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METHOD AND SYSTEM FOR CHANNEL ESTIMATION
IN A DATA TRANSMISSION SYSTEM

BACKGROUND OF THE INVENTION

Field of the Invention

[0001] The present invention relates to data transmission systems and,

more particularly, to multicarrier data transmission systems.
Description of the Related Art

[0002] A conventional voice-band modem can connect computer users
end-to-end through the Public Switched Telephone Network (PSTN).
However, the transmission throughput of a voice-band modem is limited to
below 40 Kbps due to the 3.5 KHz bandwidth enforced by bandpass filters
and codes at the PSTN interface points. On the other hand, the twisted-pair
telephone subscriber loop of a computer user has a much wider usable
bandwidth. Depending on the length of the subscriber loop, the bandwidth at a
loss of 50 dB can be as wide as 1 MHz. Transmission systems based on local

subscriber loops are generally called Digital Subscriber Lines (DSL).

[0003] One DSL technique for high-speed data communications is
Asymmetrical Digital Subscriber Line (ADSL) signaling for the telephone loop
which has been defined by standards as a communication system
specification that provides a low-rate data stream from the residence to the
telephone company’s central office (upstream), and a high-rate data stream
from the central office to the residence (downstream). The ADSL. standard
provides for operation without affecting conventional voice telephone
communications, e.g., Plain Old Telephone Service (POTS). The ADSL
upstream channel only provides simple control functions or low-rate data
transfers. The high-rate downstream channel provides a much higher
throughput. This asymmetrical information flow is desirable for applications

such as video-on-demand (VOD).

[0004] An ADSL modem operates in a frequency range that is higher than
the voice-band; this permits higher data rates. However, the twisted-pair
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subscriber line has distortion and losses which increase with frequency and
line length. Thus, the ADSL standard data rate is determined by a maximum
achievable rate for a length of subscriber lines. The ADSL standard uses
Discrete Multi-Tone (DMT) modulation with the DMT spectrum divided into
two-hundred fifty-six 4.3125 kHz carrier bands and a quadrature amplitude
modulation (QAM) type of constellation is used to load a variable number of

bits onto each carrier band independently of the other carrier bands.

[0005] Besides ADSL, another DSL technique for high-speed data
communications over twisted-pair phone lines is known as Very High Speed
Digital Subscriber Lines (VDSL). VDSL is intended to facilitate transmission
rates greater than that offered by ADSL. The multicarrier transmission
schemes used with VDSL can be Discrete Multi-Tone (DMT) modulation, or
some other modulation scheme such as Discrete Wavelet Multi-Tone (DWMT)
modulation, Quadrature Amplitude Modulation (QAM), Carrierless Amplitude
and Phase modulation (CAP), Quadrature Phase Shift Keying (QPSK), or
vestigial sideband modulation.

[0006] Digital communication systems transmit data from a transmitter
over a channel to a receiver. In order to support reliable, high performance
operation, digital communication systems often need to estimate the impulse
response of the channel. The channel can represent a channel from the
transmitter to a far-end receiver or from the transmitter to a near-end receiver.
The digital communication system can utilize the estimated channel impulse
response for far-end or near-end noise cancellation schemes and far-end
channel equalization.

[0007] Prior approaches to estimating a channel impulse response have
been implemented in either the time domain or the frequency domain. In the
case of time-domain channel estimation techniques, the estimated channel is
convolved with the transmitted signal in an adaptive manner. However, such
a solution produces only a single error signal that is used to update all taps of
a finite impulse response filter that provides the estimated channel. This

approach is complex and slow to converge.

[0008] FIG. 1is a block diagram of a conventional time-domain channel

taps estimation apparatus 100. In such scheme, each error signal (err_sig)
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contains the effect due to incorrect estimation of all M taps of the channel
being estimated. The error signal is used to update the M taps for use by a
Finite Impulse Response (FIR) filter which produces the channel estimate.
Consequently, updates to the channel estimate based on each error signal
require changes to all M taps. The error signal is therefore a poor metric for
updating the estimated taps based on Least Means Square (LMS) algorithm.
As a result, this training method often results in slow convergence. Although
a Recursive Least Squares (RLS) algorithm helps decouple the error signal,
such an approach often translates to increased hardware complexity.
Moreover, to generate the response based on the estimated channel for
calculating the error signal, the transmit signal needs to be convolved with the
estimated channel. Each of the estimated output samples thus requires M
multiplications between the M taps for the estimated channel and M samples
of the input signals. This requires considerable processing time and
computation power.

