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Description

1. Field of the Invention.

[0001] The invention relates to echo and next cancel-
lation in a communication system, an in particular to a
frequency domain technique for echo and next cancel-
lation.

2. Related Art.

[0002] As is commonly understood, there is a contin-
uing need to increase the data communication rate. Cer-
tain communication systems are equipped with multiple
channels between stations, and each station communi-
cates using multiple channels. As a result, the total ag-
gregate throughput is greatly increased as compared to
systems that utilize a single channel. A particularly note-
worthy example is in current 1000BASE-T and future
multiple gigabit Ethernet, where all four twisted copper
pairs of the Category 5 unshielded twisted pair (UTP)
cable are used for transmission of data.
[0003] While multi-channel communication links
speed data transfer, such systems suffer from draw-
backs. One such drawback is that multi-channel commu-
nication links suffer from coupling. In wired communica-
tions systems, a major source of interference is reflec-
tions of the transmitted signal due to imperfect imped-
ance matching, often due to connectors. In systems
which use multiple pairs, such as Ethernet, interference
is caused both on the pair a signal is transmitted on
(’echo’) and on the other pairs (near end crosstalk, known
as ’next’). These signals degrade the performance of the
receiver, and inhibit operation, particularly when a full
duplex link is established over long distances. This is
particularly true when the received signal has much lower
power than the reflections.
[0004] In an ideal communication link, each channel
of a multi-channel link would be completely decoupled
from the other channels. Thus, each received signal
would consist of the desired far end (FE) signal and a
small amount of random noise. However, an ideal envi-
ronment rarely exists, and hence the interference of
NEXT and echo invades the signal that is received. Thus,
the received signal is largely a combination of the far end
signal and unwanted NEXT and echo components. This
undesirably limits the detection of the far end signal such
that some form of active interference cancellation must
be implemented.
[0005] Therefore, transceivers employ time domain
echo and next cancellers, which are adaptive filters.
These structures use their knowledge of the transmitted
signal to iteratively update a model of the transfer function
so that they can accurately reproduce the echo and next
signals, and cancel them at the receiver. At high sampling
rates however, the echo response can be many taps long.
Interference cancellation is complex, and implementa-
tion of interference cancellation in an electronic system

requires a large degree of processing capability which
for an integrated circuit has implications on area and pow-
er requirements.
[0006] In this regard, the prior art interference cancel-
lation processing consumes an undesirably large amount
of electrical power and generates an undesirable amount
of heat. These factors lead to increase cost of ownership
for products that incorporate prior art interference can-
cellation systems.
[0007] One approach to improve efficiency and reduce
power consumption and complexity is to use a frequency
domain canceller. Typically a set of transmit samples are
collected in a block, the block is transformed into the fre-
quency domain, and then filtering is applied in the fre-
quency domain. Finally the data is transformed back into
the time domain and used for cancellation. This reduces
the number of multiplies needed, which can result in sig-
nificant power reduction, particularly for a hardware im-
plementation.
[0008] The disadvantage of this approach is that the
block operations introduce substantial latency into the
canceller. Excessive latency can limit the application of
communications systems; end-users may prefer other
technologies. For example, for applications such as sci-
entific computing, excessive latency lowers the perform-
ance of ’clusters’ of high performance computers.
[0009] A second issue with the application of the fre-
quency domain approach is that well-known FFT struc-
tures are most efficient for complex signals. However,
directly using complex Cooley-Tukey based transforms
for real signals results in substantial inefficiencies. In a
hardware implementation this translates into increased
power consumption, which is undesirable. One way to
efficiently use a complex transform engine for real signals
is through the use of a ’real adjust’ operation. This ena-
bles an N-point real FFT to be calculated using an N/2-
point complex FFT and N additional complex multiplica-
tions, as well as some low-cost addition operations. This
technique is described in 12.3 FFT of Real Functions,
Sine and Cosine Transforms, pages 510-520, Numerical
Computing in C: The Art of Scientific Computing, Second
Edition, William H. Press, Saul A. Teukolsky, William T.
Vetterling, Brian P. Flannery, 1992. Techniques such as
the real adjust are often used in software implementa-
tions, and they can also be used in hardware. Typically
in hardware systems the FFT is implemented using a
pipelined architecture, to maximize power efficiency and
minimize latency. Use of this structure places restrictions
on the output ordering. These efficient implementations
of FFT algorithms produce outputs in an order which does
not match that required by the real adjust algorithm. This
breaks the pipeline structure of the datapath, and re-
quires that additional buffering be introduced to line up
the data for the real adjust process. This adds significant
latency and power to the canceller. Furthermore, during
the inverse transform an inverse real adjust operation
must be performed, which consumes further power and
increases latency for the same reasons.
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[0010] Other known operations or transforms used to
implement real or complex FFTs include the Cooley-Tuk-
ey algorithm, split-radix transforms, real-split-radix trans-
forms, Winograd transforms, Prime-Factor transforms,
the Bruun algorithm, Rader’s algorithm, Bluestein’s al-
gorithm but these operations do not overcome the draw-
backs of the prior art.
[0011] Latency can be reduced by using a smaller
block size in the frequency domain transform. Upon im-
plementation however, this increases power, as the block
operation (transform-multiply-inverse transform) must
then be performed more frequently. This is particularly a
concern for very long filters. Another proposed solution
to reduce latency is to ’parallelize’ the transform and/or
multiplications by using more physical circuitry to perform
the calculation in parallel, but this introduces complica-
tions in the implementation and can lead to inefficiencies
and increased power consumption. Furthermore in a
hardware implementation parallelization increases area
which increases power loss through leakage even when
the circuit is not active.
[0012] US 2006/062162 A1, on which the preamble of
claim 1 is based, describes various methods for interfer-
ence cancellation, including methods in which a cancel-
lation signal is transformed with a Fast Fourier Trans-
form, and processed in the frequency domain.
[0013] Richard E. Blahut: "Algebraic Fields, Signal
Processing, and Error Control", Proceedings of the IEEE,
vol. 73, no. 5, pages 874-893, New York 1985, describes
a transform process in which a 63-point transform is bro-
ken into a 7-point transform and two 3-point transforms
by successive Good-Thomas and Cooley-Tukey FFT,
and then computed using the Winograd FFT.

SUMMARY

[0014] It is the object of the present invention to provide
a method and system for reducing interference in an in-
coming signal received at a transceiver of a multi-channel
communication device.
[0015] This object is solved by the subject matter of
the independent claims.
[0016] Preferred embodiments are defined in the de-
pendent claims.
[0017] To overcome the drawbacks of the prior art and
provide additional benefits, various different embodi-
ments and configurations are disclosed herein. Dis-
closed herein is a method for reducing interference in an
incoming signal received at a transceiver of a multi-chan-
nel communication device comprising. This method com-
prises the steps of receiving, in a serial format, a signal
to be transmitted over a channel, the transmitted signal
to be transmitted from the transceiver. Then converting
the signal to a parallel format to create data representing
the signal and performing ordering on the data based on
Good-Thomas ordering. Then performing Winograd
transforms on the data and Cooley-Tukey transforms to
create transform domain data. Thereafter, the method

distributes the transform domain data to one or more mul-
tipliers and multiplies the transform domain data by one
or more weighting variables to create a weighted trans-
form domain signal. At this stage, the method performs
inverse Cooley-Tukey transforms on the weighted trans-
form domain data and then inverse Winograd transforms
on the output of the inverse Cooley-Tukey transform to
create cancellation data. Inverse ordering occurs on the
cancellation data before converting the cancellation data
to a serial format signal and combining the cancellation
signal with the incoming signal to reduce interference in
the incoming signal.
[0018] In one embodiment, the signal comprises two
or more signals and each signal is associated with a
channel in the multi-channel communication. The step
of performing ordering on the data may comprise arrang-
ing the data into a two dimensional array. The two dimen-
sional array is an array having lw rows and lr columns.
[0019] Also disclosed herein is a method for canceling
interference in one or more received signals comprising
receiving two or more outgoing signals and converting
the two or more outgoing signals to a transform domain
using a transform operation to create two or more trans-
form domain signals. In this embodiment the transform
operation comprises a Winograd small transform on the
two or more outgoing signals and then performing ceil-
ing(lw/2) Cooley-Tukey transforms on the output of the
Winograd small transform to create the two or more trans-
form domain signals. In one embodiment, the function
y=ceiling[x] returns the smallest integer y which is equal
to or greater than the value x. The ceiling value is the
next whole number that is greater than the identified val-
ue. A floor value is the closest whole number that is less
than the identified value.
[0020] This operation processes the two or more trans-
form domain signals with two or more weighting variables
to generate two or more cancellation signals in the trans-
form domain and converts the two or more transform do-
main cancellation signals out of the transform domain
using an inverse transform operation to obtain two or
more cancellation signals. As such, the inverse transform
operation comprises multiple Cooley-Tukey transforms
and multiple Winograd transforms. The operation then
combines the two or more cancellation signals with two
or more receive signals to cancel interference in the one
or more received signals.
[0021] In one configuration the two or more outgoing
signals are arranged into a two dimensional array. It is
also contemplated that the two or more outgoing signals
are arranged in the two dimensional array based on
Good-Thomas indexing. The processing may comprise
an element by element multiply operation. In addition,
the step of receiving one or more outgoing signals may
comprise receiving four outgoing signals and combining
the cancellation signal with a received signal comprises
combining four cancellation signals with a received sig-
nal. The method may also comprise performing overlap
processing on the one or more outgoing signals and the
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one or more cancellation signals.
[0022] A cancellation system for reducing interference
in a received signal in a multi-channel communication
device is also disclosed such that the cancellation system
for each channel comprises an input for receiving an out-
going signal at a first transceiver, the outgoing signal in
a first domain. This system also comprises one or more
transform units configured to manipulate the outgoing
signal into a second domain signal and provide the sec-
ond domain signal to at least one multiplier associated
with each channel. In this embodiment the transform unit
comprises at least one Winograd transform and at least
one Cooley-Tukey transform. One or more multipliers are
provided and configured to multiply the second domain
signal with one or more weighting variables to create two
or more cancellation signals in the second domain. Also
part of this embodiment is one or more inverse transform
units configured to perform an inverse transform on the
two or more cancellation signals in the second domain
to create a cancellation signal in the second domain. In
this embodiment the transform unit comprises at least
one Cooley-Tukey transform and at least one Winograd
transform. To perform the cancellation, a subtractor is
provided and configured to subtract the cancellation sig-
nal that is in the second domain from a received signal.
[0023] In one embodiment the one or more transform
units are implemented in hardware. The system may fur-
ther comprise one or more summing junctions configured
to add the two or more cancellation signals in the second
domain from the one or more multipliers to generate a
combined cancellation signal in the second domain and
output the combined cancellation signal in the second
domain to the one or more inverse transform units. Fur-
thermore, the system further comprises a buffer system
configured to receive and order the outgoing signal into
a two dimensional array and the data is ordered based
on Good-Thomas indexing. In one configuration, the mul-
ti-channel communication device comprises a four chan-
nel communication device and each cancellation system
generates a cancellation signal that accounts for the in-
terference from each of the four channels. In one em-
bodiment the system further comprises an adaptation
system configured to adaptively generate weighting var-
iables and the adaptation system comprises one or more
transform units configured to convert an error signal to
the second domain and an adaptation module configured
to process the error signal in the second domain to gen-
erate the weighting variables.
[0024] Also disclosed herein is a cancellation system
for use in a multi-channel transceiver to cancel unwanted
coupling. This embodiment comprises four inputs such
that each input provides data to the cancellation system
and the data is in the time domain. One or more buffers
configured to store data and provide and feed data into
at least one Winograd transform unit configured to re-
ceived data from the one or more buffers. Each Winograd
transform unit is configured to perform a Winograd trans-
form to convert the data to processed data. Also part of

this embodiment is at least one Cooley Tukey transform
configured to receive the processed data and perform a
transform to create transform domain data. The trans-
form domain data is provided to one or more multipliers
such that each multiplier is configured to receive the
transform domain data and multiply the transform domain
data with a weighting variable to create cancellation data
in the transform domain. One or more devices configured
to combine the cancellation data in the transform domain
to create a combined cancellation data in the transform
domain perform cancellation and at least one Cooley-
Tukey transform unit is provided and configured to re-
ceive the combined cancellation signal and perform
transform to create processed combined cancellation da-
ta. In addition, at least one Winograd transform unit con-
figured to receive the processed combined cancellation
data, wherein each Winograd transform unit is configured
to perform a Winograd transform to convert the proc-
essed combined cancellation data to create cancellation
data in the time domain.
[0025] In one embodiment the one or more of the
Cooley-Tukey transform units and the one or more of the
Winograd transform units perform overlap processing
and transform processing. It is also contemplated that
the system may further comprise two or more devices
configured to combine the cancellation signals in the
transform domain. In one configuration at least one of
the one or more multipliers is configured to be is shared
between clock cycles.
[0026] Also disclosed herein is a method for generating
a cancellation signal in a cancellation system wherein
the method occurs within one or more channels of a multi-
channel communication system comprising receiving da-
ta at a cancellation system. The data represents to two
or more outgoing signals on the two or more channels in
the multi-channel communication system. This method
also processes the data using a Winograd transform and
a Cooley-Tukey transform to convert each of the one or
more signals into a transform domain and distributes the
one or more signals in the transform domain to one or
more multipliers associated with the one or more chan-
nels. Thereafter, the method multiplies the one or more
signals in the transform domain by one or more weighting
variables to create one or more multiplier outputs and
combines the one or more multiplier outputs to create a
combined transform domain cancellation signal. Then
the method processes the transform domain cancellation
signal to remove the cancellation signal from the trans-
form domain.
[0027] In one embodiment the method further compris-
es ordering the data, prior to processing the data, using
Good-Thomas indexing or an equivalent indexing. Or-
dering the data may comprise ordering the data into a
two dimensional array. The transform domain comprises
the frequency domain. The data may comprise real data.
In one embodiment performing a Winograd transform on
the data and then a Cooley-Tukey transform to create
transform domain data results in redundant data that can
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be eliminated, thus reducing latency and power con-
sumption.
[0028] Other systems, methods, features and advan-
tages of the invention will be or will become apparent to
one with skill in the art upon examination of the following
figures and detailed description. It is intended that all such
additional systems, methods, features and advantages
be included within this description, be within the scope
of the invention, and be protected by the accompanying
claims.

