101, the desired signal 109 and to generate an output signal 107 and an estimated
channel impulse response 110. The desired signal 109 represents the desired output
signal with the known signal part having been removed. The canceller 100 is shown to
include a known signal generator block 102, known signal canceller filter block 104,
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signal subtractor block 106, and a known signal canceller update unit 108, in accordance

with an embodiment of the present invention.

[00027] The generator 102 is shown to generate the known signal 103, which
serves as input to the filter 104. The block 104, which is an adaptive filter whose
coefficients are updated by the output of the unit 108, generates a filtered known signal
105, which is fed to the block 106. The coefficients reside in block 104 and are updated
by coefficient updates sent from 108. Unit 108 is operative to generate coefficient
update signal 111. Signal 111 serves to update the coefficients of block 104. In an
alternative embodiment of the present invention, unit 108 is operative to generate error
value 111. In this alternative embodiment, error value 111 is one or more errors, which
are provided to block 104 for updating the coefficients. In this embodiment, error value
111 is essentially a difference signal representing the difference between the output
signal 107 and the desired signal 109. The block 106 also receives the input signal 101
and generates the output signal 107. The output signal 107 is provided as input to the
unit 108. The unit 108 also receives as input the desired signal 109. Unit 108 generates
signal coefficient adjustment signal 111 to filter 104.

[00028] Accordingly, the generator 102 is shown coupled to the filter 104 and
the filter is shown coupled to the block 106 and to the unit 108. The block 106 is also
shown coupled to the unit 108.

[00029] Input signal 101 is received by the canceller 100 from a transmitter.
In an embodiment of the present invention, input signal 101 suffers from impairments by
a channel. Such impairments include, but are not limited to, the effects of multipath and
frequency selective fading. In another embodiment of the present invention, input signal
101 may have undergone processing by other receiver blocks, such as an automatic gain

control (AGC) block, carrier recovery block, and timing recovery block.

[00030] By way of brief background, in the DTMB system, generally, every
frame includes a pre-defined PN sequence and a system information sequence. The
receiver can use the entire PN sequence as the known portion of the signal.
Alternatively, the receiver can use only a part of the PN sequence as the known portion
of the signal. The system information sequence is unknown to the receiver when it

begins operating, but after an initial detection period, the system information sequence is
85276766.1 -8-
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identified and “known”. Therefore, after the initial detection period, the known portion
of the signal can be lengthened in the receiver, such that the known portion of the signal

includes both PN and system information sequences.

[00031] Known signal generator block 102 is operative to generate the known
signal 103, and is coupled to the known signal canceller filter 104. The known signal
103 includes a known portion of the original transmit signal, which is known in advance
by both the transmitter (not shown) and the receiver of which the canceller 100 is a part

thereof.

[00032] In contrast, an unknown portion of the original transmit signal, the
unknown signal, is only known by the transmitter, and represents information to be
communicated to the receiver. (The known signal need not be identical to the pre-

defined portion of the transmitted signal.)

[00033] The known signal 103 consists of periods of known portions of the
original transmit signal and periods of no signal or null signal. Block 102 is operative to
generate the known portion of the original transmitted signal (transmitted by the
transmitter), which is the known signal 103 for use when processing portions of the input
signal 101 corresponding to the known portion of the original transmit signal. Block 102
is further operative to generate no signal or a null signal for use when processing
portions of the input signal corresponding to the unknown portion of the original transmit
signal. The resulting signal is known signal 103, which consists of periods of known

portions of the original transmit signal and periods of no signal or null signal.

[00034] The block 104 is operative to generate the filtered known signal 105
and the estimated channel impulse response 110. The signal 105 is representative of the
known signal 103 after impairment by a communication channel, such as a multipath
channel. The signal 110 is representative of the response of a communication channel to
an impulse, and generally consists of a set of discrete time values or coefficients. The
output of block 104, or coefficients, is the estimated impulse response of the channel
110. As will be shortly described, the coefficients of the block 104 are continually
adapted to track the impulse response of the channel since the delay and attenuation of
the multiple paths may change over time, particularly when the receiver is moving

relative to the transmitter. Block 104 provides an input signal 105 to signal subtractor
85276766.1 -9-
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block 106. Block 104 is coupled to known signal canceller update unit 108, known
signal generator 102, and signal subtractor block 106.

[00035] The known signal 103 and the input signal 101 have substantially the
same time base. That is, they are generated at substantially the same symbol rate. In one
embodiment, the known signal 103 has the same time base as the original transmitted
signal and the input signal 101 has already been processed by the receiver’s timing
recovery in order to synchronize it to the transmitter. In other embodiments, the known
signal generator 102 includes a timing recovery process that synchronizes the known
signal 103 to the local receiver’s time base. Other system architectures are contemplated
where the transmitter and receiver are externally synchronized, and no timing recovery is

necessary in the receiver.

[00036] In operation, the block 104 receives the known signal 103 and
generates the filtered known signal 105. In one embodiment, the block 104 is a finite
impulse response (FIR) digital filter, which is readily known to those skilled in the art.
Other embodiments are contemplated wherein the block 104 is an infinite impulse
response (UR) filter (also known to those skilled in the art), a non-linear filter, or in
general any type of filter. Note that while the known signal 103 conceptually includes
periods of null signal, the null signal need not physically be generated in the receiver.
Instead, the known signal generator 102 and the block 104 may be synchronized in such
a way that the block 104 operates as if the null signal were present when processing
portions of the input signal 101 corresponds to the unknown portion of the original
transmit signal. This can be done for example by using only a subset of filter
coefficients when calculating the filter output, leaving out the coefficients corresponding
to unknown portions of the original transmit signal. Note also that in the DTMB
example, the PN sequence can be represented using only values of -1 and +1. This can
greatly simplify the design of the known signal canceller filter. For example, if an FIR
filter is used, it can be implemented using only addition and subtraction functions with

no multiplication function, which is expensive to implement, necessary.
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[00037] In some cases, the known signal has several repetitions of a PN
sequence, and is defined herein as a “cyclic” PN. It is noted that the PN sequences in
DTMB header modes 1 and 3 are actually “quasi-cyclic,” meaning only a part of the PN

sequence is repeated.