[0009] Frequency-domain channel identification approaches are more
common. One approach requires transforming time-domain signals to
frequency-domain tones, training frequency-domain taps for a FIR filter that
provides the estimated channel, and then finally converting the frequency-
domain taps back to the time-domain channel estimate. This approach allows
each tap to be independently trained and adapted in the frequency domain.
However, the disadvantages of this frequency-domain approach are that
additional hardware for fast Fourier transforms and inverse fast Fourier
transforms are required on the receiver side, and that the training signals
utilized must span the entire frequency bandwidth. Unfortunately, in some
implementations of digital communication systems, there are restrictions on
usage of certain frequencies for the purpose of training and thus the entire

frequency bandwidth is sometimes not permitted to be used.

[0010] FIG. 2 is a block diagram of a conventional frequency-domain
channel taps estimation apparatus 200. The required time-domain taps are
derived from the IFFT transformation of an estimated frequency-domain
response. The frequency-domain response is estimated through an
independent adaptive update for each of the frequency taps. With the
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frequency-domain based approach to estimate the time-domain taps, the
training algorithm requires a correct frequency response estimation at every
frequency index. Failure to estimate certain frequency-domain taps correctly
would result in a poor time-domain response estimate. Since the frequency
responses are correctly estimated only if a training signal at that frequency is
excited, this requirement is a problem for a lot of standard frequency plans,
e.g., ADSL or VDSL. In these frequency plans, the training signals are not
allowed to transmit over the full spectrum. To deal with the problem, one
approach uses extrapolation or interpolation of the correct frequency taps to
the taps that could not be trained. However, extrapolation or interpolation fails
to give reasonable performance, especially when a wide frequency band is
not available for training, leading to a smaller number of correctly estimated

taps.

[0011] Another approach to estimating the channel response in the
frequency domain can utilize a frequency-domain adaptive comb filter. In K.
Van Acker, M. Moonen, T. Pollet, “Per-Tone Echo Canceliation for DMT-
based system,” IEEE Transactions on Communications, Vol. 51, No. 9
(September 2003), a per tone echo cancellation structure enables the
transformation of time-domain taps to the frequency-domain adaptive comb
filter taps. The frequency-domain adaptive comb filter taps can be directly
trained to estimate the desired taps. The update of the adaptive comb filter
taps for each of the frequency tones is unfortunately based on a single error
signal, similar to the conventional time-domain channel taps estimation. As a
result, this approach shares the same disadvantages of the conventional time-
domain channel taps estimation, namely, highly computational complexities
and slow convergence.

[0012] Thus, there remains a need for improved approaches to estimating

channel response in a digital communication system.

SUMMARY OF THE INVENTION

[0013] The invention pertains to improved techniques for estimating a
channel (e.g., channel impulse response) in the time domain. The improved

techniques can be used to estimate time-domain channel taps in a digital

4
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communication system. An improved training sequence enables time-domain
estimation and eliminates the need for correct frequency-domain channel
estimation at every frequency. By utilizing the training sequence according to
the invention, the estimation of each of the time-domain channel taps can be
decoupled from each other. This enables a channel estimate to be performed

with not only a higher convergence speed but also lower complexity.

[0014] One aspect of the invention pertains to improved techniques to
estimate a time-domain channel using a training sequence that includes sets
of subparts of the training sequence, each of the subparts includes samples
that are at least prifnarily pseudo-random, and, within each of the sets of
subparts, the samples are the same except for a single corresponding pair of

samples within the subparts. Otherwise, the subparts are identical.

[0015] Another aspect of the invention is channel estimation at a receiver
wherein operation is rapid and hardware requirements are not overly
burdensome. The channel estimation uses time-domain signals to produce a
time-domain channel estimate. Optionally, the channel estimation can further
use frequency-domain signals to provide a frequency-domain channel

estimate, independent from or jointly with partial time-domain estimation.

[0016] The channel being estimated can be a direct channel impulse
response, an echo channel impulse response or a crosstalk channel impulse
response. The crosstalk channel impulse response would be associated with

a digital multiple-input/multiple-output communication system.