BRIEF DESCRIPTION OF THE DRAWINGS

[0029] Other systems, methods, features and advan-
tages The components in the figures are not necessarily
to scale, emphasis instead being placed upon illustrating
the principles of the invention. In the figures, like refer-
ence numerals designate corresponding parts through-
out the different views.

Figure 1 illustrates a block diagram of a prior art can-
celler system.

Figure 2 illustrates a block diagram of an example
embodiment of a multi-channel transceiver.

Figure 3 illustrates a block diagram of an example
embodiment of the invention.

Figure 4 illustrates a block diagram of an exemplary
embodiment of the adaptive cancellation system.

Figure 5 illustrates a block diagram of the parallel
line structure of the multiplier and its associated de-
vices.

Figure 6 illustrates a block diagram of an example
embodiment of the consolidated transmit side
processing system in a multi-channel environment.

Figure 7 illustrates a block diagram of an embodi-
ment of a consolidated receiver side processing sys-
tem in a multi-channel environment.

Figure 8 illustrates a block diagram of an example
embodiment of a consolidated cancellation system.

Figure 9 illustrates a block diagram of an exemplary
embodiment having distributed adaptive processing.

Figure 10 illustrates a block diagram of an example
embodiment of an adaptation processing system
having a variable delay.

Figures 11A and 11B illustrate an operational block
diagram of an example method of operation of one
embodiment of the invention.

Figure 12 illustrates an operational flow diagram of
an example method of weighting variable generation
and distributed processing as may be performed by
an adaptation system.

Figure 14 illustrates a conceptual two dimensional
array.

Figure 15 illustrates an example block diagram of an
example embodiment of the transform system de-
scribed herein.

Figure 16 illustrates an exemplary block diagram of
a system configured to perform a Winograd trans-
form.

Figure 17 illustrates an exemplary block diagram of
a radix 4 transform stage.

Figure 18 illustrates an exemplary flow diagram of
an example method of operation of the combined
transform.

DETAILED DESCRIPTION

[0030] The most widely recognized technique for inter-
ference cancellation is an adaptive canceller, which is
illustrated in Figure 1, as part of a transceiver. A data
source input 100 connects to an adaptive canceller 108
and a transmitter 112. The output of the transmitter 112
connects to the channel 116A. A receiver 120 of the trans-
ceiver also connects to a channel 116B. The term chan-
nel should be understood to mean one or more conduc-
tors of signal paths. The output of the receiver 120 feeds
into a summing junction 124. The subtractor 124 sub-
tracts the output of the adaptive canceller 108 from the
received signal. The output of the subtractor 124 is pro-
vided as the input 128 to the other aspects of the receiver
processing.
[0031] The coupling of interference from one transmit-
ter into another receiver is represented as a linear trans-
fer function H(s). Using the transmitted signal as a refer-
ence, the adaptive canceller 108, A(s), is trained such
that A(s) approximately equals H(s). The output of the
subtractor 124 then consists of the desired far end signal
plus a residual interference term. Although desired to
minimize the residual interference term, this goal may
not be fully realized due to limitations in the required com-
plexity of the adaptive canceller 108. Typically, the adap-
tive canceller 108, A(s), is realized in the discrete time
domain so that the adaptive canceller 108 is implemented
as a digital filter A(z). In this case, the transmitter 112
and receiver 120 blocks would consist of suitable mixed-
signal blocks needed to interface digital signals with the
analog channel. Generally, the higher the order of this
digital filter the greater the cancellation (smaller the re-
sidual). But, a high order filter undesirably incurs greater
computational requirements. For the typical case where
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the digital filter used to derive A(z) is a tap delay line or
FIR filter, the complexity is directly proportional to the
number of taps, M.
[0032] Extending this structure to the multiple channel
case, there would need to be Nc

2 digital filters, where Nc
is the number of channels. Thus, in a system operating
under the current or future Ethernet standard and utilizing
four channels, 16 digital filters would be required. In ap-
plications where the number of filter taps is large, the
multiple channel extension of the typical canceller struc-
ture results in a formidable complexity requirement. For
example, when extending the data rate and the length of
the channels, the number of taps on an individual digital
filter could rise to over four hundred taps. Combined with
a high sampling rate and a multiple channel application,
this many taps results in a huge requirement on the
number of operations per second needed for realization.
As can be appreciated, this prior art method and appa-
ratus for echo cancellation and crosstalk mitigation are
thus unsuitable for high-data-rate, multi-channel applica-
tions.
[0033] Figure 2 illustrates the sources of interference
into receiver 1 of station A. As shown, a first transceiver
200 is configured to communicate with a second trans-
ceiver 204. The first transceiver is associated with station
A while the second transceiver is associated with station
B. It is contemplated that the transceivers 200, 204 are
incorporated within communication devices configured
to communicate utilizing a multi-channel communication
link. For purposes of understanding, the transceivers
may connect to mapper/demapper modules 208, 212 as
shown. Although shown as having four communication
channels, it is contemplated that the method and appa-
ratus discussed below may be expanded to any number
of channels. In addition, the term channel should be un-
derstood to mean any medium capable of carrying a sig-
nal or data, such as but not limited to, any Category twist-
ed pair (UTP) cabling either shielded or unshielded (e.g.,
5, 5e, 6, 6a, 7 ... etc.), wireless channels, fiber optic chan-
nels or cables, free-space optic channels, voice grade
twisted pair conductors, coaxial cables, or other channels
or conductors that are currently or that may become avail-
able in the future.
[0034] In addition, it is contemplated that the principles
disclosed and claimed herein may also be utilized with
any type of channel, including those listed above, when
grouped into multi-conductor channels. For example, it
is contemplated that standard telephone lines or any oth-
er type conductor or transmission medium may be
grouped into bundles to create a multi-conductor chan-
nel. The processing of signals transmitted over such
channels may be performed in accordance with the
teachings contained herein.
[0035] A channel 216 connects the first transceiver 200
and the second transceiver 204. Each transceiver 200,
204 may comprise a hybrid 220, 224, a transmitter 228,
232, and a receiver 236, 240. A signal FE_AB is trans-
mitted from the second transceiver 204 (station B) to the

first transceiver 200 (station A) over channel 1. The term
’signal FE_AB’ should be understood to mean the far end
signal, with respect to station A, being transmitted to sta-
tion A from station B. It is desired to isolate and process
at the first transceiver 200 only the FE_AB signal that
was transmitted.
[0036] Also shown in Figure 2 are the echo and near-
end crosstalk (NEXT) components that are undesirably
coupled into the first channel 216 and are received by
the receiver 236. Namely, echo component echo_11A is
the echo interference coupled onto channel 1 from chan-
nel 1. The term echo_11A should be interpreted to mean
the echo components that couple onto the first channel
from the first channel of station A. Component Next_12A
is the interference coupled onto channel 1 from channel
2 on the signal that is received at station A. This pattern
repeats as shown for each of the other channels. Hence,
Next_13A and Next_14A are the interference sources
coupled onto channel 1 from channels 3 and 4 respec-
tively. As a result of the coupling, the signal received at
the first transceiver 200 consists of the desired far end
signal, FE_AB, and the four interfering signals, i.e., the
three NEXT signals and the echo. This pattern repeats
for each of the channels. It is desired to remove the re-
spective NEXT and echo signals on each of the received
signals in each of the receivers at both station A and
station B.
[0037] In many situations, the communication system
performance is interference limited such that the pres-
ence of interference, such as echo and crosstalk, limits
communication rates. The interference often creates da-
ta errors during the processing of a received signal, which
limits transmission rates. If the interference is left in the
signal, the data can often not be recovered or detected.
Hence, the interference may be a limiting factor.
[0038] It is further contemplated that the transmit rate
for the systems described herein may be at any frequen-
cy. As is understood, processing and transmission at high
frequencies may create additional complexities that may
be solved by the teachings contained herein. It is con-
templated that the principles disclosed and claimed here-
in may be utilized with systems operating at any frequen-
cy from very low frequencies up to and including multiple
giga-bit processing or transmit rates.
[0039] Figure 3 illustrates a block diagram of an exam-
ple embodiment of one embodiment of the invention. In
this example embodiment, the undesirably long analog
or digital filters of the prior art are replaced with systems
that transform the transmitted signal to a transform do-
main in which processing may occur. As a result, the
complexity of echo and crosstalk reduction is greatly re-
duced. The term transform domain is defined to mean
an alternative domain that is different from the original
domain.
[0040] One example embodiment of a system config-
ured to perform transform domain processing is a system
configured to perform the processing in the frequency
domain, which is shown in Figure 3. It is contemplated
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that numerous systems of this nature may reside in a
multi-channel communication device to reduce or elimi-
nate echo and crosstalk that couples across channels.
A first transceiver 300 is shown for purposes of discus-
sion. A data source line 302 from a data source (not
shown) connects to a transmitter 304 and an adaptive
canceller module 320. The transmitter 304 comprises
one or more devices configured to transmit the data from
the data source over the channel to a second transceiver
at a remote location.
[0041] As part of the transmission, it is contemplated
that at least a portion of echo and crosstalk will couple
onto an input 310 to the first transceiver 300. This is rep-
resented in Figure 3 for purposes of discussion as an
input coupling effect 314, having a transfer function H(s),
which is combined into the received signal on input 310.
Thus, the signal on input 310 comprises a far end signal
(FE signal) and a signal due to the coupling, H(s), from
channel 306 in the multi-channel communication system.
If other channels were present, additional coupling sig-
nals would also be present on the received signal. It is
desired to remove the component due to the coupling
H(s) from the received FE signal. The signal received on
input 310 connects to a receiver 322, which performs
standard processing on the signal. The output of the re-
ceiver 322 feeds into a subtractor 338.
[0042] An adaptive canceller system 320 is configured
as part of the first transceiver. In the embodiment of Fig-
ure 3, the line 302 to the adaptive canceller system 320
connects to a transform module 324. In one embodiment,
the line 302 is configured to receive an outgoing signal
from a data source. The outgoing signal is eventually or
concurrently provided to the transmitter 304 for transmis-
sion over the channel 306. The transform module 324
comprises a configuration of hardware, software, or both
configured to processes a signal into a transform domain.
The transform domain and the transform module 324 are
discussed below in more detail. The output of the trans-
form module 324 feeds into an adaptation module 326
and a scaling module 328. In one embodiment, the ad-
aptation module 326 comprises a configuration of hard-
ware, software or both configured to operate in and per-
form the functions described herein. The adaptation mod-
ule 326 performs processing to dynamically generate
weighting variables based on an estimate of the transfer
function of the crosstalk coupling effect. The scaling mod-
ule 328 comprises software, hardware or a combination
of both configured to perform scaling on the transform
signal responsive to the weighting variables. In another
embodiment, the scaling module 328 may comprise a
multiplier. The output of the scaling module 328 connects
to an inverse transform module 334, which in turn has
an output connected to the subtractor 338. The inverse
transform module 334 comprises hardware, software, or
a combination of both configured to reverse the transform
operation. In one embodiment, this comprises returning
the input to the inverse transform module 334 to the same
domain as which the outgoing signal was in prior to trans-