[00038] The signal subtractor 106 receives the input signal 101 and the filtered
known signal 105. The signal subtractor 106 subtracts the filtered known signal 105
from the input signal 101 to generate an output signal 107.

[00039] A known signal canceller update unit 108 adjusts the coefficients of
the block 104 based on a comparison of the output signal 107 to a desired signal 109
wherein the desired signal 109 is typically an all-zero or null signal. Unit 108 is
responsive to signal 107 and signal 109 and operative to send coefficient adjustment
signal 111 to known signal canceller filter 104. Signal III contains the coefficient
adjustments based on the comparison of signal 107 with signal 109. In one embodiment,
the coefficient adjustment is done using the LMS algorithm and the coefficients are
adjusted once for every discrete time value of the input signal 101. Note that due to the
presence of the null signal or no signal during portions of the known signal, the
adjustment computed by the LMS algorithm for some coefficients will be 0, effectively
resulting in no adjustment. In some embodiments, the adjustment is disabled for those
coefficients when the corresponding known signal 103 is null or not present. Other
embodiments use the Recursive Least Squares (RLS) method as an alternative to the

LMS algorithm to update the coefficients.

[00040] Once converged, the coefficients of the block 104 represent the
estimated impulse response of the channel 110 and the output signal 107 includes only
the unknown signal. The coefficients are continually adapted to track the impulse
response of the channel since the delay and attenuation of the multiple paths may change

over time, particularly when the receiver is moving relative to the transmitter.

[00041] In some receiver designs, the input signal 101 may have a carrier
frequency offset relative to the known signal 103. This indicates that carrier recovery
has not been done yet or has only partially been done. In this case, the block 104 of Fig.
1 adjusts to compensate both for the changes in the channel impulse response as well as

for the changes in the carrier phase. However, this reduces the effectiveness of the block
85276766.1 -11-
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104 in estimating the channel impulse response. Therefore, it is desirable to implement a
separate carrier recovery mechanism such that the carrier frequency offset is removed or

eliminated before the signal subtractor 106.

[00042] Block 104 may suffer from self-noise, due to the large number of taps
required to handle channel delay spreads near the guard interval length. To reduce
selfnoise, block 104 can be segmented in a manner similar to the segmented equalizer
shown and discussed in U.S. Patent Application No. 111291,334, entitled “Segmented
Equalizer,” filed November 30,2005, by Dong et al., all of which is incorporated herein
by reference as though set forth in full. Using this approach, the block 104 is divided
into segments with each segment having its own step size for coefficient updating.
Segments with smaller coefficients use a smaller step size, greatly reducing the

contribution of those segments to the self-noise of the block 104.

[00043] As previously noted, in an exemplary embodiment of the present
invention, known signal canceller filter 104 is a finite impulse response (FIR) filter. A
FIR filter generally includes a plurality of coefficients wherein each coefficient is
responsive to a delayed sample. The delayed samples are dispersed between the
coefficients where each delayed sample corresponds to a coefficient. There is no
feedback path in a FIR filter. An adaptive FIR filter further includes a step size used for
updating the coefficients. In one embodiment of the present invention, the FIR filter is
segmented. In an adaptive FIR filter that is segmented, each segment has its own step
size, whereas in a non-segmented adaptive FIR filter, there is generally only one step
size for all coefficients. In another embodiment of the present invention, the FIR filter is

not segmented.

[00044] Fig. 1 further shows a signal subtractor 106, which is operative to
subtract the filtered known signal 105 from the input signal 101, and to generate an
output signal 107. Output signal 107 represents the unknown portion of the received
signal, with the known portion of the received signal substantially removed. Note that
due to imperfections in the estimated channel impulse response, the known portion of the
signal may not be completely removed. For example, the known portion may only be

attenuated relative to the unknown portion.
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[00045] Fig. 2 shows an adaptive known signal canceller 200, in accordance
with an alternative embodiment. In the canceller 200, the filtered known signal is used
for carrier recovery. In this embodiment, the canceller 200 receives an input signal 201.
A known signal generator 202 generates a known signal 203. Input signal 201 is
substantially the same as input signal 101 of Fig. 1, known signal generator 202 is
substantially the same as known signal generator 102 of Fig. 1, and known signal 203 is
substantially the same as known signal 103 of Fig. 1. However, the embodiment of Fig.
2 is configured to better handle the case where there is a carrier frequency offset between

the input signal 201 and the known signal 203.

[00046] A known signal canceller filter block 204 receives the known signal
203 and generates a filtered known signal 205. The block 204 is substantially the same
as block 104 of Fig. 1, except that its coefficients may be different. Filtered known
signal 205 differs from filtered known signal 105 of Fig. 1 in that the latter may include a
carrier rotation to compensate a carrier offset between the input signal 101 and the

known signal 103.

[00047] In Fig. 2, an adaptive known signal canceller 200 is shown wherein
the filtered known signal 205 is used for carrier recovery. In known signal canceller 200
the carrier recovery mechanism is advantageously implemented to remove the carrier
frequency offset before the signal 205 is used by signal subtractor 206. Canceller 200 is
advantageously designed for instances when there is a carrier frequency offset between

the input signal 201 and the known signal 203.