[0017] The various aspects of the invention can be applied to different data
transmission systems, including standard single carrier or multicarrier
modulation systems. In this method, it is assumed that the data transmission
systems have full control on the training signals transmitted for channel

estimation.

[0018] Different embodiments of the invention can incorporate one or more

of these aspects.

[0019] The invention can be implemented in numerous ways, including as a
method, system, device, apparatus, or computer readable medium. Several

embodiments of the invention are discussed below.

5
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[0020] As a method for determining a channel impulse response at a receive
one embodiment of the invention includes at least the acts of: receiving a first
block of samples at the receiver via a channel; subsequently receiving a second
block of samples at the receiver via the channel; producing an estimated channe
response of the channel using M channel taps; producing an estimate of the firs
block of samples based on the second block of samples received via the channe
and the estimated channel response, the estimate having M components;
determining a difference estimate of the estimated first block of samples and the
first block of samples received via the channel, the difference estimate having M
components; and updating the estimated channel response by individually

updating one or more of the M channel taps based on the difference estimate.

[0021] As a computer readable medium including computer program code fol
determining a channel impulse response at a receiver, one embodiment of the
invention includes at least: computer program code for receiving a first block of
samples at the receiver via a channel; computer program code for subsequently
receiving a second block of samples at the receiver via the channel; computer
program code for producing an estimated channel response of the channel using
M channel taps; computer program code for producing an estimate of the first
block of samples based on the second block of samples received via the channe
and the estimated channel response, the estimate having M components;
computer program code for determining a difference estimate of the estimated
first block of samples and the first block of samples received via the channel, the
difference estimate having M components; and computer program code for
updating the estimated channel response by individually updating one or more o

the M channel taps based on the difference estimate.

[0022] Other aspects and advantages of the invention will become
apparent from the following detailed description taken in conjunction with the
accompanying drawings which illustrate, by way of example, the principles of
the invention.
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BRIEF DESCRIPTION OF THE DRAWINGS

[0023] The invention will be readily understood by the following detailed
description in conjunction with the accompanying drawings, wherein like

reference numerals designate like structural elements, and in which:

FIG. 1 is a block diagram of a conventional time-domain channel taps
estimation apparatus.

FIG. 2 is a block diagram of a conventional frequency-domain
channel taps estimation apparatus.

FIG. 3 is a block diagram of a transmitter according to one
embodiment of the invention.

FIG. 4 is a block diagram of a training sequence generator according
to one embodiment of the invention.

FIG. 5 is a block diagram of a training sequence generator according
to another embodiment of the invention.

FIG. 6 is a block diagram of a training sequence generator according
to still another embodiment of the invention.

FIG. 7 is a block diagram of a training sequence generator according
to yet another embodiment of the invention.

FIG. 8A is a flow diagram of a training sequence transmission
process according to one embodiment of the invention.

FIG. 8B is a flow diagram of a training sequence transmission
process according to one embodiment of the invention.

FIG. 9 is a diagram illustrating relationship of a modified training
sequence as compared to a non-modified training sequence.

FIG. 10 illustrates a group of three symbols of a training sequence
having a base core time-domain symbol.

FIG. 11 is a block diagram of channel estimation circuitry according to
one embodiment of the invention.

FIG. 12A is a block diagram of channel estimation circuitry according
to another embodiment of the invention.

FIG. 12B is a block diagram of channel estimation circuitry according

to another embodiment of the invention.
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FIG. 12C is a block diagram of channel estimation circuitry according
to still another embodiment of the invention.

FIG. 12D is a block diagram of channel estimation circuitry according
to yet another embodiment of the invention.

FIGs. 13A-13D are representative timing diagrams that respectively
correspond to the channel estimation circuitry shown in FIGs. 12A-12D.

DETAILED DESCRIPTION OF THE INVENTION

[0024] The invention pertains to improved techniques for estimating a
channel (e.g., channel impulse response) in the time domain. The improved
techniques can be used to estimate time-domain channel taps in a digital
communication system. An improved training sequence enables time-domain
estimation and eliminates the need for correct frequency-domain channel
estimation at every frequency. By utilizing the training sequence according to
the invention, the estimation of each of the time-domain channel taps can be
decoupled from each other. This enables a channel estimate to be performed

with not only a higher convergence speed but also lower complexity.