form processing by the transform module. In one embod-
iment, this comprises an inverse Fourier transform oper-
ation.
[0043] The subtractor 338 subtracts the output of the
adaptive canceller system 320 from the received signal
to thereby isolate the desired FE signal. The output of
the subtractor 338, which comprises the FE signal or a
signal generally similar to the FE signal, is provided as
one output 350 from the transceiver 300 and as a feed-
back signal, for purposes of adaptation, to the adaptation
module 326.
[0044] In operation, the adaptive canceller system 320
reduces the echo and the crosstalk components in the
received signal. The transceiver 300 receives a signal
on an output 302 to be sent over the channel 306. To
reduce the echo and the crosstalk components, the sig-
nal is provided to both the transmitter 304 and the adap-
tive canceller system 320. The transmitter 304 processes
the signal and outputs the signal onto the channel 306.
During operation, the receiver 322 receives a composite
signal on input 310 comprised of the FE signal and a
signal coupled through H(s). The receiver 322 processes
these inputs in a manner known in the art. To remove
the coupled signal, the adaptive canceller system 320 is
configured with transfer function that approximates the
coupling function H(s). The output of the adaptive can-
celler system 320, herein after the cancellation signal, is
subtracted from the received signal to isolate the FE sig-
nal.
[0045] To generate the cancellation signal, the input
transmit signal from output 302 is subject to a transform
operation in the transform module 324 to create a trans-
formed signal. The scaling module modifies the trans-
formed domain signal based on a weighting variable W
that is generated by the adaptation module 326. The scal-
ing module 328 utilizes the weighting variable to perform
processing on the transform domain signal to generate
a cancellation signal. Stated another way, the weighting
variables realize the transfer function of the scaling mod-
ule 328 to cause the scaling module to generate the de-
sired cancellation signal. In one embodiment, the scaling
module 328 multiplies the transform domain signal and
the weighting variable to generate the one or more can-
cellation signals.
[0046] In one embodiment, calculation of the weighting
variable by the adaptation module 326 occurs based on
the least mean square (LMS) algorithm and feedback
from the signal on line 350. Manipulation of the weighting
variable modifies the cancellation signal, which in turn
modifies the output of subtractor 338. As a result, the
feedback to the adaptation module 326 is also modified
to allow the adaptive canceller system 320 to adapt to
the changes in crosstalk and echo. It is contemplated
that other forms of adaptation may be utilized other than
LMS, such as but not limited to stochastic gradient, con-
strained LMS, Recursive Least Squares (RLS), Fast Ka-
lman, Gradient Lattice and Least Squares Lattice.
[0047] Thereafter, the output of the scaling module 328
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is subject to an inverse transform operation, to return the
signal to the original domain. This cancellation signal,
restored to the original domain, is provided to the sub-
tractor 338, where it is subtracted from the receiver output
thereby removing the crosstalk signal from the received
signal and isolating the FE signal.
[0048] Figure 4 illustrates a block diagram of an exem-
plary embodiment of the adaptive cancellation system
320 shown in the transceiver of Figure 3. Aspects of Fig-
ure 4 are similar to Figure 3 and hence, identical elements
are referenced with identical reference numerals. The
aspects of the adaptive canceller system 320 are now
described in more detail. The input signal, to the cancel-
lation system 320, on line 302 connects to a serial to
parallel converter 408, which in turn connects to an over-
lap processing module 412. The signal on line 302 may
comprise a signal to be transmitted to a remote station,
such as station B from Figure 2.
[0049] The serial to parallel converter 408 may com-
prise any device or system that converts the serial input
on line 302 to two or more parallel lines. In one embod-
iment, the serial to parallel converter 408 comprises a
de-multiplexer. Conversion to the parallel format aids in
processing, such as conversion to the transform domain,
of the signals while satisfying system time constraints.
[0050] The overlap processing module 412 comprises
a combination of hardware, software, or both, configured
to modify the signals that are subject to the transform.
The overlap processing as described herein reduces dis-
tortion that would otherwise be generated by the trans-
form process in the absence of such overlap processing.
Overlap methods assist in achieving true linear convolu-
tion from the cyclic convolution of the fast Fourier trans-
form. Any form of overlap processing may occur. Two
such overlap methods comprise overlap-and-save
(OAS) and overlap-and-add (OAA). In one embodiment,
the overlap is a 5/8 overlap, although it is contemplated
that 50% overlap or any other type of overlap processing
may occur.
[0051] The overlap processing module 412 output
feeds into the transform unit 416, which in one embodi-
ment comprises a Fast Fourier Transform (FFT) unit. The
mathematical operation of the FFT is understood by one
of ordinary skill in the art, and hence the FFT unit is not
discussed in detail herein. The output of the transform
unit 416 comprises the input signal in the transform do-
main. With proper overlap methods, this can be realized
in the frequency domain with computationally efficient
Fast Fourier Transforms (FFT). It is contemplated that
other methods of transforming the signal into an alterna-
tive domain are also available. These include, but are
not limited to, Hadamard transform, Cosine transform,
Walsh transform and Sine transform.
[0052] The output of the transform unit 416 connects
to a processing module 424 and an adaptation block 420.
The adaptation block 420 calculates one or more weight-
ing variables W that are provided to the processing mod-
ule 424. The processing module 424 may comprise any

configuration of hardware, software, or both configured
to generate a cancellation signal. In one embodiment,
the processing module 424 comprises a processor or
digital signal processor. In one embodiment, the process-
ing module 424 comprises a multiplier configured to per-
form a multiplication operation in the transform domain
that yields a result that could be arrived at by convolution
of the received inputs in the time domain. The processing
module 424 uses the weighting variables to scale the
inputs provided to the processing module 424. It is con-
templated that a parallel input is provided to the process-
ing module 424; any number of weighting variables may
also be provided to the processing module. In one em-
bodiment, the processing occurs in the transform do-
main, and hence the processing module 424 yields a
result that may be considered equivalent a convolution
in the time domain. In this embodiment, multiplication in
the frequency domain yields a result generally equivalent
to convolution in the time domain.
[0053] In one embodiment, the weighting variables
may comprise the variables {WV0, WV1, WV2, WV3,
WV4, ..., WVx}. The output from the transform unit 416
may comprise {TD0, TD1, TD2, TD3, TD4, ..., TDx}, and
the resulting output from the multipliers may comprise
{WV0 * TD0, WV1 * TD1, WV2 * TD2, WV3 * TD3, WV4 *
TD4, ... WVX * TDX}. Thus, it can be seen that in one
embodiment the multiplier occurs on a component-by-
component basis.
[0054] This approach exploits the transform property
that cyclic convolution in the time domain, although much
different in operation and theory, yields a result that is
mathematically equal to multiplication in the transform
domain. Depending on the number of taps in the time
domain filter, the complexity reduction of using the FFT,
IFFT and frequency tap (vector) multipliers versus the
time domain tap delay line can be as much as an order
of magnitude. This is a significant advantage over sys-
tems not utilizing this method of operation. Moreover, the
FFT and IFFT may be executed in the digital domain to
increase efficiency. It is also contemplated that Fourier
optics may be utilized to realize equivalent processing.
[0055] There are numerous techniques available for
realizing the FFT and IFFT, such as but not limited to,
Cooley-Tukey, Goertzel, Good-Thomas and Winograd.
In one example embodiment, the Cooley-Tukey method
is enabled. Moreover, it is contemplated that decimation-
in-time or decimation-in-frequency may occur. In one em-
bodiment, decimation-in-frequency occurs for the FFT
while decimation-in-time occurs for the IFFT. In one ex-
ample implementation, the parameterization of the
FFT/IFFT processes 1024 real samples with a 512 point
complex FFT/IFFT. In this implementation example,
overlap and save processing may occur as described
herein. By way of example, such an implementation ex-
ample may process 640 new samples in each block. An
equivalent processing structure based on prior art prin-
ciples of processing in the time domain would require
385 filter taps. Hence, a significant advantage is realized.
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In addition, it is also contemplated that the method and
apparatus described herein may be utilized to process
not only signals that originate as real signals, but also
signals that originate as complex signals. For example,
the processing of complex signals in a wireless commu-
nications environment may occur based on the teachings
contained herein.
[0056] The output of the multiplier 424 feeds into an
inverse Fast Fourier Transform unit 430, which reverses
the Fourier transform operation to thereby return the sig-
nal to the time domain. As an advantage of the method
and apparatus described herein, the Fast Fourier Trans-
form and inverse Fast Fourier Transform may be utilized
to reduce computational complexity and speed of oper-
ation. The output of the inverse Fast Fourier Transform
unit (ITU) 430 connects to an overlap processing module
434 which operates in the manner described above in
conjunction with FFT module 412. The overlap process-
ing module 434 provides the time domain signal to the
parallel to serial converter 438. In one embodiment, the
parallel to serial converter 438 comprises a multiplexer.
[0057] The serial output of the parallel to serial con-
verter 438 feeds into the subtractor 338 to be subtracted
from the output of the receiver 322. The processing of
the adaptation block weighting variable W combined with
multiplication in the frequency domain, or any transform
domain, generates a signal capable of canceling the un-
wanted coupling that is combined with the FE signal.
[0058] The output of the subtractor 338 is provided to
subsequent processing systems of the transceiver or
communication system. The output of the subtractor 338
is also provided to a serial to parallel converter 440 that
converts the input to a parallel signal and provides the
parallel signal to an overlap processing module 444. The
output of the overlap processing module 444 undergoes
a Fourier transform operation in a Fast Fourier Transform
unit 448 to convert the signal to the frequency domain.
The output of the Fast Fourier Transform unit 448 is pro-
vided to the adaptation unit 420 as a feedback control
signal. The adaptation unit 420 also receives the output
from the transform unit 416.
[0059] Of particular importance is conversion of the in-
put signal by the transform units 448, 416 to the transform
domain, such as the frequency domain, so that cyclic
convolution in the time domain yields a result that is math-
ematically equal to multiplication in the frequency do-
main. Domains other than the frequency domain may
realize similar properties. Hence, the scope of the claims
should not be limited to Fourier transforms or transforms
that result in transformation to the frequency domain.
[0060] In one embodiment, the adaptation unit 420 ex-
ecutes least mean squared (LMS) adaptation to generate
the weighting variables. The LMS adaptation may be con-
strained or unconstrained. In one embodiment, the un-
constrained process is preferred as it eliminates an extra
FFT/IFFT block pair and may perform more effectively.
In another embodiment, the constrained process in pre-
ferred as it reduces the time required for the filter adap-