[00048] Canceller 200 is shown to receive the input signal 201 and to generate
the signal 210 and the output signal 207. The known signal canceller filter 204 is shown
to generate the estimated channel impulse response 210 and the filtered known signal
205. The known signal generator 202 is shown to generate a known signal 203. The
phase error detection 213 is shown to generate the phase error signal 214. A carrier
rotation block 211 is shown to generate the rotated input signal 212 and the signal

subtractor 206 is shown to generate the output signal 207.
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[00049] The canceller 200 is shown to include a known signal generator block
202, a known signal canceller block 204, a subtractor block 206, a known signal
canceller update unit 208, a carrier rotation block 211, and a phase error detection block

213.

[00050] Input signal 201, known signal generator block 202, known signal
203, known signal canceller block 204, filtered known signal 205, subtractor block 206,
output signal 207, known signal canceller update unit 208, desired signal 209, estimated
channel impulse response 210, coefficient adjustment signal 215 are analogous to input
signal 101, known signal generator block 102, known signal 103, known signal canceller
block 104, filtered known signal 105, subtractor block 106, output signal 107, known
signal canceller update unit 108; desired signal 109, estimated channel impulse response

110, and coefficient adjustment signal 111 in Fig. 1, respectively.

[00051] In Fig. 2, the carrier rotation block 211 is shown coupled to the phase
error detection block 213 and to the signal subtractor 206. The carrier rotation block 211
is operative to receive input signal 20 I and to generate a rotated input signal 212.
Rotated input signal 212 is representative of the input signal after rotation by a carrier
phase. For example, if the input signal 201 is a complex baseband signal expressed as
[+j*Q, the rotated input signal 212 can be expressed as (I+j*Q)*exp(j*theta), where theta
is the angle of rotation, j is the square root of-1, and exp(j*theta) =cos(theta) +
j*sin(theta). Signal subtractor 206 is shown coupled to the carrier rotation block 211 and
the known signal canceller filter block 204. Subtractor 206 receives the rotated input
signal 212 and the filtered known signal 205, and is operative to subtract the filtered
known signal 205 from the rotated input signal 212, to generate output signal 207. Phase
error detector block 213 is shown coupled to the carrier rotation block 211 and to the
subtractor 206. Phase error detector block 213 is operative to receive both the filtered
known signal 205 and the rotated input signal 212, and detect the phase error between
the signals 205 and 212. It is noted that the phase error estimate is only reliable during
portions of the filtered known signal 205 corresponding to known portions of the original

transmit signal.
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[00052] In an embodiment of the present invention, the phase error estimate is
only used when the power or absolute value of the filtered known signal 205 is above a

threshold.

[00053] The phase error detection block 213 generates a phase error signal 214
used by the carrier rotation block 211. The carrier rotation block 211 uses the phase
error signal 214 to update the frequency and/or phase of the rotation applied to the input
signal 201. In an exemplary embodiment of the present invention, the carrier rotation
block 213 performs a second order phase looked loop (PLL) to track both phase and

frequency of the carrier.

[00054] Known signal canceller update unit 208 is shown coupled to the
known signal canceller filter block 204 and to the subtractor 206. Unit 208 is operative
to adjust the coefficients of the known canceller filter block 204, based on a comparison
of the output signal 207 with desired signal 209. Unit 208 is responsive to signal 207
and signal 209 and operative to send coefficient adjustment signal 215 to known signal
canceller filter 204. Signal 215 contains the coefficient adjustments based on the
comparison of signal 207 with signal 209.

[00055] Once converged, the coefficients of the known signal canceller filter
block 204 represent the estimated impulse response of the channe] 210, and the output
signal 207 contains only the unknown signal. Estimated channel impulse response 210
differs from estimated channel impulse response 110 of Fig. 1 in that the latter includes
the effect of carrier offset between the input signal 101 and the known signal 105. As
with the block 108, the block 208 uses the LMS algorithm in an embodiment of the
present invention. Other embodiments use Recursive Least Squares (RLS) as an
alternative to the LMS method or other alternative adaptation methods to update the

coefficients.

[00056] Fig. 2(a) shows an exemplary embodiment of a known signal canceller
update and filter block 270. Block 270 is shown to include known signal canceller
update unit 208 and known signal canceller filter 204. It is noted that in an alternative
embodiment of the present invention block 270 is implemented in software. Block 270
is shown to receive as input known signal 203, and is operative to generate as output

filtered known signal 205. Known signal canceller filter 204 is shown to receive signal
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203 or an known signal sample sequence {v,}, create multiply delayed versions of the
known signal samples by delay elements 250, then multiply these multiply delayed
known signal samples by a estimated channel impulse response 210 also known as filter
coefficients ¢y, ... , cn.;, where N is filter length. The results are then summed together,
by a summer 257, to form a filtered known signal 205 or a filter output sequence {y,}.
This is shown in the following Filter Equation:

N-1

yn = Zvn-ici Eq' (1)

=0

[00057] Known signal canceller update unit 208 is shown to receive output
signal 207 and desired signal 209. Unit 208 then uses signal 207 and signal 209 to

produce signal 281 also known as the error sequence {e,} according to Error Equation:

e,=d,~y, Eq. (2)

[00058] The signal 281 or the error is further scaled by a step size multiplier
280 to form scaled error 215. The coefficients of the filter are then updated by signal
215 using the scaled error and delay line data (from the delay line block 250) according
to the Update Equation:

e =cf +Ae,v

n’n—i?

i=0,.,N-1 Eq. 3)

[00059] Where v,.;’s are delay line signal samples, e, is the error, and A is the

. . k k+]
step size for coefficients ¢;ydate. ‘s (same as ¢;’s) and ¢ ‘s are current set and next set

of equalizer coefficients.