[0025] One aspect of the invention pertains to improved techniques to
estimate a time-domain channel using a training sequence that includes sets
of subparts of the training sequence, each of the subparts includes samples
that are at least primarily pseudo-random, and, within each of the sets of
subparts, the samples are the same except for a single corresponding pair of

samples within the subparts. Otherwise, the subparts are identical.

[0026] In one embodiment, the training sequence can be divided into pairs
of packets. The pairs of packets can, but need not, be sequentially
transmitted. For a given pair, the two packets of the particular training
sequence are identical except for one sample. In one embodiment, the
position of this one sample within the packet should be after the (M-1)th
sample of the packet and before the (N-M+1)th sample of the packet, where
M is the number of samples in the impulse response estimate, and N is the
number of samples in a packet. Additionally, in such an embodiment, the

packet should be at least 2M samples long. The pairs of packets of the



WO 2005/125133 PCT/US2005/020084

training sequence can be supplied to a transmitter in a time-domain or a
frequency-domain manner. A receiver makes use of the received signals over
a channel between the transmitter and the receiver to determine the channel

estimate.

[0027] Another aspect of the invention is channel estimation at a receiver
wherein operation is rapid and hardware requirements are not overly
burdensome. The channel estimation uses time-domain signals to produce a
time-domain channel estimate. Optionally, the channel estimation can further
use frequency-domain signals to provide a frequency-domain channel

estimate.

[0028] The channel being estimated can be a direct channel impulse
response, an echo channel impulse response or a crosstalk channel impulse
response. The crosstalk channel impulse response would be associated with

a digital multiple-input/multiple-output communication system.

[0029] The various aspects of the invention can be applied to different
digital communication systems, including standard single carrier or
multicarrier modulation systems. In this method, it is assumed that the digital
communication systems have full control on the training signals transmitted

for channel estimation.

[0030] Different embodiments of the invention can incorporate one or more
of these aspects.

[0031] Embodiments of various aspects of the invention are discussed
below with reference to FIGs. 3 — 13D. However, those skilled in the art will
readily appreciate that the detailed description given herein with respect to
these figures is for explanatory purposes as the invention extends beyond

these limited embodiments.

[0032] The invention pertains to estimating a channel impulse response.
Knowledge of the channel impulse response is useful in digital communication
systems for various purposes, including channel shortening or noise
cancellation schemes. One common noise cancellation scheme is echo

cancellation.
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[0033] In linear digital communication systems, a channel output is given
by linearly convolving the channel input with the time domain channel taps.
Assuming transmit signal samples are divided into series of N samples, the
received series of samples, z, corresponding to the i series of transmitted

signal can be denoted as:

Z, = x,.;hh Equation 1
To facilitate later discussions, z; can also be expressed as:

z, =y, + cir _noise, Equation 2

where y, = x, * hh , and where hh is the time-domain channel response; x; is the
series of time-domain transmit samples; z; is the i series of time-domain receive
samples; y; is the /" series of time-domain receive samples, if the transmit
sequence is periodic over the length of x;, i.e., cir _noise,= 0; cir _noise, is the i
' series of time-domain circular noise samples; * denotes circular convolution;
and * denotes linear convolution.

[0034] In many techniques used in channel identification, the estimated
channel can be updated by an error signal (err). This error signal is obtained by

calculating the difference between the estimated channel response (est_resp)

and the actual channel response:

err = x(oper)hh —est _resp Equation 3
where est _resp is the estimated response vector and is most often given by the

following equation:

est _resp = x<0per>ﬁ ‘ Equation 4
where hh is the actual channel vector; 47 is the estimated channel vector; x is the
input sequence vector; and (oper> denotes any operator depending on the
system characteristics.

[0035] In the case of a time-domain channel, as denoted in Equation 1, the
<oper> denoted in Equation 3 can be replaced by the linear convolution operator,

*. In such case, each of the samples of the estimated and actual channel

response is affected by multiple samples from the input sequence and the

10
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channel vector. As a result, each of the samples of the error signal vector, err,
also corresponds to the misadjustment of multiple samples of the estimated

channel vector. Thus, there are substantial difficulties with decoupling such error

signal to correspond to just one of the estimated channel taps hh. As aresult,
identification of channel impulse response in the time domain is often deemed

problematic, especially when M is large.