tation to converge. Either constrained or unconstrained
may be utilized. Through adaptation, the desired weight-
ing variables may be arrived at to cancel all or a portion
of the unwanted crosstalk and echo. Thus, the signal
path through devices 440, 444, 448, 420 operate as a
feedback path of a servo control system. In one embod-
iment, the number of weighting variables is related to the
size of the transform unit 416 output.
[0061] Operation of the example embodiment shown
in Figure 4 is similar to operation of the embodiment
shown in Figure 3, and hence a detailed discussion re-
garding operation is not repeated. In summary, through
processing of the input signal on line 302, the adaptive
cancellation system 320 generates a cancellation signal
that may be used to cancel one or more of the crosstalk
or echo on the received signal.
[0062] Figure 5 illustrates a block diagram of the par-
allel line structure of the multiplier and its associated de-
vices. As shown, the multiplier 504, such as multiplier
424 shown in Figure 4, receives inputs I0-IN from an FFT
unit 508. The variable N may comprise any positive in-
teger value, and hence the principles discussed herein
are applicable with any number of parallel lines. The mul-
tiplier 504 also receives weighting variables W0-WN from
an adaptation module 512. The multiplier 504 has outputs
O0-ON that provide the result of the multiplication to the
IFFT unit 516. The multiplier performs multiplication in
the frequency domain, in this example embodiment, the
domain resulting from the FFT operation. In one embod-
iment, this operation provides a result equal to cyclic con-
volution. It is contemplated that the multiplication of the
weighting variables occurs on a component-by-compo-
nent basis and that each weighting variable may com-
prise a different value. Thus, the multiplication may occur
as W0 x I0, W1 x I1, up to the value N. In addition, the
multiplier may have a shared multiplier such that a single
multiplier may be utilized for more than one line, or may
possess up to N number of different multipliers.
[0063] As an advantage to the method and apparatus
disclosed in Figures 3, 4, and 5, a reduction in complexity
is realized by multiplication in a frequency domain, such
as the transform domain obtain from a Fourier transform.
In systems of the prior art, a multi-tap, time-domain filter
may have been required. However, utilizing processing
in the transform domain one or more multiplication oper-
ations need only be performed. This may realize a 10-
fold advantage in terms of complexity.
[0064] In addition to the reduction in complexity, space
requirements, and computational demands, the princi-
ples described above may be applied to multi-channel
configurations. In addition, by exploiting the properties
of the transform domain, additional benefits may be re-
alized. Figure 6 illustrates a block diagram of an embod-
iment of the consolidated transmit side processing sys-
tem in a multi-channel environment. This embodiment
builds on this complexity savings by exploiting the mul-
tiple channel environment to realize a major reduction in
complexity and size. In general, a transmit signal is being
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used as a reference into several cancellers to eventually
generate transform outputs for each of the channels into
which it is disturbing. The transform outputs are scaled
by weighting variables to generate cancellation signals
to cancel the echo or crosstalk that is received at a par-
ticular transceiver. Thus, the first transceiver for channel
1 would generate a transform output for each receiver
associated with channels 1 through 4. Likewise, each of
the other transmitters in a multi-transceiver communica-
tion system would likewise generate four transform out-
puts. These principles may be applied to communication
systems having any number of channels, and it can be
seen that using prior art cancellation systems, the imple-
mentation complexity is overwhelming.
[0065] In a direct realization of the embodiment shown
in Figure 4, a multi-channel system would require N FFT
units, i.e., one FFT unit for each of N channels. N may
comprise any positive integer. In such an embodiment,
the same signal would be provided to the input of each
FFT. But, since the input to each FFT is the same, it
follows that the output of each FFT is the same. Thus, in
one embodiment of the invention, a consolidation is made
such that only one FFT unit is utilized and its output is
fanned out to N cancellation systems. Such an embodi-
ment is shown in Figure 6. With regard to the level of
complexity and size reduction, in the embodiment with 4
transmitters, the total number of FFT units would be re-
duced from 16 to 4, a substantial 75% savings. This sub-
stantial reduction in size and complexity is in addition to
the benefits gained from use of multiplication in the fre-
quenency domain instead of convolution in the time do-
main.
[0066] Turning now to Figure 6, the input 302 to the
first transceiver of a multi-transceiver communication
system connects to the transmitter 304 and to a serial to
parallel converter 604. The output of the serial to parallel
converter 604 connects to an overlap processing module
608, which in turn has an output that feeds into an FFT
unit 612. These devices and their operation are dis-
cussed above and hence, are not discussed again.
[0067] The output of the FFT unit 612 may be fanned
using connectors 616A-616N to a cancellation system
for a first channel through an Nth channel. This reduces
the total number of serial to parallel converters 604, over-
lap processing modules 608, and FFT units 612 by con-
solidating the processing apparatus and distributing the
resulting signal. It provides a reduction in hardware by a
factor of the number of channels. Thus, for a four channel
system, one-fourth as many transform domain process-
ing systems are required where the domain transform
processing system are defined as the serial to parallel
converter 604, overlap processing module 608, and FFT
unit 612.
[0068] Similar advantages may be realized on the in-
verse transform side. Figure 7 illustrates a block diagram
of an embodiment of a consolidated receiver side
processing system in a multi-channel environment. The
embodiment of Figure 7 is similar to Figure 6 in that it

realizes the advantages of a consolidated processing
system with a distributed output. As shown, inputs 704A-
704N arrive from cancellation processing systems asso-
ciated with other channels. Thus, in a multi-channel en-
vironment, each receiver within each transceiver would
include such hardware to cancel the unwanted echo and
crosstalk.
[0069] The inputs 704A-704N connect to one or more
adders, such adders 708A, 708B. An alternative embod-
iment may be configured to use three 2 input adders as
opposed to one 2 input adder 708A and one three input
adder 708B. The adders 708A, 708B combine the signals
and provide the summation to an inverse transform unit
720. The output of the inverse transform unit 720 feeds
into an overlap processing module 724, which in turn
outputs the signal to a parallel to serial converter 728.
The serial signal is provided to a subtractor 338 to be
subtracted from the composite signal processed by the
receiver 322.
[0070] As a result of the adders 708A, 708B, the
processing of devices 720, 724, 728 may be consolidated
through a single path as shown. A direct implementation
without the consolidation would require an inverse trans-
form unit 720 and its associated hardware for each chan-
nel. Due to linearity in the transform domain, the multi-
plicity of subtractors 338 can be moved to the input of
the inverse transform unit 720 as shown. Thus, only one
inverse transform unit 720 is needed. In the embodiment
with 4 inputs from 4 receivers, the total number of inverse
transform units 720 has been reduced by a factor of 4
(from 16 to 4), again a 75% savings.
[0071] Combining the embodiments of Figure 6 and
Figure 7 yields the embodiment of Figure 8. Figure 8
illustrates a block diagram of an example embodiment
of a consolidated cancellation system. It is shown as hav-
ing transmitters Tx1-TxN and having receivers Rx1-RxM.
It is contemplated that the values of N and M may com-
prise any positive integer, and hence the principles may
be extended to any number of transmitters and receivers.
In this example, NxM frequency weights are used to com-
plete the processing.
[0072] Turning now to Figure 8, elements shown in Fig-
ure 8 that are also shown in Figure 6 and 7, are labeled
with identical reference numerals. Similarly, reference
numerals that differ only by an alpha identifier are used
to differentiate similar, but repetitive devices. Moreover,
only the portions or aspects of Figure 8 that were not
discussed in prior figures are discussed. As shown, the
output of each transform unit 612 connects as an input
to one or more multipliers W. In the embodiment of Figure
8, the output of transform unit 612A is distributed to mul-
tiple multipliers, namely multipliers W11, W21, W31,
WM1. The output of the transform units 612A may be
considered to be fanned out to multiplier blocks. Each
multiplier block is comprised of multipliers W. In this em-
bodiment, each multiplier block is comprised of one or
more multipliers W and each block is associated with a
channel.
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[0073] The multiplier modules W perform multiplication
of the outputs from the transform units 612 with one or
more weighting variables that are provided to the multi-
pliers W. The weighting variable input to the multiplier W
is not shown in Figure 8 due to limitations in space; how-
ever, it should be understood as being received from and
an adaptation block (element 420, Figure 4), switch or
other device. The reference numeral of each multiplier
W indicates the connection of the multiplier. For example,
multiplier W13 is a multiplier that receives an input signal
from a third transmitter and provides the multiplier output
to the consolidated processing system associated with
a first receiver.
[0074] The output of the multipliers W connect to sum-
ming junctions 708A-708N as shown. As can be seen in
this embodiment, each summing junction 708 receives
an input from a number of multipliers W. The number of
inputs received at each summing junction may be based
on the number of channels. Thus, summing junction
708A receives an input from multipliers W11, W12, W13,
WIN. Hence, the inputs to the summing junction 708A,
which corresponds to the first channel, are the coupling
from each of the other channels, including the first chan-
nel. The summing junction 708A and the other elements
720A, 724A, 728A of this processing branch provide the
combined and filtered signal to a subtractor (element 338,
Figure 4) to remove these coupled signals from the signal
received on the first channel (element 310 of Figure 4).
[0075] As can be seen, the output of the converter
728A is a cancellation signal that accounts for the cou-
pling into the signal received on the first channel. This is
true because the summing junction 708A receives proc-
essed cancellation signals from multipliers W11, W12,
W13, WIN, which in turn had received and processed
signals from each of the transmitters associated with the
other channels in the communication system.
[0076] This pattern of processing also executes on the
other branches of the multi-channel coupling cancellation
system, as would be understood by one of ordinary skill
in the art based on the previous discussion. As an ad-
vantage to this processing system as compared to the
prior art or non-consolidated system, a reduction in com-
plexity and processing is realized. For example, in a four-
channel system, the reductions realized by the consoli-
dated system shown in Figure 8 equates to a reduction
of 75% as compared to a non-consolidated system. This
is in addition to the benefits gained by processing in the
transform domain.
[0077] Figure 9 illustrates a block diagram of an exem-
plary embodiment having distributed adaptive process-
ing. In Figure 9, elements that were described in the pre-
vious figures are referenced with identical reference
numbers and are not discussed in detail again. As a re-
sult, the focus of Figure 9 is the scheduled distribution of
one or more weighting variables from the adaptation
processing branch to the multipliers associated with the
one or more channels. The weighting variables may be
distributed to the various channels in any manner. In one

embodiment, the scheduling occurs evenly in round robin
fashion. In another embodiment, the round robin sched-
uling occurs in blocks. It is contemplated that the adap-
tation processing could also occur in real time for each
channel, rather than shared as is shown.
[0078] In reference to Figure 9, the transform units
612A-612N process the inputs from other channels into
a transform domain, such as for example by use of a
Fourier transform. The output of each transform unit
612A-612N is provided to the multiplier block 704 and to
a data switch 908. It is contemplated that a multiplier
block 704 be associated with each channel, in this em-
bodiment channels 1-N. The data switch 908 selectively
inputs the transform unit’s outputs to the block adaptation
module 420. A data switch control line 920 connects to
the data switch 908 to thereby control operation of the
data switch. The control signals to the switches may be
generated by hardware, software, or a combination of
both. In one embodiment, one or more hardware state
machines generate one or more control signals used to
control the switches described herein. It is contemplated
that a micro controller may generate the control signals.
Synchronization of data, such as by use of control signals
to a switch 908, is understood by one of ordinary skill in
the art and hence is not discussed in great detail herein.
[0079] The multiplier block 704 includes the multipliers
W11, W12, W13, WIN. The output of the multipliers 704
feed into the processing elements subsequent to the mul-
tipliers 704 as shown for channel 1 and are processed
in a manner described above in conjunction with Figure
8. In a four channel embodiment, the adaptation module
420 may generate sixteen weighting variable sets such
that each channel is provided a sub-set of four weighting
variables, and each subset comprises sufficient weight-
ing variables to modify the output from a transform unit
612 as desired.
[0080] The output of the subtractor 338 is provided as
an input to an error switch 912. As part of the output of
the subtractor 338 is also the FE signal or a signal gen-
erally similar to the FE signal. The error switch 912 pro-
vides one of the error input signals from lines 930 to the
serial to parallel converter 440. In this embodiment, the
feedback signal is considered an error signal and is used
for purposes of adaptation. A control line 940 connects
to the error switch 912 to control which input signal from
lines 930 is provided to the serial to parallel converter
440. Processing occurs through elements 444, 448, and
420 as described above.
[0081] The block adaptation unit 420 generates the
weighting variables that are provided to the weighting
variable switch 916, which is in turn controlled by a control
signal on a control input 924. The weighting variable
switch 916 has outputs that connect to processing appa-
ratus for each channel. As shown for channel 1, the
switch 916 provides the weighting variables to the mul-
tipliers in the multiplier block 704 which would receive
the weighting variables. It is contemplated that each line
between the weighting switch 916 and the multiplier block
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704 comprises numerous parallel lines. Thus, for the first
channel, weighting variables are provided to multiplier
W11, W12, W13 and so on up to multiplier WIN, wherein
N is any positive integer. These are the weighting varia-
bles that the multipliers W receive and process to gen-
erate the cancellation signals to remove coupling on
channel 1. As discussed above, these multipliers utilize
the weighting variables during the processing to modify
the outgoing signals that have been converted to the
transform domain to thereby arrive at the proper cancel-
lation signal.
[0082] Although the connection between the weighting
switch 916 and each of the multiplier blocks 704A is
shown as a single line, it should be understood that each
connection may comprise a multi-conductor parallel line.
In the specific example of the connection between switch
916 and the multiplier block 704A, there comprises a mul-
ti-path connection for each multiplier W. Likewise, nu-
merous connecting lines between elements shown in Fig-
ure 9 and other figures discussed herein may comprise
one or more multi-path parallel conductors. For example,
the input to the parallel to serial converter 728A is a par-
allel data path while the output of the parallel to serial
converter is a serial data path.
[0083] It should be understood that for purposes of un-
derstanding, only the connections associated with chan-
nel 1 are shown. It is contemplated that connections from
each transform unit 612 would have outputs which fan
out to each of the other multiplier blocks 704 associated
with the other channels. Likewise, an output from each
of the transform units 612 would also fan out to the data
switch 908 as shown for use by the block adaptation mod-
ule 420.
[0084] In operation, generation of weighting variables
by the block adaptation module 420 is shared by multiple
channels. This has the effect of reducing complexity,
power consumption, and size requirements of an imple-
mentation. To achieve these benefits, the output of the
transform units 612 is selectively switched to the block
adaptation module 420, as is the output of the subtractor
338 via error signal switch 912. The block adaptation
module 420 performs processing on the transform unit
outputs and the error signal to generate the weighting
variables. The weighting variable switch 916 selectively
switches the weighting variables to the multipliers W as-
sociated with the appropriate channel at the appropriate
time in response to the control signal on control lines 920,
924 and 940.
[0085] It is anticipated that the rate of change in chan-
nel conditions is sufficiently slow to allow for a shared
adaptation processing. Thus, during a first time period,
weighting variables for a first channel are calculated and
provided to the multipliers. These weighting variables are
utilized by the first channel multipliers until a subsequent
update for the weighting variables associated with the
first channel. During a second time period, weighting var-
iables are calculated for use by the multipliers associated
with the second channel and these weighting variables