[00060] It is noted that filter block 204 is generally made of a series of taps (or
delay elements) coupled to sequentially delay the input by a sample each and a series of
corresponding multipliers for multiplying the output of the delay elements with
respective coefficients that are updated pursuant to an algorithm, such as the LMS or the
RLS algorithm. Block 204 is responsive to the input of known signal 203. Known
signal 203 can be real or complex valued. In one embodiment of the present invention,
the input values are restricted to the values of-1, 0, or +1. Therefore, in this embodiment

of the present invention, multiplication can be implemented by simple operations like
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sign inversion, without requiring expensive multipliers. Accordingly, the multiplier
hardware is simplified when the input values and/or coefficients are restricted to a
limited number of values. The portion of the known signal 203 corresponding to the
known portion of the transmit signal is limited to values of -1 or +1, while the part of
“known signal” corresponding to the unknown part of the transmit signal is equal to 0.
The filter operation consists of adding and subtracting filter coefficients. The
“multiplication” carried out by the multipliers of block 204 is therefore very simple, and
consists of selecting whether to add, subtract, or to perform no operation at all. The
simple operations carried out by the multipliers of block 204 advantageously reduces the

cost associated with the production of block 204.

[00061] In yet another embodiment of the present invention, the multipliers of
block 204 are implemented using add and shift elements. Such an embodiment has the

drawback of more complex multiplier hardware.

[00062] In an exemplary embodiment of the present invention, block 204
includes n number of delay tap elements, and n number of multiplier blocks. The n
number of delay tap elements and multiplier blocks is determined by the desired
accuracy of canceller 200, in particular the desired maximum channel delay spread that

can be handled.

[00063] Itis noted that known signal canceller filter block 104 is analogous to
known signal canceller filter block 204 of Fig. 2(a). It is further noted that signal 215,
signal 210, and signal 203 are analogous to signals 111, 110, and 103 of Fig. 1,

respectively.

[00064] Fig. 3 shows an orthogonal frequency domain modulation (OFDM)
receiver with an adaptive known signal canceller 302. OFDM receiver 300 is shown to
include input signal 301, adaptive known signal canceller 302, time domain unknown
signal 303, estimated channel impulse response 304, delay spread estimation block 305,
estimated delay spread 306, cyclic restoration block 307, cyclically restored signal (or
cyclically restored time domain unknown signal) 308, discrete Fourier transformer
(DFT) 309, frequency domain unknown signal 310, DFT 311, estimated frequency

response signal 312, frequency domain equalizer 313, and equalized signal 314.
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[00065] Receiver 300 receives input signal 301, which is analogous to input
signal 101 or input signal 201. Adaptive known signal canceller 302 of receiver 300 is
advantageously configured to remove the known portion of the input signal 301 and
generate a time domain unknown signal 303, analogous to output signals 103 or 203,
along with an estimated channel impulse response 304. Receiver 300 uses a multi-

carrier (OFDM) signal.

[00066] A delay spread estimation block 305 is operative to receive the
estimated channel impulse response 304, and further operative to generate an estimated

delay spread 306.

[00067] Adaptive known signal canceller 302 is connected to cyclic restoration
block 307, DFT 311, and delay spread estimation block 305. Adaptive known signal
canceller 302 receives input signal 301, and is operative to generate estimated channel
impulse response 304, and time domain unknown signal 303. Adaptive known signal

canceller 302 is analogous to canceller 100 or 200 in Fig. 1 or Fig. 2 respectively.

[00068] A delay spread estimation block 305 is connected to cyclic restoration
block 306, DFT 311, and canceller 302. Delay spread estimation block 305 is operative
to receive the estimated channel impulse response 304, and to generate an estimated
delay spread 306. In one embodiment of the present invention, the delay spread
estimation block 305 estimates the delay spread 306 by finding the earliest and latest taps
(coefficients) of the estimated channel impulse response 304 that are above a threshold,
and thereafter measuring the distance between the two. Cyclic restoration block 307 is
shown connected to canceller 302, delay spread estimation block 305, and DFT 3009.
Cyclic restoration block 307 is operative to receive signal 303 and the estimated delay
spread 306, and to generate a cyclically restored signal 308. The process of cyclic
restoration is well known to one skilled in the art, and is the process of adding a portion
of a signal to a delayed portion of a signal to form a single frame that represents a cyclic
convolution of the signal frame with the channel impulse response, wherein the length of
the signal portions added together correspond to the estimated delay spread of the

channel.

[00069] Fig. 3 further shows a first DFT 309 connected to cyclic restoration

block 307 and frequency domain equalizer block 313. DFT 309 is operative to receive
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the cyclically restored signal 308 and generate frequency domain unknown signal 310,
comprised of sub-signals for each of the orthogonal sub-carriers. The frequency domain

unknown signal 310 is a frequency representation of the cyclically restored signal 308.

[00070] A second DFT 311 is shown connected to canceller 302, delay spread
estimation block 305, and frequency domain equalizer 313. DFT 311 is operative to
receive the estimated channel impulse response 304 and generate an estimated frequency
response signal 312. The estimated frequency response signal 312 is a frequency
representation of the estimated channel impulse response 304. In the embodiment of the
present invention shown in Fig. 3, DFT 311 and delay spread estimation block 305 only

share the same input, and are not coupled to each other.

[00071] In an alternative embodiment of the present invention, DFT 311 is
coupled to delay spread estimation block 305 and operative to reduce the noise from
parts of the estimated channel impulse response 304 outside the estimated delay spread

306.