[0036] Although the determination of the actual channel response
conventionally involves a complex convolution operation, the present invention
allows simplification of the convolution operation to a multiplication and addition

operation. The present invention allows a particular sample of error signal, err, to
be dependent only on the misadjustment of a particular estimated tap of #%. As a

result, the update of each of the 47 taps can be decoupled from one another.
Consequently, the invention facilitates independent and individual estimation of
channel taps which not only simplifies the architecture but also increases the

convergence rate.

[0037] In one embodiment, the particular training sequence divides training
signals into groups of two series, which can either be consecutive or non-
consecutive. The groups should be random and be independent of each
other. If the spread of the estimated channel response is M taps, each of the
N sample long series should be larger or equal to 2M samples, (i.e. N =2M).
Hence, the total length of a group is at least 2N =2(2M) = 4M. The two series
should be identical except for one sample. This differing sample should be
located after the (M-1)™ and before the (N-M+1)" sample of the series. If we

denote the index of such sample to be id, then,
(M-1) <id<(N-M+1) Equation 5

For convenience, the two series are denoted as x4 and x,, The two series are

also both assumed to be based on a random sequence x:

x%,(L.N) = [x(1.(M =1))..p.x((M +1)..N)]

Equation 6
Xy(L.N) = [x(1.(M -1))..q.x((M +1)..N)]

where p and q can be any arbitrary number for p =g .

11
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[0038] FIG. 3 is a block diagram of a transmitter 300 according to one
embodiment of the invention. The transmitter 300 is, for example, associated

with a multicarrier data transmission system.

[0039] The transmitter 300 includes a switch 302. The switch 302 can
provide one data path in a data transmission mode and another data path in a
training mode. When the switch 302 is set to the training mode, a training
sequence 304 is supplied to the switch 302. In addition, a training protocol
control unit 306 can interact with the switch 302 so as to control the manner

by which the training sequence 304 is transmitted.

[0040] On the other hand, when the switch 302 is in the data transmission
mode, data 308 to be transmitted is supplied to a line encoder 310. The line
encoder 310 encodes the data 308 into symbols which are then supplied to
the switch 302. For example, the symbols can be Quadrature Amplitude
Modulated (QAM) symbols. Similarly, the training sequence 304 being

supplied to the switch can be encoded.

[0041] The switch 302 outputs the appropriate symboils, i.e., data
transmission symbols or training symbols. The symbols output from the
switch 302 are supplied to a Discrete Multi-Tone (DMT) modulation unit 312
that converts the symbols into DMT symbols 314. For example, the DMT
modulation unit 312 can be an Inverse Fast Fourier Transform (IFFT) circuit.
The DMT symbols 314 are supplied to a cyclic prefix/suffix insertion unit 316.
The cyclic prefix/suffix insertion unit inserts a cyclic prefix and/or a cyclic suffix
to the DMT symbols 314. The cyclic prefix and/or cyclic suffix is used to
maintain the circularity of the DMT symbol by reducing inter-symbol
interference. The output of the cyclic prefix/suffix insertion unit 316 are
enhanced symbols 318. The transmitter 300 optionally includes a windowing
function 320. The windowing function 320 can be imposed on the enhanced
symbols 318 to produce modified symbols 322. The training protocol control
unit 306 can either instruct the cyclic prefix/suffix insertion unit 316 or the
windowing function 320 to modify a particular sample within the sequence.
The windowing function 320 can further reduce interference by reducing the

magnitude of sidelobes.

12
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[0042] The modified symbols 322 are then supplied to an analog front end
324 which converts the modified symbols 322 from a digital form into an
analog form and then outputs analog signals 326 to a wire where they are
transmitted to one or more receivers. The analog front end, for example,
includes one or more line drivers, filters and digital-to-analog converters. In
this regard, the modified symbols are transmitted over a channel from the
transmitter 300 to a receiver. The channel may reflect a near-end channel
with respect to a receiver proximate to the transmitter 300 or a far-end

channel with respect to a receiver remote from the transmitter 300.