are used until the next update of the second channels
weighting variables. This process continues in this man-
ner for each of the channels.
[0086] It is contemplated that the update process may
occur on a sequential basis or based on some other fac-
tor. For example, a random pattern may be adopted. In
another embodiment, the error signal may be monitored
and adaptation processing may be dedicated on a great-
er percentage basis to channels having a greater error
signal or with high rates of change in the error signal. In
this manner, a controller, processor, or other device may
selectively allocate adaptation resources based on one
or more factors. For example, if one channel is subject
to coupling levels that change over time, then the weight-
ing variables associated with that channel may be updat-
ed more often than the weighting variables associated
with the other channels. Prior weighting values and his-
tory may be stored in a memory or register. A comparator,
control logic, or processor may perform the comparison.
It is further contemplated that if the number of channels
is greater than that which may be serviced in a timely
manner by a single adaptation system, then the cancel-
lation system may comprise more than one shared ad-
aptation system. For example, an eight channel commu-
nication system may utilize a first adaptation system for
the first four channels and a second adaptation system
for channels five through eight.
[0087] One advantage of the shared adaptation sys-
tem is that the components and processing requirements
of the adaptation system need not be duplicated for each
channel, and as a result, reduced power consumption
and complexity is realized.
[0088] Figure 10 illustrates a block diagram of an ex-
ample embodiment of an adaptation processing system
having a variable delay. Figure 10 is generally similar to
aspects of Figures 4 and 9 and, as a result, aspects of
Figure 10 that differ from Figure 4 and 9 are the focus of
discussion. In addition to the components of Figure 4 and
9, the embodiment of Figure 10 includes a delay 1240
configured to receive the output of the error switch 912.
As shown, the delay 1240 may be variable and controlled
to optionally introduce any level of delay into the error
signal from the error switch 912 to thereby synchronize
the output of the data switch 908 with the output of the
transform unit 448. Any level or amount of delay or filter-
ing may be implemented and the amount of delay or fil-
tering may differ or be identical to the delay introduced
other embodiments shown herein. Other aspects of the
processing performed by the system of Figure 10 occur
as described herein.
[0089] Figures 11A and 11B illustrate an operational
block diagram of an example method of operation of one
embodiment of the invention. In this example method, a
reduced number of processing paths are utilized, such
as is contemplated by Figure 8, to reduce computational
complexity. Moreover, a transform operation allows use
of less complex processing methods. At a step 1304, the
cancellation system receives channel data at a station A
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transmitter. It is contemplated that the cancellation sys-
tem is part of a multi-channel communication system and
that there may be a transmitter associated with each
channel. The data may be received from a data source
for transmission over a channel to a receiver at a station
B. As part of transmission, the channel data signal may
also be provided to a cancellation system for processing
to generate cancellation signals. The cancellation signals
are provided to the receivers at station A to cancel inter-
ference generated by the transmission of the channel
data transmitted from station A to station B and which
couples into the channel data, such as a far end signal,
transmitted from station B to station A. The term channel
data as used in Figures 11 means data or signals that
are received over a channel or are to be transmitted over
a channel.
[0090] At a step 1308, the cancellation system de-mul-
tiplexes the channel data from a serial format to a parallel
format. At a step 1312, the cancellation system performs
overlap processing on the channel data. Overlap
processing occurs to allow time-domain linear convolu-
tion to be performed by multiplication in the transform
domain. Next, at a step 1316 the cancellation system
performs a transform operation to convert the data to a
transform domain to create transform data. The term
transform domain is defined above. Once the channel
data is in the transform domain, the operation progresses
to a step 1320 and the transform data is output to one or
more multipliers. Likewise, at a step 1324 the multipliers
receive weighting multipliers from an adaptation module.
The weighting multipliers comprise numeric values that
are selected to modify the transform data, based on an
error signal. Accordingly, at a step 1328 the multipliers
multiply the transform data with the weighting variables
to generate cancellation data. In one embodiment, the
multiplication occurs on a data block by data block basis.
It is contemplated that in one embodiment a weighting
variable is multiplied with the value on each parallel con-
ductor. Next, at a step 1334 the cancellation system pro-
vides the cancellation data to one or more summing junc-
tions.
[0091] In one embodiment, the multipliers are associ-
ated into blocks and each block of multipliers is associ-
ated with a processing path that feeds into a particular
summing junction and thereafter used for cancellation on
the incoming signal on a particular channel. In such an
embodiment, the output from each transform unit feeds
into at least one multiplier in each multiplier block. In this
embodiment, the output of each multiplier in each multi-
plier block feeds into the same summing junction. A hard-
ware representation of this embodiment is shown in Fig-
ure 8.
[0092] Next, at a step 1338 the cancellation system
adds the cancellation data that was presented to each
summing junction. This process of adding combines can-
cellation data from each transmit channel into a cancel-
lation signal tailored to cancel the unwanted interference
that will be present on each incoming signal, such as an

incoming signal from a station B. Thus, a composite can-
cellation signal is created in each summing junction at
step 1338. Thereafter, at a step 1342 the operation per-
forms an inverse transform to reverse the effect of the
transform operation and return the cancellation data to
the time domain. As an advantage of the method and
apparatus described herein, the linear properties of the
transform domain allow the summation of the individual
cancellation signals to be added to form a composite
combined cancellation signal. As a result of these prop-
erties, processing may be consolidated and complexity
reductions realized.
[0093] At a step 1346, overlap processing occurs, and
at a step 1350 the cancellation system converts the can-
cellation data to a serial format. Thereafter, concurrently,
or prior thereto, a station A receiver receives an incoming
signal from a station B transmitter. The incoming signal,
having previously passed through one of the channels
connecting station A to station B, comprises interference
coupling and the far-end signal. To remove the unwanted
interference coupling, the operation at a step 1358 com-
bines the cancellation data with the incoming signal. In
one embodiment, the cancellation signal is created to be
generally identical to the unwanted interference that cou-
pled onto the incoming signal, and hence the cancellation
signal is subtracted from the incoming signal. Thereafter,
at step 1362 the operation outputs the resulting interfer-
ence free signal from the receiver or the cancellation sys-
tem for additional receiver based processing.
[0094] Figure 12 illustrates an operational flow dia-
gram of an example method of weighting variable gen-
eration and distributed processing as may be performed
by an adaptation system. This is but one possible method
of generating weighting variables and selectively distrib-
uting the weighting variables to other aspects of the
weighting system. At a step 1404, this exemplary method
of operation receives error signals at an error switch. Any
number of error signals may be received, such as error
signals 1 through N, where N is any positive integer. In
one embodiment, the error switch is provided with error
signals from each channel. It is contemplated that in one
embodiment an error signal comprises the incoming sig-
nal after having the cancellation signal subtracted from
the incoming signal. In one embodiment, the error signal
comprises a signal based on a decision device output or
decision device error signal.
[0095] Next, at a step 1408 the adaptation system se-
lectively switches one or more selected error signals to
a variable delay. In one embodiment, only one error sig-
nal is provided to the delay. At the delay, and at a step
1412, the delay may optionally introduce any amount of
delay into the error signal to achieve a desired level of
synchronization with other aspects of the cancellation
system. Any type of delay may be utilized. It is also con-
templated that the delay may be introduced at any stage
of processing or may be introduced within the cancella-
tion system instead of or in addition to the adaptation
system. Thereafter, at a step 1416 a serial to parallel
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converter converts the selected error signal to a parallel
format. At a step 1420, the adaptation system performs
overlap processing on the selected error signal and at a
step 1424 error signal undergoes a transform operation
to convert the selected error signal to the transform do-
main. It is contemplated that the transform units of the
cancellation system and the transform units of the adap-
tation system manipulate an input into a domain that
share the properties discussed above so that compati-
bility may be maintained. In other embodiments, simpli-
fied processing may occur other than a multiplication.
[0096] After the transform operation, the data is pro-
vided to an adaptation module. This occurs at a step
1428. At step 1432, the transform data, which comprises
the channel data in the transform domain, is provided to
the adaptation module. In one embodiment, the trans-
form data is provided to the adaptation module via a data
switch that operates in a similar manner to the error
switch. It is contemplated that the switches of the adap-
tation system are synchronized such that during common
time periods, processing occurs on data, such as error
signals and channel data corresponding to a common
channel. Thus, when the adaptation module is receiving
an error signal associated with channel 1, it would also
be receiving transform data associated with channel 1.
[0097] At a step 1436, the adaptation module process-
es the transformed error signal and the transform data
to generate weighting variables. The processing gener-
ates weighting variables tailored to modify the transform
data into cancellation data capable of canceling interfer-
ence that has coupled onto the incoming signal. The ad-
aptation module may perform any type processing to
generate the weighting variables. In one embodiment,
the least mean square algorithm is executed. In other
embodiments, least squares type adaptation occurs.
[0098] After adaptation processing the adaptation
module outputs one or more weighting variables to the
weighting variable switch. This occurs at a step 1440.
The weighting variable switch selectively outputs the
weighting variables to the multipliers of the cancellation
system. As discussed above, the adaptation system may
be considered to be shared by the one or more channels
of the multi-channel communication system. It is contem-
plated that the rate of change in the interference that
couples onto a channel is sufficiently slow to allow for a
shared adaptation system. At a step 1444, the weighting
variable switch outputs the one or more weighting vari-
ables to the multipliers.
[0099] To overcome the drawbacks of the prior art, a
method and apparatus for frequency domain cancellation
is disclosed. Figure 13 illustrates an exemplary prior art
block structure upon which prime factor algorithm Fourier
transform processing occurs. In this prior art structure,
the incoming data was arranged into each cell 1508 along
the each axis 1512, 1516, 1520. As one drawback to the
prior art, the data which filled the block structure 1504
had to be arranged in a particular order. The process of
ordering the data into the desired order for processing

introduced latency into the operation. Once arranged,
the data in the block structure 1504 was processed in a
prior art manner, which although achieving the process-
ing goals, also introduced additional latency due to the
nature of the block structure. The use of a ’real adjust’
process added further latency to the transform.
[0100] As discussed above, numerous solutions to re-
duce latency are available, but each suffer from other
drawbacks. For example, one such proposed solution is
to simply reduce the size of the block. While this proposed
solution reduces latency, it undesirably increases power
consumption due to the increased number of additions
and multiplies that must occur for a set amount of data.
[0101] To overcome the drawbacks of the prior art, a
combination of Good-Thomas indexing, Winograd small
transforms and Cooley-Tukey approaches are utilized in
novel combination. The implementation of the Cooley-
Tukey transform may or may not be mixed radix. Although
described below in a novel two-dimensional (2-D) it is
contemplated that in other embodiments this processing
arrangement may be applied to different dimensional
structures.
[0102] In one embodiment, the data may be arranged
into the structure shown in Figure 14, which illustrates a
conceptual two dimensional array. In Figure 14, the struc-
ture 1604 comprises horizontal rows 1608 and vertical
columns 1612. In this example embodiment, there are
cells 1616 which each contain an item of data, such as
a value or fixed point sample value. In this example em-
bodiment there are lr horizontal cells in each row formed
by lr columns. In addition, there are lw rows total, such
that each column is formed from lw cells. This creates lw
x lr cells in this 2-D array. The array may be considered
as length lw and the other dimension is lr. The array 1604
shown is to aid in understanding and provide assistance
in the discussion of the processing operations set forth
herein, as such are used herein to achieve an output of
the processing system. In other embodiments other size
arrays may be utilized to suit the communication system.
[0103] It is contemplated that the two dimensional ar-
ray may have any of the following configurations. These
are provided for purposes of example only and the com-
binations are not limited to these combinations.