[00072] In one embodiment, only the estimated channel impulse response 304
within the estimated delay spread 306 is used by DFT 311. Parts of the estimated
channel impulse response 304 outside the estimated delay spread 306 are not used, or are
effectively set to zero by DFT 311, resulting in a truncated impulse response. Lastly, a
frequency domain equalizer (FEQ) 313 is shown connected to both DFT 311 and DFT
309. FEQ 313 is operative to receive the estimated frequency response 312 and generate
an equalized signal 314. Equalized signal 314 is a frequency domain representation of
the unknown part of the received input signal 301, with the effects of the communication
channel removed. The equalized signal 314 is the receiver’s estimate of the unknown

portion of the transmitted signal.

[00073] Adaptive known signal cancellers 100 and 200 can also be applied to
non-OFDM signals, such as those employing single-carrier modulation. In that case,
equalization can be done in either the time domain or frequency domain. In an
exemplary embodiment of the present invention, an inverse DFT (IDFT) block is
connected to the FEQ 313 to convert the equalized signal back to time domain for further

processing.
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[00074] Fig. 4 shows a receiver 400 in which the estimated channel impulse
response 404 is used to compute time-domain equalizer coefficients. Fig. 4 is shown to
include receiver 400, input signal 401, adaptive known signal canceller 402, output
signal 403, estimated channel impulse response 404, equalizer coefficient computation
block 4035, time domain equalizer coefficients 406, time domain equalizer block 407, and

equalized signal 408. The receiver 400 uses a single carrier signal.

[00075] An adaptive known signal canceller 402 is operative to receive input
signal 401, and further operative to remove the known portion of the input signal 401
and generate an output signal 403, along with an estimated channel impulse response
404. Canceller 402 is connected to equalizer coefficient computation block 405 and time
domain equalizer block 407. Equalizer coefficient computation block 405 is connected
to canceller 402 and time domain equalizer block 407. Equalizer coefficient
computation block 405 is operative to receive estimated channel impulse response 404
and further operative to compute and generate time domain equalizer coefficients 406
based on the estimated channel impulse response 404. Multiple ways to calculate time
domain equalizer coefficients are known to one skilled in the art depending on the
structure of the equalizer and the algorithms employed. In one embodiment of the
present invention coefficients are generated according to a minimum mean squared error
(MMSE) criterion, where equations are set up to minimize the mean squared error
between equalizer outputs and the transmitted symbols given the channel impulse
response and an estimate of the signal to noise ration (SNR). Then the equations are
solved for the equalizer. It is noted that other coefficient generating methods are known

to those skilled in the art.

[00076] Techniques to compute equalizer coefficients from a channel impulse
response are well-known in the art. A time domain equalizer block 407 is operative to
apply the equalizer coefficients 406 to the output signal 403 to generate an equalized
signal 408. Time domain equalizer block 407 is connected to equalizer coefficient
computation block 405 and adaptive known signal canceller 402. The time domain
equalizer 407 may take the form of a linear equalizer, a decision feedback equalizer
(DFE), or in general any type of equalizer used in the art of digital communication

system design.
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[00077] Fig. 5 shows a known signal cancellation and channel impulse
response estimation process 500 in accordance with a method of the present invention.
At step 501, a sample of an input signal (such as the input signals 101, 20 I, 301 or 40 I)
is received. At step 502, a determination is made whether or not the input sample
corresponds to a known portion of the signal. If yes, and the sample does correspond to
a known portion of the signal, a sample of the known portion of the signal is generated at
step 503. Otherwise, if no, a null sample or no sample is generated at step 504. The
combination of known samples and null or no samples is analogous to the known signals
103, and 203. At step 505 a sample of the filtered known signal is generated. The
filtered known signal is analogous to filtered known signals 105 and 205. At step 506,
the sample of the filtered known signal is subtracted from the sample of the input signal
to produce a sample of the output signal. The output signal is analogous to the signals
107,207,303, and 403. At step 507, the filter coefficients of the known signal canceller
filter block (such as blocks 104 or 204) are updated based on the difference between the
output signal and the desired signal. The desired signal is analogous to the desired
signals 109 and 209. The coefficients of the known signal canceller filter block
correspond to the estimated channel impulse response. Next, the process proceeds to
step 50 I, where another sample of the input signal is received. The process is performed

in a continuous manner as long as the input signal is being received.

[00078] The hardware described above, including any logic or transistor
circuit, may be generated automatically by computer based on a description of the
hardware expressed in the syntax and the semantics of a hardware description language,
as known by those skilled in the art. Applicable hardware description languages include
those provided at the layout, circuit netlist, register transfer, and schematic capture
levels. Examples of hardware description languages include ODS II and OASIS (layout
level), various SPICE languages and IBIS (circuit netlist level), Verilog and VHDL
(register transfer level) and Virtuoso custom design language and Design Architecture-
IC custom design language (schematic capture level). The hardware description may
also be used, for example, in various behavior, logic and circuit modeling and simulation

purposes.
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[00079] Although the present invention has been described in terms of specific
embodiments, it is anticipated that alterations and modifications thereof will no doubt
become apparent to those skilled in the art. It is therefore intended that the following
claims be interpreted as covering all such alterations and modification as fall within the

true spirit and scope of the invention.