[0043] FIG. 4 is a block diagram of a training sequence generator 400
according to one embodiment of the invention. The training sequence
generator 400 includes a pseudo-random sequence generator 402 and a
sample modifier 404. The pseudo-random sequence generator 402 produces
a random series of time-domain samples. A first control signal (CNTL-A) can
be used to signal the pseudo-random sequence generator 402 to generate a
new sample. The random series of time-domain samples are supplied to the
sample modifier 404. Under the control of a second control signal (CNTL-B),
the sample modifier 404 modifies one sample within a block of the time-
domain samples. The output of the sample modifier 404 is the time-domain
training sequence. As an example, the sample modifier 404 can periodically

alter the single sample within each block of the generated samples.

[0044] In one embodiment, the sample being modified is within a central
portion of the block. As an example, for a pair of blocks of samples such as
described in Equation 6 above for the series x4 and x,, the series x; and x, are
identical other than the samples p and q. The sample modifier 404 can cause
the modification of the p sample to be different than the q sample or
alternatively modifies the q sample to be different than the p sample. In other
words, the pseudo-random sequence generated can include pairs of blocks of
samples, with the first block having the series x4 and not making use of
sample modification, and with the second block having the series x, which is
obtained from the series x4 except that the sample modifier 404 operates to

modify the p sample to be the q sample.

13
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[0045] FIG. 5 is a block diagram of a training sequence generator 500
according to another embodiment of the invention. The training sequence
generator 500 is, for example, a detailed embodiment of the training

sequence generator 400 illustrated in FIG. 4.

[0046] The training sequence generator 500 includes a pseudo-random
sequence generator 502 that produces a pseudo-random sequence of time-
domain samples. The time-domain samples are supplied to a selector 504
and to a switch 506. The selector 504 and the switch 506 operate under the
control of a first control signal (CNTL1). In a first mode, the pseudo-random
sequence of time-domain samples is directed by the switch 506 to a memory
508. Also, in the first mode, the selector 504 passes the pseudo-random
sequence of time-domain samples to a sample modifier 510. The sample
modifier 510 operates under the control of a second control signal (CNTL2).
In the first mode, the second control signal (CNTL2) does not activate the
sample modifier 510; hence, the output of the sample modifier 510 is the
pseudo-random sequence of time-domain samples as produced by the
pseudo-random sequence generator 502 and which therefore represents a
portion of the time-domain training sequence. On the other hand, in the
second mode, the pseudo-random sequence of time-domain samples stored
in the memory 508 are supplied to the selector 504 which passes the samples
to the sample modifier 510. In the second mode, the second control signal
(CNTL2) activates the sample modifier 510 so that one of the samples of the
series of samples is modified. The output of the sample modifier 510

represents a next portion of the time-domain training sequence.

[0047] In this embodiment, the time-domain training sequence can be
considered to be composed of a plurality of pairs of blocks of samples. For
each pair of blocks, the samples within the blocks are the same except for
one sample. Hence, the pseudo-random sequence generator 502 can
generate the samples which can be output for a first block of the pair of blocks
and at the same time store the block in the memory 508. Thereafter, the
block of samples can be acquired from the memory 508, one of which is then
modified by the sample modifier 510, and the output is then a second block of

the pair of blocks.
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[0048] The time-domain training sequence can be generated directly in the
time domain as illustrated in FIGs. 4 and 5. Alternatively, as shown in FIGs. 6
and 7, the time-domain training sequence can also be initially generated in the

frequency domain and then transformed to the time domain.

[0049] FIG. 6 is a block diagram of a training sequence generator 600
according to still another embodiment of the invention. The training sequence
generator 600 includes a random symbol generator 602 that generates a
series of frequency-domain symbols. For example, the frequency-domain
symbols can be Quadrature Amplitude Modulated (QAM) symbols. The
frequency-domain symbols are then supplied to an IFFT 604. The IFFT 604
converts the frequency-domain symbols into time-domain samples. The time-
domain samples are then supplied to a sample modifier 606. The sample
modifier 606 modifies one sample out of a series of samples. The output of

the sample modifier 606 represents a time-domain training sequence.

[0050] FIG. 7 is a block diagram of a training sequence generator 700
according to yet another embodiment of the invention. The training sequence
generator 700 is, for example, a detailed embodiment of the training

sequence generator 600 illustrated in FIG. 6.