Number of rows Number of columns

3 4

3 8

3 16

3 32

3 64

3 128

3 256

3 512

25 26 
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(continued)

Number of rows Number of columns

3 1024

5 4

5 8

5 16

5 32

5 64

5 128

5 256

5 512

5 1024

c 4

7 8

7 16

7 32

7 64

7 128

7 256

7 512

7 1024

9 4

9 8

9 16

9 32

9 64

9 128

9 256

9 512

9 1024

11 4

11 8

11 16

11 32

11 64

11 128

11 256

11 512

11 1024

13 4

[0104] The transform length is defined by the number
of elements in a 2-D array where one dimension is gov-
erned by the length lw of a small winograd transform and
the other dimension is governed by the length, lr, of a
Cooley-Tukey (or other type of FFT) transform. Thus, the
total length of the transform is (lw x lr). The values lw and
lr are necessarily co-prime in order for Good-Thomas in-
dexing to apply.
[0105] In one embodiment, the architecture of the al-
gorithm in use is Good-Thomas ordering, followed by lw-
point Winograd transforms on the columns, followed by
lr-point Cooley-Tukey transforms on ceiling(lw/2) the
rows. However, it is contemplated that in one configura-
tion only Good-Thomas indexing, followed by some type
of small lw-point fft (Winograd or Singleton), followed by
some type of lr-point longer transform (Cooley-Tukey or
Winograd or Rader or Bruun) on ceiling (lw/2) the rows
may be utilized.
[0106] In one embodiment the 2-D array is ordered us-
ing Good-Thomas indexing. Good-Thomas indexing is
described on pages 125-129, H,J. Nussbaumer, Fast
Fourier Transform and Convolution Algorithms, Second
Edition, 1982. Good-Thomas indexing is defined for a
DFT of size N, where N is the product of two mutually
prime factors N1 and N2. In this particular embodiment
N1 = lw and N2 = lr.
[0107] This ordering may occur within one or more buff-
ers. The indexing allows the N point DFT operation to be
calculated from a combination of lw and lr point transforms
without the use of twiddle factors between these opera-
tions. Twiddle factors may be used at other stages of the
processing i.e. as part of the lw and lr point transforms.
Twiddle factors comprise multiplicands which vary de-
pending on which frequency index input is being proc-
essed. By avoiding the use of twiddle factors latency and
power consumption are reduced.
[0108] After ordering of the data within the 2-D array,
the data is taken from the array and processed by a
number of small Winograd transforms. In this particular
embodiment the number of physical transform engines
is fixed by the radix of the Cooley-Tukey transforms. By
way of example, for a radix-2 Cooley-Tukey FFT, 2 phys-

(continued)

Number of rows Number of columns

13 8

13 16

13 32

13 64

13 128

13 256

13 512

13 1024

27 28 
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ical Winograd transforms would be used.
[0109] The processing on the values is performed by
first processing the columns of aligned data in the col-
umns 1612. As set forth above, in this embodiment, there
are lr data elements in each of the lw rows and therefore,
there are lr columns of data. These data elements in each
of the lr columns are processed using a small Winograd
transform along this axis. In one embodiment, there are
a total of p Winograd processors, where p is the number
of data elements concurrently processed in the lr point
FFT; in this embodiment the Ir point FFT is calculated
using an lr point Cooley-Tukey transform. At time t the
kth Winograd processor takes its input from the t+(k.N/p)
th column where k=0..p, t=0.. (lr/p)-1. For example, for a
radix-2 4 point Cooley-Tukey transform, with lw=3,lr = 16,
two 3-point Winograd processors would be implemented,
with the first processing data from columns 0...7, the sec-
ond processing data from columns 8...15.
[0110] In this configuration, the input to the Winograd
processors is real. It is well known that for a real signal
at the input a Fourier transform returns a conjugate-sym-
metric signal (this is described, for example, in section
1.6 Some Symmetry Properties of the Fourier Transform,
Digital Signal Processing, by Alan V.Oppenheimer and
Ronald W.Schafer, 1975, pages 24-26). Of the lw outputs,
the first (dc term) is entirely real. If the value lw is even
then the lw/2 th term is also real. The other outputs be-
tween the dc term and the lw/2th output are complex con-
jugates of the terms on the other side of the lw/2th term.
Since the outputs are symmetric only half, or a little over
half, of them need to be computed. This reduces the pow-
er required in this calculation. Furthermore the number
of calculations required at subsequent stages is also re-
duced, resulting in further power reduction, without any
latency increase.
[0111] One benefit to this particular combination of
processing compared to the prime factor algorithm is that
it eliminates the need for matrix reordering between
processing steps. This is a significant advantage be-
cause reordering the matrix between processing steps
consumes time thereby increasing latency and requires
complex and power consuming memory buffers, control
logic and memory structures.
[0112] In addition, software based reordering, which
may avoid the complex and power consuming control
logic and memory structures does not meet the required
time constraints.
[0113] Processing on the rows of data occurs using an
lr point FFT. In this example embodiment the value lr is
defined as a value lr=2n. In other embodiments, lr may
be any value. The lr point FFT can be implemented by
any method including but not limited to Cooley-Tukey,
Prime Factor Algorithm, Short Winograd transform,
Bluestein’s algorithm, Bruun’s algorithm. The structure
described above allows the transform to be efficiently
pipelined at every stage. This maximizes the throughput
of the processing engine, and thereby reduces the laten-
cy of the canceller.

[0114] Use of the Cooley-Tukey lr point FFT on the
rows of data has the advantage of using an efficient struc-
ture for digital implementation. In addition, due to the data
in the array being real, and not complex, after processing,
the data in all rows k below ceil[lw /2] are redundant com-
plex conjugates. The data is real and not complex be-
cause the block input data was real since this is a base-
band system. For odd values of lw, the output of row 0 is
real and all other rows contain complex data. For even
values of lw, the outputs of row 0 and row lw/2 are real
and all other rows contain complex data. As a result, there
is no need to perform the associated processing opera-
tion for the rows below lw12 and there is no need to cal-
culate the values in these rows. This reduces the
processing requirements, which in turn reduces power
consumption and latency by reducing the number of mul-
tiplies. Consequently, for the exemplary array shown in
Figure 14, there are only ceiling[lw/2] lr-point FFTs to com-
pute. In one embodiment these computations are paral-
lelized to reduce latency. An advantage of this transform
is that its structure gives a simple parallelization that does
not require further reordering. This reduces power and
latency.
[0115] As an advantage over the prior art, use of the
combined Winograd - Good Thomas - Cooley-Tukey
transform provides the advantage of reduced latency.
Latency is reduced since the real adjust operation is not
required. In addition and as set forth above, the size of
the array and the unique processing that occurs on the
data therein also provide the advantages listed above.
[0116] Figure 15 illustrates an example block diagram
of an example embodiment of the transform system de-
scribed herein. This is but one possible example embod-
iment and as such, it is contemplated that after reading
this disclosure one of ordinary skill in the art may con-
templated other embodiments, and these other embod-
iment will not depart from the scope of the claims that
follow. In this example embodiment, data for processing
is presented to an input and ordering module 1704. The
input and ordering module 1704 processes the data for
use by the canceller to generate the data points which
are processed by subsequent stages. The data output
from the input and ordering module 1704 comprises that
data that is placed in or forms the conceptual array struc-
ture shown in Figure 14. The input and ordering module
1704 may comprise any combination of hardware, soft-
ware, or both. In one embodiment, the sampler 1704
comprises a digital logic, look up tables and memory buff-
ers.
[0117] The output of the input and ordering module
1704 is selectively provided to buffers 1708A, 1708B.
The buffer may comprise any type storage device or
memory including but not limited to registers or RAM.
The data from sampling is selectively placed within the
buffers 1708A, 1708B until the buffers are full, at which
time subsequent processing may occur. In other embod-
iments a single buffer, or two or more buffers may be
utilized.
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[0118] The structure of the buffers 1708A, 1708B may
be conceptually considered as the array of Figure 14 or
the data may be pulled from the buffers as if in the ar-
rangement of an array. In this embodiment, the data is
selectively placed in or retrieved from the buffers based
on Good-Thomas indexing such that the ordering is in a
preferred or optimized order for the subsequent process-
ing. In this example embodiment, the data is arranged to
benefit from the Good-Thomas re-ordering (also referred
to herein as prime factor algorithm). In other embodi-
ments, different data ordering schemes or algorithms
may be utilized.
[0119] The outputs of the buffers 1708A, 1708B feed
into the transform units 1712A, 1712B, through 1712N
(collectively 1712), where N is any whole number. In this
embodiment, the transforms 1712 operate in parallel. In
this example embodiment there are r Winograd transform
engines that operate in parallel, where r is the radix used
to implement the lr point Cooley-Tukey transform but it
is contemplated that in other embodiments any number
of transform unit(s) may be utilized. In this embodiment,
the transforms comprise lw point Wingrad transforms on
the data presented to the transform units 1712 from the
buffers 1708A, 1708B. In this embodiment, lw point trans-
forms are used since the array of Figure 14 is selected
with lw point columns. The transform units 1712 may com-
prise hardware, software, or both, depending on the par-
ticular application. In this embodiment, the transforms
comprised hardware or hardwired devices and logic to
achieve Winograd processing.
[0120] After the data is processed by the transform
units 1712, the resulting processed data, in this embod-
iment, goes directly into the lr point FFT units 1716A,
through, 1716M, where M is any whole number. In this
embodiment, there are ceiling (lw/2) FFT units 1716
which processes the data across the first ceiling
(lw/2)rows of the conceptual array shown in Figure 14.
Because there are lr columns, each of the FFT units 1716
are lr point units. Each FFT unit 1716 processes the data
in parallel as shown. In this embodiment, the FFT units
1716 are configured to perform a radix r FFT operation.
In this embodiment the value r is set at 4, but in other
embodiment the value of r may be any value. As dis-
cussed above, due to the use of real input signals, the
last floor(lw/2) rows are complex conjugates and do not
need to be calculated. The function y=floor[x] returns the
largest integer y which is equal to or smaller than the
value x. As a result, only ceiling (lw/2) FFT units FFT units
1716 are required and shown in this embodiment. In other
embodiments, other transforms may be utilized and any
number of FFT units 1716 may be utilized to suit the
latency, power, and array size specification.
[0121] The output of the FFT units 1716 is output to
one or more multipliers 1720. In one embodiment, mul-
tiple multipliers are provided to achieve parallel process-
ing of the data. In such an embodiment, the output of the
multiplier 1720 would connect directly to the IFFT 1744
which is discussed below in greater detail.

[0122] It is also contemplated that in an alternative em-
bodiment, a reduced number of multipliers 1720 may be
utilized and delays, and summing junctions as shown
may be incorporated into the design as shown in element
1740. In Figure 15, only the right most data path is shown
due to space limitation, but it is contemplated that in this
alternative embodiment the structure 1740 would be du-
plicated for each of the other two data paths. In this con-
figuration, the output from the FFT unit 1716 is provided
to a multiplier 1720 and a delay D1 1722. The delay D1
1722 delays the received data and has outputs which
connect to a delay DT 1724 and a multiplier 1726 as
shown. The output of the delay DT 1724 connects to a
multiplier 1728. The outputs of the multipliers 1726, 1728
connect to a delay D2 1730. The output of the delay 1730
connects to summing junction 1732. Each of the multi-
pliers 1720, 1726, 1728 receives a respective coefficient
input h1, h2, h3 as shown. It should be noted that the
multipliers 1726, 1728 are not physically present, but are
illustrated for purposes of understanding. The multipliers
1720 is used multiple times and at different times, differ-
ent coefficient values h1, h2, h3,...,hn are used.
[0123] In operation, if this alternative embodiment is
implemented, the multipliers and delays of element 1740
(shown as the elements in the dash line) forms the NEXT
and Echo cancellation signal and the multipliers h1, h2,
h3 are selected to generate the desired cancellation val-
ue. In this configuration, the multiplier’s operation time is
less than a full block time. As such, multiplies in the mul-
tipliers 1726, 1728 will be used more than once during a
cycle. Stated another way, the multiplier does not take a
full cycle and in fact are busy for less than © the cycle.
As such, when a multiplier is not in use, the system pre-
pares the data for the second and third blocks using the
multipliers during the next cycle. The same multiplier is
used multiple times during a cycle and added back into
the data frame. As such, the system reduces space re-
quirements by re-using the multipliers. In this configura-
tion the technology or process is small form factor, so a
significant portion of power consumption is due to leak-
age current. Thus, even if not performing active process-
ing, an element consumes power. As a result, redundant
circuits which are only occasionally used consume power
even when not in use and are undesirable. Figure 4 and
5 above, and the associated text, discuss the purpose
and function of the multipliers in more detail.
[0124] The output of the multiplier 1720 is provided to
the inverse fast Fourier transform (IFFT) units 1744A
through 1744M as shown. The IFFT units 1744 perform
the inverse transform as is performed by the transform
units 1716. In this embodiment, the inverse transform is
an inverse lr point radix r IFFT. The variable r may com-
prise any whole number. The outputs of the IFFT units
1744 connect to the transforms 1750A, 1750B through,
1750N. The transforms 1750 are the inverse of the trans-
forms 1712 discussed above.
[0125] After processing by the IFFT unit 1744 and the
transform unit 1750, the data is fed into an output buffer
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1754 for processing by subsequent stages of the system.
Reverse ordering of the data may be performed to gen-
erate an output that is time oriented or structurally orient-
ed after processing in the frequency domain. In one em-
bodiment a similar 2-D array is recreated and re-ordering
is performed as the transform output becomes available.
The processed data is retrieved from the array in the
proper sequence for cancellation in the time domain. Re-
ordering does not introduce additional latency because
the buffers are awaiting data and can perform the reor-
dering while waiting for the blocks to accumulate. The
output buffer may also utilize Good-Thomas indexing.
[0126] Figure 16 illustrates an exemplary block dia-
gram of a system configured to perform a Winograd trans-
form. This is but one example embodiment and as such,
in other embodiments other configuration may be utilized
to perform the Winograd transform. The transform may
also be performed using machine readable code stored
on a memory and configured to execute on a processor.
[0127] In this example embodiment, the inputs 1804
to the transform hardware provide the data from the buffer
(shown in Figure 15) to a pre-addition element 1808. In
the pre-addition element, the inputs undergo addition
with other inputs which reduce the number of more com-
plex and power consuming multiplies. The outputs of the
pre-addition element connect to a multiplication element
1812. The multiplication element 1812 multiplies the data
from the pre-addition element 1808 with one or more fixed
coefficients.
[0128] The output from the multiplication element 1812
feeds into a post additional element 1820, which per-
forms addition on the output from the multiplication ele-
ment 1812. In this embodiment, certain of the inputs are
added together. The outputs 1824 are shown as trans-
form out 0 through transform out n. For a real input signal
with n values, the complex Winograd transform will return
n complex values, of which floor((n-1)/2) will be redun-
dant complex conjugates. Therefore floor((n-1)/2) out-
puts do not need to be calculated for a real input signal.
The Winograd transform is generally understood by one
of ordinary skill in the art and as such it is not discussed
in great detail herein.
[0129] Figure 17 illustrates an exemplary block dia-
gram of a radix 4 transform stage. This is but one example
embodiment and as such, in other embodiments other
configuration may be utilized to perform the Cooley-Tuk-
ey transform. The transform may also be performed using
machine readable code stored on a memory and config-
ured to execute on a processor.
[0130] In this discussion, the data path 0 is discussed,
and the other data paths 1 - data path 3 mirror data path
0. An input 1904 comprises butterfly-in-0 which connects
to a summing junction 1908. The junction 1908 also re-
ceives input from the other butterfly-in inputs as shown.
The summing junction 1908 combines the inputs and pro-
vides the resulting sum to a multiplier 1920 which multi-
plies the input by a coefficient NT. NT comprises a value
selected based on the time and frequency index of the