[00080] What is claimed is:
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CLAIMS

1. A receiver responsive to at least one input signal of a communication
channel and operative to generate an equalized signal comprising:

an adaptive known signal canceller responsive to an input signal of a
communication channel including frames of information, said input signal including
orthogonal sub-carriers and representing a transmitted signal that has been distorted by
the communication channel, said adaptive known signal canceller operative to generate a
time domain unknown signal, and further operative to generate an estimated channel
impulse response signal representing substantially the impulse response of the channel,
the adaptive known signal canceller including a known signal canceller filter configured
to generate a filtered known signal, the known signal canceller filter configured to
receive a coefficient update signal that is used to update the coefficient, the adaptive
known signal canceller further including a subtractor responsive to the input signal and
operative to generate an output signal, the subtractor configured to subtract the filtered
known signal from the input signal, the adaptive known signal canceller further including
a known signal canceller update unit responsive to a desired signal, the desired signal
representing the desired output signal with the known signal part having been removed,
the known signal canceller update unit operative to provide the coefficient update signal
to the known signal canceller filter based on the difference between the output signal and
the desired signal, so that the coefficients correspond to an estimate of the impulse
response of the channel, and a known portion of the transmitted signal is adaptively
removed from the input signal; and

a frequency domain equalizer responsive to a frequency representation of the
estimated channel impulse response and a frequency representation of a cyclically
restored time domain unknown signal and operative to generate an frequency domain
equalized signal, the frequency domain equalizer configured to remove the effects of the
channel thereby generating a frequency domain estimate of the unknown part of the

transmitted signal.

85276766.1 -23 -



WO 2010/042809 PCT/US2009/060152

2. A receiver as recited in Claim I, further comprising:

a delay spread estimation block responsive to an estimated channel impulse
response and operative to generate an estimated delay spread signal,

a cyclic restoration block responsive to the output signal and operative to
generate a cyclically restored signal, the cyclic restoration block configured to add a
portion of the output signal to a delayed potion of the output signal to form a single
frame that represents a cyclic convolution of the single frame with the channel impulse
response;

a first discrete Fourier transformer (DFT) responsive to the cyclically restored
time domain unknown signal and operative to generate frequency domain sub-signals for
each of the orthogonal sub-carriers, the DFT configured to use Fourier analysis to
transform the cyclically restored time domain unknown signal into frequency domain
sub-signals for each of the orthogonal sub-carriers; and

a second DFT responsive to the estimated channel impulse response and
operative to generate an estimated frequency response signal, which is the frequency
representation of the estimated channel impulse response, the second DFT configured to
use Fourier analysis to transform the estimated channel impulse response into the

estimated frequency response signal.

3. A receiver as recited in Claim 2, wherein the delay spread estimation
block is configured to generate an estimated delay spread signal by finding the earliest
and latest coefficients of the estimated channel impulse response that are above a
threshold, and thereafter measuring the distance between the earliest and latest

coefficients.

4. A receiver responsive to at least one input signal and operative to generate
an equalized signal comprising:

an adaptive known signal canceller responsive to an input signal of a
communication channel including frames of information, said input signal representing a
transmitted signal that has been distorted by the communication channel, said adaptive
known signal canceller operative to geherate a time domain unknown signal, and further
operative to generate an estimated channel impulse response signal representing
substantially the impulse response of the channel, the adaptive known signal canceller

including a known signal canceller filter configured to generate a filtered known signal,
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the known signal canceller filter configured to receive a coefficient update signal that is
used to update the coefficients, the adaptive known signal canceller further including a
subtractor responsive to the input signal and operative to generate an output signal, the
subtractor configured to subtract the filtered known signal from the input signal, the
adaptive known signal canceller further including a known signal canceller update unit
responsive to a desired signal, the desired signal representing the desired output signal
with the known signal part having been removed, the known signal canceller update unit
operative to provide the coefficient update signal to the known signal canceller filter
based on the difference between the output signal and the desired signal, so that the
coefficients correspond to an estimate of the impulse response of the channel, and a
known portion of the transmitted signal is adaptively removed from the input signal;

a equalizer coefficient computation block responsive to the estimated channel
impulse response and operative to compute and generate time domain equalizer
coefficients; and ‘

a time domain equalizer responsive to the time domain equalizer coefficients and
to the output signal, and operative to generate an equalized signal, the time domain
equalizer configured to filter the output signal using the time domain equalizer

coefficients to yield an equalized signal.

5. A receiver as recited in claim 4, wherein the equalizer coefficient
computation block generates the coefficients according to minimum mean squared error
(MMSE) criterion, wherein equations are set up to minimize the mean squared error
between equalizer outputs and transmitted symbols given the channel impulse response
and an estimate of the signal to noise ratio (SNR), and further wherein the equations are

solved for the equalizer coefficients.

6. An adaptive known signal canceller adaptive for use in a receiver
configured to receive at least one channel carrying information, said adaptive known
canceller comprising:

a known signal canceller filter responsive to a known signal including a known
portion of a transmitted signal, the known signal canceller filter operative to generate a
filtered known signal;

a subtractor unit responsive to an input signal and operative to generate an output

signal, the subtractor unit configured to subtract the filtered known signal from the input
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signal to generate an output signal, such that the known portion of the transmitted signal
is substantially removed from the input signal;

and a known signal canceller update unit, responsive to a desired signal and an
output signal and operative to adjust the coefficients of the known signal canceller filter
based on the difference between the output signal and the desired signal, so that the filter

coefficients substantially reflect the impulse response of a channel.

7. An adaptive known signal canceller as recited in Claim 6, wherein the

desired signal is an all-zero signal.

8. An adaptive known signal canceller as recited in Claim 6, wherein the

desired signal is a null signal.

9. An adaptive known signal canceller as recited in Claim 6, wherein the
adaptive known signal canceller is operative to perform channel estimation and to

provide an output signal in response to an input signal and a known signal.

10.  An adaptive known signal canceller as recited in Claim 6, further
comprising a known signal generator, operative to generate a known signal including a

known portion of a transmitted signal.

11.  An adaptive known signal canceller as recited in Claim 6, further
comprising a signal subtractor, responsive to the input signal and the filtered known
signal, and operative to compute The difference between the input signal and the filtered

known signal to generate an output signal.

12. An adaptive known signal canceller, as recited in claim 6, wherein the

known signal includes a quasi-cyclic pseudo-random number (PN) sequence.

13.  An adaptive known signal canceller, as recited in claim 6, wherein the

known signal includes a non-cyclic pseudo-random (PN) sequence.

14.  An adaptive known signal canceller as recited in claim 6, wherein said
known signal generator is further operative to stop generating signals during a time

corresponding to an unknown portion of a transmitted signal.
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15.  An adaptive known signal canceller as recited in claim 6, wherein the
known signal canceller update unit adjusts the filter coefficients using the LMS

algorithm.

16.  An adaptive known signal canceller as recited in claim 6, wherein the

desired signal consists of a discrete time signal whose values are all zero.

17.  An adaptive known signal canceller as recited in claim 6, wherein the

known portion of the transmit signal is a frame header.

18.  The adaptive known signal canceller as recited in claim 17, wherein the

frame header consists of a PN sequence.

19.  The adaptive known signal canceller as recited in claim 6, wherein the

known signal canceller filter is a finite impulse response filter.

20.  The adaptive known signal canceller as recited in claim 19, wherein the

known signal canceller filter includes only addition and subtraction elements.

21.  An adaptive known signal canceller operative to perform channel
estimation and to provide an output signal in response to an input signal, comprising:

a known signal generator, operative to generate a known signal consisting of a
known portion of a transmitted signal;

a known signal canceller filter, responsive to the known signal and operative to
generate a filtered known signal;

a signal subtractor, responsive to an input signal and the filtered known signal,
and operative to compute the difference between the input signal and the filtered known
signal to generate an output signal; and

a known signal canceller update unit, responsive to a desired signal and an output
signal, and operative to continually adjust the coefficients of the known signal canceller
filter based on the difference between the output signal and a desired signal, to generate

an estimated channel impulse response.

22.  An adaptive known signal canceller as recited in claim 21, wherein said
known signal generator is operative to generate a null signal corresponding to an
unknown portion of a transmitted signal.
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23.  An adaptive known signal canceller as recited in claim 21, wherein the

null signal consists of a discrete time signal whose values are all zero.

24.  An adaptive known signal canceller as recited in claim 21, wherein said
known signal generator is further operative to stop generating signals during a time

corresponding to an unknown portion of a transmitted signal.

25.  An adaptive known signal canceller as recited in claim 21, wherein the
known signal canceller update unit adjusts the filter coefficients using the LMS

algorithm.

26.  An adaptive known signal canceller as recited in claim 21, wherein the

desired signal consists of a discrete time signal whose values are all zero.

27.  An adaptive known signal canceller as recited in claim 21, wherein the

known portion of the transmit signal is a frame header.

28.  The adaptive known signal canceller as recited in claim 27, wherein the

frame header consists of a PN sequence.

29.  The adaptive known signal canceller as recited in claim 21, wherein the

known signal canceller filter is a finite impulse response filter.

30.  The adaptive known signal canceller as recited in claim 29, wherein the

known signal canceller filter includes only addition and subtraction elements.

31.  The adaptive known signal canceller as recited in claim 29, wherein the
finite impulse response filter consists of a plurality of segments, wherein each segment is
responsive to a delayed sample of the known signal, and wherein the finite impulse
response filter further consists of a filter block for filtering the delayed samples by using

coefficients which are updated based on a step size generated for each segment.

32.  An adaptive known signal canceller operative to provide an output signal
in response to a input signal, comprising:

a known signal generator, operative to generate a known signal consisting of a
known portion of a transmitted signal;

a known signal canceller filter, responsive to the known signal and operative to
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generate a filtered known signal;

a carrier rotation block, responsive to an input signal and operative to generate a
rotated signal, wherein said rotated signal represents the input signal with a carrier phase
rotation;

a signal subtractor, responsive to the rotated signal and the filtered known signal,
and operative to compute the difference between the rotated signal and the filtered
known signal to generate an output signal;

a known signal canceller update unit, responsive to a desired signal and an output
signal, and operative to adjust the coefficients of the known signal canceller filter based
on the difference between the output signal and a desired signal, to generate an estimated
channel impulse response; and

a phase error detection block, responsive to the rotated signal and the filtered
known signal, and operative to generate a phase error signal; wherein the carrier rotation
block is further operative to use said phase error signal to update the phase rotation for a

subsequent value of the input signal.

33.  An adaptive known signal canceller as recited in claim 32, wherein the
known signal generator is further operative to generate a null signal corresponding to an

unknown portion of a transmitted signal.

34.  An adaptive known signal canceller as recited in claim 32, wherein the

null signal consists of a discrete time signal whose values are all zero.

35.  An adaptive known signal canceller as recited in claim 32, wherein the
known signal generator is further operative to stop generating signals during a time

corresponding to an unknown portion of a transmitted signal.

36.  An adaptive known signal canceller as recited in claim 32, wherein the
known signal canceller update unit adjusts the filter coefficients using the LMS

algorithm.

37.  An adaptive known signal canceller as recited in claim 32, wherein the

desired signal consists of a discrete time signal whose values are all zero.
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38.  An adaptive known signal canceller as recited in claim 32, wherein the

known portion of the transmit signal is a frame header.