value being calculated. The output of the multiplier 1920
carries the butterfly-out 0 signal on output 1928. The
Cooley-Tukey operation is generally understood by one
of ordinary skill in the art and as such, is not described
in greater detail herein.
[0131] Figure 18 illustrates an exemplary flow diagram
of an example method of operation of the combined trans-
form. This is but one possible method of operation and
as such, it is contemplated that one of ordinary skill in
the art may arrive at different methods of operation which
do not depart from the claims that follow. In this embod-
iment, at a step 2004, the system receives data upon
which the transform operation will occur and for additional
processing. An inverse transform is also contemplated.
Then at step 2008, the system orders the data. After or-
dering at step 2008, the operation buffers the data into
a two dimensional array using Good-Thomas ordering.
In this embodiment, data is buffered until the 2-D array
is full.
[0132] Thereafter, at a step 2016, the operation pro-
vides the data from the buffer to the Winograd small trans-
form. At step 2020, the Winograd small transform proc-
essor performs a Winograd small transform on the data.
Multiple concurrent or sequenced transforms may occur.
The results of this transform are output to a radix r trans-
form, which in this example embodiment is a radix 4 trans-
form. This occurs at a step 2024. At a step 2028, the
operation performs a parallel Radix r transform on the
output of the Winograd small transform.
[0133] At a step 2032, the operation performs a multi-
plication or any other scaling operation on the Cooley-
Tukey output. In one embodiment, the coefficient repre-
sents the frequency content of a delayed block of the
echo or near-end crosstalk response. As discussed
above in greater detail, this modifies the data to reduce
the echo and the crosstalk components in the received
signal. After modification though multiplication or other
type scaling, the operation advances to step 2036 where-
in the system performs an inverse Cooley-Tukey opera-
tion and an inverse Winograd small transform. These are
generally the inverse operation as described above at
steps 2020 and 2028.
[0134] Then, at a step 2040, the output from the inverse
Winograd small transform is buffered and reordered
based on Good-Thomas indexing or any other type in-
dexing. Any number of dimensions / length of dimensions
of prime factor indexing and ordering may be utilized.
Ordering may occur through use of a table look-up op-
eration or in any other manner. Once the buffer is full, or
before, depending on the order of buffering, the data is
output from the buffer for subsequent processing. This
occurs at step 2044.
[0135] As a benefit to this method of operation, latency
is reduced due to the use of two dimensional blockswhich
require less complex ordering than prime factor indexing
with dimensionality N>2.. In addition, power consumption
is reduced by using fewer elements, such as multipliers.
The system also shares certain hardware, such as mul-
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tipliers, which in turn reduces the size and cost of the
system while also reducing leakage current. Moreover,
the selected transforms are well suited to implementation
in hardware, which due to the processing speed, is the
selected implementation for performing the transforms.
The implementation and hardware can also be paral-
lelized to speed processing. Furthermore, the selected
transforms do not require the use of a real adjust, which
slows processing. Thus the overall latency is minimized
while minimizing power for a hardware implementation.
Compared to the real transform approaches of the prior
art, the circuitry required to control the transform engine
and generate indexing is much simpler and lower power.
[0136] To further aid in understanding, it is referred to
the following references:
[0137]  12.3 FFT of Real Functions, Sine and Cosine
Transforms, from Numerical Recipes in C: The Art of Sci-
entific Computing, Cambridge University Press, 1992,
William H. Press, Saul A. Teukolsky, William T. Vetter-
ling, Brian P. Flannery, pages 210-220
Nussbaumer, HJ, 1982, Fast Fourier Transform and Con-
volution Algorithms (New York: Springer-Verlag)
[0138] In addition, the following references regarding
FFT algorithms aid in understanding and provide the
reader with further disclosure:

Duhamel & Vetterli, Fast Fourier transforms :a tuto-
rial review and a state of the art, Signal Processing
19: 259-299

H. V. Sorensen, D. L. Jones, M. T. Heideman, and
C. S. Burrus, 1987, Real-valued fast Fourier trans-
form algorithms, IEEE Trans. Acoust. Speech Sig.
Processing ASSP-35: 849-863.

Claims

1. A method for reducing interference in an incoming
signal received at a transceiver of a multi-channel
communication device comprising:

receiving (2004), in a serial format, a signal to
be transmitted over a channel, the transmitted
signal to be transmitted from the transceiver;
converting the signal to a parallel format to cre-
ate data representing the signal;
performing (2028) a transform comprising a
Cooley-Tukey transform (1716) on the data to
create transform domain data;
distributing the transform domain data to one or
more multipliers;
multiplying (2032) the transform domain data by
one or more weighting variables to create a
weighted transform domain signal;
performing (2036) an inverse transform com-
prising a Cooley-Tukey transform (1744) on the
weighted transform domain data to create can-

cellation data;
converting the cancellation data to a serial for-
mat signal; and
combining the cancellation signal with the in-
coming signal to reduce interference in the in-
coming signal;
characterized in that performing the transform
comprises performing ordering (2008, 2012) on
the data based on Good-Thomas ordering
(1704), performing (2020) a Winograd transform
(1712) on the data, and then (2028) the Cooley-
Tukey transform (1716); and
performing (2036) the inverse transform com-
prises performing the inverse Cooley-Tukey
transform (1744) on the weighted transform do-
main data and then an inverse Winograd trans-
form (1750) on the output of the inverse Cooley-
Tukey transform, and then performing inverse
ordering.

2. The method of Claim 1, wherein the signal comprises
two or more signals and each signal is associated
with a channel in the multi-channel communication.

3. The method of either of Claim 1 or Claim 2, wherein
performing ordering on the data comprises arranging
the data into a two dimensional array (1604).

4. The method of Claim 3, wherein the two dimensional
array is an array having lw rows (1608) and lr columns
(1612).

5. The method of any of Claims 1 to 4, wherein the
multiplying comprises an element by element multi-
ply operation.

6. The method of any of Claims 1 to 5, further compris-
ing performing overlap processing on the one or
more incoming signals and one or more cancellation
signals.

7. A cancellation system for reducing interference in a
received signal in a multi-channel communication
device, wherein the cancellation system for each
channel comprises:

an input (1704) for receiving (2024) an outgoing
signal at a first transceiver, the outgoing signal
in a first domain;
one or more transform units (1716) configured
to manipulate (2028) the outgoing signal into a
second domain signal and provide the second
domain signal to at least one multiplier (1920)
associated with each channel, wherein the
transform unit comprises at least one Cooley-
Tukey transform (1716);
one or more multipliers (1920) configured to mul-
tiply (2032) the second domain signal with one
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or more weighting variables to create two or
more cancellation signals in the second domain;
one or more inverse transform units (1744) con-
figured to perform (2036) an inverse transform
on the two or more cancellation signals in the
second domain to create a cancellation signal
in the second domain, wherein the one or more
inverse transform units (1744) comprise at least
one Cooley-Tukey transform (1716); and
a subtractor (338) configured to subtract the
cancellation signal that is in the second domain
from a received signal;
characterized in that the transform unit com-
prises a system configured to order (2008, 2012)
the data based on Good-Thomas ordering
(1704) and at least one Winograd transform
(1712) operative to transform (2020) the ordered
data, and the at least one Cooley-Tukey trans-
form (1716) is operative to transform (2028) the
data transformed by the Winograd transform
(1712); and
the inverse transform unit comprises at least one
inverse Winograd transform (1750) operative on
the output of the inverse Cooley-Tukey trans-
form (1744), and a system operative to perform
inverse ordering on the output of the inverse
Winograd transform (1750).

8. The system of Claim 7, wherein the one or more
transform units are implemented in hardware.

9. The system of either of Claim 7 or Claim 8, further
comprising one or more summing junctions (1908)
configured to add the two or more cancellation sig-
nals in the second domain from the one or more mul-
tipliers (1920) to generate a combined cancellation
signal in the second domain and output the com-
bined cancellation signal in the second domain to
the one or more inverse transform units.

10. The system of any of Claims 7 to 9, further compris-
ing a buffer system (1708) configured to receive and
order the outgoing signal into a two dimensional ar-
ray (1604).

11. The system of any of Claims 7 to 10, wherein the
multi-channel communication device comprises a
four channel communication device and each can-
cellation system (1908) generates a cancellation sig-
nal (1928) that accounts for the interference from
each of the four channels.

12. The system of any of Claims 7 to 11, further com-
prising an adaptation system configured to adaptive-
ly generate weighting variables and the adaptation
system comprises one or more transform units con-
figured to convert an error signal to the second do-
main and an adaptation module configured to proc-

ess the error signal in the second domain to generate
the weighting variables.

13. The system of any of Claims 7 to 12, wherein one or
more of the Cooley-Tukey transform units (1716) and
one or more of the Winograd transform units (1712)
perform overlap processing and transform process-
ing.

14. The system of any of Claims 7 to 13, wherein at least
one of the one or more multipliers is configured to
be shared between clock cycles.

Patentansprüche

1. Verfahren zum Reduzieren der Interferenz in einem
eingehenden Signal, das an einem Sendeempfän-
ger einer Mehrkanal-Kommunikationsvorrichtung
empfangen wird, umfassend:

Empfangen (2004), in einem seriellen Format,
eines über einen Kanal zu sendenden Signals,
wobei das gesendete Signal von dem Sende-
empfänger zu senden ist;
Konvertieren des Signals in ein paralleles For-
mat, um Daten zu erzeugen, die das Signal re-
präsentieren;
Durchführen (2028) einer Transformation, um-
fassend eine Cooley-Tukey-Transformation
(1716) an den Daten, um Transformationsbe-
reichsdaten zu erzeugen;
Verteilen der Transformationsbereichsdaten
auf einen oder mehrere Multiplikatoren;
Multiplizieren (2032) der Transformationsbe-
reichsdaten mit einer oder mehreren Gewichts-
variablen, um ein gewichtetes Transformations-
bereichssignal zu erzeugen;
Durchführen (2036) einer Transformation, um-
fassend eine Cooley-Tukey-Transformation
(1744) an den gewichteten Transformationsbe-
reichsdaten, um Löschdaten zu erzeugen;
Konvertieren der Löschdaten in ein Signal mit
seriellem Format; und
Kombinieren des Löschsignals mit dem einge-
henden Signal, um die Differenz in dem einge-
henden Signal zu reduzieren;
dadurch gekennzeichnet, dass das Durchfüh-
ren der Transformation das Durchführen von
Sortierung (2008, 2012) der Daten auf der Basis
der Good-Thomas-Sortierung (1704) umfasst,
das Durchführen (2020) einer Winograd-Trans-
formation (1712) an den Daten und anschlie-
ßend (2028) der Cooley-Tukey-Transformati-
on(1716); und
das Durchführen (2036) der umgekehrten
Transformation das Durchführen der umgekehr-
ten Cooley-Tukey-Transformation (1744) an
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den gewichteten Transformationsbereichsda-
ten und anschließend einer umgekehrten Wino-
grad-Transformation (1750) an der Ausgabe der
umgekehrten Cooley-Tukey-Transformation
umfasst, und dann das Durchführen der umge-
kehrten Sortierung.