39.  An adaptive known signal canceller as recited in claim 32, wherein the

frame header consists of a PN sequence.

40.  An adaptive known signal canceller as recited in claim 32, wherein the

known signal consists of a sequence of values in the set {-I, +1}.

41.  An adaptive known signal canceller of claim 32, wherein the known

signal canceller filter is a finite impulse response filter.

42.  An adaptive known signal canceller of claim 41, wherein the known

signal canceller filter is implemented using only addition and subtraction.

43,  An adaptive known signal canceller of claim 42, wherein the finite
impulse response filter consists of a plurality of segments, wherein each segment is
responsive to a delayed sample of the known signal, and wherein the finite impulse
response filter further consists of a filter block for filtering the delayed samples by using

coefficients which are updated based on a step size generated for each segment.

44.  An adaptive known signal canceller comprising:

means for generating a known signal consisting of a known portion of a
transmitted signal;

means for receiving the known signal; means for generating a filtered known
signal;

means for receiving an input signal and the filtered known signal;

means for computing the difference between the input signal and the filtered
signal to generate an output signal means for receiving a desired signal and an output
signal: means for adjusting the coefficients of the known signal canceller filter based on
the difference between the output signal and a desired signal, to generate an estimated

channel impulse response.
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45. A method of channel impulse response estimation comprising:

a. receiving an input signal sample;

b. determining if said sample corresponds to a known portion of the signal, and if
it does, generating a sample of the known portion of the signal;

c. generating a filtered known sample using one or more samples of the known
portion of the signal;

d. generating an output sample by subtracting the sample of the filtered known
signal from the sample of the input signal;

e. updating the filter coefficients of the known signal canceller filter block based
on the difference between the output signal and the desired signal; and

f. repeating steps a.-e. so long as the input signal is received.

46. A computer-readable medium containing a description expressed in a
hardware description language which is interpreted by a computer to specify a circuit
that performs a method to generate an equalized signal comprising:

an adaptive known signal canceller responsive to an input signal of a
communication channel including frames of information, said input signal including
orthogonal sub-carriers and representing a transmitted signal that has been distorted by
the communication channel, said adaptive known signal canceller operative to generate a
time domain unknown signal, and further operative to generate an estimated channel
impulse response signal representing substantially the impulse response of the channel,
the adaptive known signal canceller including a known signal canceller filter configured
to generate a filtered known signal, the known signal canceller filter configured to
receive a coefficient update signal that is used to update the coefficient, the adaptive
known signal canceller further including a subtractor responsive to the input signal and
operative to generate an output signal, the subtractor configured to subtract the filtered
known signal from the input signal, the adaptive known signal canceller further including
a known signal canceller update unit responsive to a desired signal, the desired signal
representing the desired output signal with the known signal part having been removed,
the known signal canceller update unit operative to provide the coefficient update signal
to the known signal canceller filter based on the difference between the output signal and
the desired signal, so that the coefficients correspond to an estimate of the impulse

response of the channel, and a known portion of the transmitted signal is adaptively
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removed from the input signal; and

a frequency domain equalizer responsive to a frequency representation of the
estimated channel impulse response and a frequency representation of a cyclically
restored time domain unknown signal and operative to generate an frequency domain
equalized signal, the frequency domain equalizer configured to remove the effects of the
channel thereby generating a frequency domain estimate of the unknown part of the

transmitted signal.

47. A computer-readable medium containing a description expressed in a
hardware description language which is interpreted by a computer to specify a circuit
that performs a method of channel impulse response estimation comprising:

an adaptive known signal canceller responsive to an input signal of a
communication channel including frames of information, said input signal representing a
transmitted signal that has been distorted by the communication channel, said adaptive
known signal canceller operative to generate a time domain unknown signal, and further
operative to generate an estimated channel impulse response signal representing
substantially the impulse response of the channel, the adaptive known signal canceller
including a known signal canceller filter configured to generate a filtered known signal,
the known signal canceller filter configured to receive a coefficient update signal that is
used to update the coefficients, the adaptive known signal canceller further including a
subtractor responsive to the input signal and operative to generate an output signal, the
subtractor configured to subtract the filtered known signal from the input signal, the
adaptive known signal canceller further including a known signal canceller update unit
responsive to a desired signal, the desired signal representing the desired output signal
with the known signal part having been removed, the known signal canceller update unit
operative to provide the coefficient update signal to the known signal canceller filter
based on the difference between the output signal and the desired signal, so that the
coefficients correspond to an estimate of the impulse response of the channel, and a
known portion of the transmitted signal is adaptively removed from the input signal;

a equalizer coefficient computation block responsive to the estimated channel
impulse response and operative to compute and generate time domain equalizer
coefficients; and a time domain equalizer responsive to the time domain equalizer

coefficients and to the output signal, and operative to generate an equalized signal, the
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time domain equalizer configured to filter the output signal using the time domain

equalizer coefficients to yield an equalized signal.

48. A computer-readable medium containing a description expressed in a
hardware description language which is interpreted by a computer to specify a circuit
that performs a method to receive at least one channel carrying information, said circuit
comprising:

a known signal canceller filter responsive to a known signal including a known
portion of a transmitted signal, the known signal canceller filter operative to generate a
filtered known signal,

a subtractor unit responsive to an input signal and operative to generate an output
signal, the subtractor unit configured to subtract the filtered known signal from the input
signal to generate an output signal, such that the known portion of the transmitted signal
is substantially removed from the input signal; and

a known signal canceller update unit, responsive to a desired signal and an output
signal and operative to adjust the coefficients of the known signal canceller filter based
on the difference between the output signal and the desired signal, so that the filter

coefficients substantially reflect the impulse response of a channel].
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