2. Verfahren nach Anspruch 1, wobei das Signal zwei
oder mehr Signale umfasst und jedes Signal einem
Kanal in der Mehrkanalkommunikation zugeordnet
ist.

3. Verfahren nach Anspruch 1 oder 2, wobei das Durch-
führen der Sortierung an den Daten das Anordnen
der Daten in einer zweidimensionalen Anordnung
(1604) umfasst.

4. Verfahren nach Anspruch 3, wobei die zweidimen-
sionale Anordnung eine Anordnung mit lw Zeilen
(1608) und lr Spalten (1612) ist.

5. Verfahren nach einem der Ansprüche 1 bis 4, wobei
das Multiplizieren einen Element-für-Element-Multi-
plikationsvorgang umfasst.

6. Verfahren nach einem der Ansprüche 1 bis 5, des
Weiteren umfassend das Durchführen einer Über-
lappungsverarbeitung an den einen oder mehreren
eingehenden Signalen und den einen oder mehre-
ren Löschsignalen.

7. Löschsystem zum Reduzieren von Interferenz in ei-
nem empfangenen Signal in einer Mehrkanal-Kom-
munikationsvorrichtung, wobei das Löschsystem für
jeden Kanal umfasst:

einen Eingang (1704) zum Empfangen (2024)
eines ausgehenden Signals an einem ersten
Sendeempfänger, wobei das ausgehende Sig-
nal in einem ersten Bereich ist;
eine oder mehrere Transformationseinheiten
(1716), die dazu konfiguriert sind, das ausge-
hende Signal zu einem zweiten Bereichssignal
zu verarbeiten und das zweite Bereichssignal
für mindestens einen Multiplikator (1920) bereit-
zustellen, der den einzelnen Kanälen zugeord-
net ist, wobei die Transformationseinheit min-
destens eine Cooley-Tukey-Transformation
(1716) umfasst;
einen oder mehrere Multiplikatoren (1920), die
dazu konfiguriert sind, das zweite Bereichssig-
nal mit einer oder mehreren Gewichtsvariablen
zu multiplizieren (2032), um zwei oder mehr
Löschsignale in dem zweiten Bereich zu erzeu-
gen;
eine oder mehrere umgekehrte Transformati-
onseinheiten (1744), die dazu konfiguriert sind,
eine umgekehrte Transformation an den zwei

oder mehr Löschsignalen im zweiten Bereich
durchzuführen, um ein Löschsignal in dem zwei-
ten Bereich zu erzeugen, wobei die einen oder
mehreren umgekehrten Transformationseinhei-
ten (1744) mindestens eine Cooley-Tukey-
Transformation (1716) umfassen; und
einen Subtrahierer (338), der dazu konfiguriert
ist, das Löschsignal, das sich in dem zweiten
Bereich befindet, von einem empfangenen Sig-
nal zu subtrahieren;
dadurch gekennzeichnet, dass die Transfor-
mationseinheit ein System umfasst, das dazu
konfiguriert ist, die Daten basierend auf der
Good-Thomas-Sortierung (1704) zu sortieren
(2008, 2012), und mindestens eine Winograd-
Transformation (1712), die in Funktion die sor-
tierten Daten transformieren (2020) kann, und
mindestens eine Cooley-Tukey-Transformation
(1716), die in Funktion die durch die Winograd-
Transformation (1712) transformierten Daten
transformieren (2028) kann; und
wobei die umgekehrte Transformationseinheit
mindestens eine umgekehrte Winograd-Trans-
formation (1750) umfasst, die an der Ausgabe
der umgekehrten Cooley-Tukey-Transformati-
on (1744) wirkfähig ist, und ein System, das in
Funktion die umgekehrte Sortierung an der Aus-
gabe der umgekehrten Winograd-Transformati-
on (1750) durchführen kann.

8. System nach Anspruch 7, wobei die einen oder meh-
reren Transformationseinheiten in Form von Hard-
ware implementiert sind.

9. System nach einem der Ansprüche 7 oder 8, des
Weiteren umfassend eine oder mehrere Summier-
verbindungsstellen (1908), die dazu konfiguriert
sind, die zwei oder mehr Löschsignale in dem zwei-
ten Bereich von den einen oder mehreren Multipli-
katoren (1920) zu addieren, um ein kombiniertes
Löschsignal in dem zweiten Bereich zu erzeugen,
und das kombinierte Löschsignal in dem zweiten Be-
reich an die einen oder mehreren umgekehrten
Transformationseinheiten auszugeben.

10. System nach einem der Ansprüche 7 bis 9, des Wei-
teren umfassend ein Puffersystem (1708), das dazu
konfiguriert ist, das ausgehende Signal zu empfan-
gen und zu einer zweidimensionalen Anordnung
(1604) zu sortieren.

11. System nach einem der Ansprüche 7 bis 10, wobei
die Mehrkanal-Kommunikationsvorrichtung eine
Vierkanal-Kommunikationsvorrichtung umfasst und
jedes Löschsystem (1908) ein Löschsignal (1928)
erzeugt, das für die Interferenz von jedem der vier
Kanäle verantwortlich ist.

39 40 



EP 2 255 453 B1

22

5

10

15

20

25

30

35

40

45

50

55

12. System nach einem der Ansprüche 7 bis 11, des
Weiteren umfassend ein Adaptionssystem, das da-
zu konfiguriert ist, adaptiv Gewichtsvariablen zu er-
zeugen, und wobei das Adaptionssystem eine oder
mehrere Transformationseinheiten umfasst, die da-
zu konfiguriert sind, ein Fehlersignal für den zweiten
Bereich zu konvertieren sowie ein Adaptionsmodul,
das dazu konfiguriert ist, das Fehlersignal in dem
zweiten Bereich zu verarbeiten, um die Gewichtsva-
riablen zu erzeugen.

13. System nach einem der Ansprüche 7 bis 12, wobei
die einen oder mehreren Cooley-Tukey-Transfor-
mationseinheiten (1716) und eine oder mehrere der
Wingorad-Transformationseinheiten (1712) eine
Überlappungsverarbeitung und eine Transformati-
onsverarbeitung durchführen.

14. System nach einem der Ansprüche 7 bis 13, wobei
mindestens einer aus den einen oder mehreren Mul-
tiplikatoren dazu konfiguriert ist, von Taktzyklen ge-
teilt zu werden.

Revendications

1. Procédé pour réduire l’interférence dans un signal
entrant reçu au niveau d’un émetteur-récepteur d’un
dispositif de communication multicanal,
comprenant :

la réception (2004), dans un format série, d’un
signal destiné à être émis sur un canal, le signal
émis destiné à être émis depuis l’émetteur-
récepteur ;
la conversion du signal en un format parallèle
pour créer des données représentant le signal ;
la réalisation (2028) d’une transformée compre-
nant une transformée de Cooley-Tukey (1716)
sur les données pour créer des données de do-
maine de transformée ;
la distribution des données de domaine de trans-
formée vers un ou des multiplicateurs ;
la multiplication (2032) des données de domai-
ne de transformée par une ou des variables de
pondération pour créer un signal de domaine de
transformée pondéré ; la réalisation (2036)
d’une transformée inverse comprenant une
transformée de Cooley-Tukey (1744) sur les
données de domaine de transformée pondérées
pour créer des données de suppression ;
la conversion des données de suppression en
un signal en format série ; et
la combinaison du signal de suppression avec
le signal entrant pour réduire l’interférence dans
le signal entrant ;
caractérisé en ce que la réalisation de la trans-
formée comprend la réalisation d’un ordonnan-

cement (2008, 2012) sur les données basé sur
un ordonnancement de Good-Thomas (1704),
la réalisation (2020) d’une transformée de Wi-
nograd (1712) sur les données et, ensuite
(2028), la transformée de Cooley-Tukey
(1716) ; et
la réalisation (2036) de la transformée inverse
comprend la réalisation de la transformée de
Cooley-Tukey inverse (1744) sur les données
de domaine de transformée pondérées et, en-
suite, d’une transformée de Winograd inverse
(1750) sur la sortie de la transformée de Cooley-
Tukey inverse et, ensuite, la réalisation d’un or-
donnancement inverse.

2. Procédé selon la revendication 1, dans lequel le si-
gnal comprend deux signaux ou plus et chaque si-
gnal est associé à un canal dans la communication
multicanal.

3. Procédé selon l’une ou l’autre des revendications 1
ou 2, dans lequel la réalisation d’un ordonnancement
sur les données comprend l’arrangement des don-
nées en une matrice bidimensionnelle (1604).

4. Procédé selon la revendication 3, dans lequel la ma-
trice bidimensionnelle est une matrice ayant lw ran-
gées (1608) et lr colonnes (1612).

5. Procédé selon l’une quelconque des revendications
1 à 4, dans lequel la multiplication comprend un élé-
ment par opération de multiplication d’éléments.

6. Procédé selon l’une quelconque des revendications
1 à 5, comprenant, en outre, la réalisation d’un trai-
tement de chevauchement sur le ou les signaux en-
trants et un ou des signaux de suppression.

7. Système de suppression pour réduire une interfé-
rence dans un signal reçu dans un dispositif de com-
munication multicanal, dans lequel le système de
suppression pour chaque canal comprend :

une entrée (1704) pour recevoir (2024) un signal
sortant au niveau d’un premier émetteur-récep-
teur, le signal sortant étant dans un premier
domaine ;
une ou des unités de transformée (1716) confi-
gurées pour manipuler (2028) le signal sortant
en un signal de second domaine et fournir le
signal de second domaine à au moins un multi-
plicateur (1920) associé à chaque canal, dans
lequel l’unité de transformée comprend au
moins une transformée de Cooley-Tukey
(1716) ;
un ou des multiplicateurs (1920) configurés pour
multiplier (2032) le signal de second domaine
par une ou des variables de pondération pour
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créer deux signaux de suppression ou plus dans
le second domaine ;
une ou des unités de transformée inverse (1744)
configurées pour réaliser (2036) une transfor-
mée inverse sur les deux signaux de suppres-
sion ou plus dans le second domaine pour créer
un signal de suppression dans le second domai-
ne, dans lequel la ou les unités de transformée
inverse (1744) comprennent au moins une
transformée de Cooley-Tukey (1716) ; et
un soustracteur (338) configuré pour soustraire
d’un signal reçu le signal de suppression qui est
dans le second domaine ;
caractérisé en ce que l’unité de transformée
comprend un système configuré pour ordonnan-
cer (2008, 2012) les données sur la base d’un
ordonnancement de Good-Thomas (1704) et au
moins une transformée de Winograd (1712)
opérant pour transformer (2020) les données or-
donnancées, et l’au moins une transformée de
Cooley-Tukey (1716) opère pour transformer
(2028) les données transformées par la trans-
formée de Winograd (1712) ; et
l’unité de transformée inverse comprend au
moins une transformée de Winograd inverse
(1750) opérant sur la sortie de la transformée
de Cooley-Tukey inverse (1744) et un système
opérant pour réaliser un ordonnancement inver-
se sur la sortie de la transformée de Winograd
inverse (1750).

8. Système selon la revendication 7, dans lequel la ou
les unités de transformée sont exécutées en maté-
riel.

9. Système selon l’une ou l’autre des revendications 7
ou 8, comprenant, en outre, une ou des jonctions
d’addition (1908) configurées pour additionner les
deux signaux de suppression ou plus dans le second
domaine provenant du ou des multiplicateurs (1920)
pour générer un signal de suppression combiné
dans le second domaine et fournir en sortie le signal
de suppression combiné dans le second domaine à
la ou aux unités de transformée inverse.

10. Système selon l’une quelconque des revendications
7 à 9, comprenant, en outre, un système tampon
(1708) configuré pour recevoir et ordonnancer le si-
gnal sortant dans une matrice bidimensionnelle
(1604).

11. Système selon l’une quelconque des revendications
7 à 10, dans lequel le dispositif de communication
multicanal comprend un dispositif de communication
quadricanal et chaque système de suppression
(1908) génère un signal de suppression (1928) qui
rend compte de l’interférence de chacun des quatre
canaux.

12. Système selon l’une quelconque des revendications
7 à 11, comprenant, en outre, un système d’adapta-
tion configuré pour générer de manière adaptative
des variables de pondération et le système d’adap-
tation comprend une ou des unités de transformée
configurées pour convertir un signal d’erreur en le
second domaine et un module d’adaptation configu-
ré pour traiter le signal d’erreur dans le second do-
maine pour générer les variables de pondération.

13. Système selon l’une quelconque des revendications
7 à 12, dans lequel une ou plusieurs des unités de
transformée de Cooley-Tukey (1716) et une ou plu-
sieurs des unités de transformée de Winograd
(1712) réalisent un traitement de chevauchement et
un traitement de transformée.

14. Système selon l’une quelconque des revendications
7 à 13, dans lequel au moins un des un ou plusieurs
multiplicateurs est configuré pour être partagé entre
des cycles d’horloge.
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