[0051] The training sequence generator 700 includes a random symbol
generator 702 that produces a series of frequency-domain symbols. For
example, the frequency-domain symbols can be QAM symbols. The
frequency-domain symbols are supplied to a selector 704 and a switch 706.
The selector 704 and the switch 706 operate under the control of a first
control signal (CNTL1). In a first mode, the switch 706 passes the frequency-
domain symbols to a memory 708. The selector 704 selects either the
frequency-domain symbols from the random symbol generator 702 or the
frequency-domain symbols previously generated and stored in the memory
708. In the first mode, the selector 704 selects the frequency-domain
symbols generated by the random symbol generator 702. In a second mode,
the selector 704 selects the frequency-domain symbols stored in the memory
708. In either case, the output of the selector 704 is frequency-domain
symbols which are supplied to an IFFT 710. The IFFT 710 converts the

frequency-domain symbols into time-domain samples. The time-domain
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samples are supplied to a sample modifier 712. Under the control of a
second control signal (CNTL2), one of the samples within a series of samples
is modified to ensure a particular non-circular condition with respect to a
counterpart series. The outputs of the sample modifier 712 are the time-

domain samples that together form the time-domain training sequence.

[0052] Regardless of how the time-domain training sequence is generated,
the time-domain training sequence is transmitted by a transmitter to one or
more receivers over a channel. Typically, the channel is embodied by a

wireline connection, such as a twisted-pair copper wire connection.

[0053] FIG. 8A is a flow diagram of a training sequence transmission
process 800 according to one embodiment of the invention. The training
sequence transmission process 800 obtains 802 a pseudo-random training
sequence. The pseudo-random training sequence is, in this embodiment, a
series of time-domain samples. The series of time-domain samples can be
obtained from: (i) hardware performing an equation, (ii) a shift register
structure, (iii) a lookup table, or (iv) some other means to produce a time-
domain, pseudo-random training sequence. Once the training sequence has
been obtained 802, the training sequence is divided 804 into blocks of
samples. Then, a first block of the samples is selected 806. The selected
block is then transmitted 808. Then, a single sample of the selected block is
modified 810. The modification of the single sample ensures that the selected
block and the modified selected block have non-circularity. Then, the
modified selected block is transmitted 812. Thereafter, a decision 814
determines whether there are more blocks to be transmitted. When the
decision 814 determines that there are more blocks to be transmitted, the
training sequence transmission process 800 returns to repeat the operation
806 for a next block of samples. Once the decision 814 determines that there
are no more blocks to be transmitted, the training sequence transmission

process 800 is complete and ends.

[0054] Although FIG. 8A shows the pseudo-random training sequence
being obtained 802 and divided 804 into blocks, it should be understood that
only a portion (e.g., block) of the pseudo-random training sequence needs to

be obtained prior to each iteration of operation 808. As such, in another
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embodiment of the training sequence transmission process 800, the
operations 802 and 804 can be eliminated, and the operation 806 can serve
to obtain a block of samples to be transmitted. Hence, each of the block of

samples can be retrieved or generated as needed.

[0055] FIG. 8B is a flow diagram of a training sequence transmission
process 850 according to one embodiment of the invention. The training
sequence transmission process 850 includes blocks 802-810 that are the
same as the training sequence transmission process 800 shown in FIG. 8A.
Additionally, the training sequence transmission process 850 operates to
describe an embodiment in which a selected block and its modified selected
block counterpart can be transmitted in various different sequences or
arrangements through assistance of a modified blocks buffer. More
particularly, after the modified selected block is formed at block 810, the
modified selected block is saved 852 to the modified blocks buffer. Next, a
decision 854 determines whether the modified blocks buffer is empty and the
entire training sequence has been transmitted. If both the modified blocks
buffer is empty and the entire training sequence has been transmitted, then

the training sequence transmission process 850 is complete and ends.

[0056] On the other hand, when the modified blocks buffer is not empty or
the entire training sequence has not been transmitted, a decision 856
determines whether the entire training sequence has been transmitted and
the modified blocks buffer is not empty. When these conditions are not both
met, a decision 858 determines whether the modified blocks buffer is empty
and the entire training sequence has not been transmitted. If these conditions
are met, the training sequence transmission process 850 returns to repeat the
block 806 and subsequent blocks so that additional blocks of the training

sequence can be similarly processed.

[0057] Alternatively, when the decision 858 determines the modified blocks
buffer is not empty or the entire training sequence has been transmitted, a
decision 860 determines whether a block should be transmitted from the
training sequence or the modified blocks buffer. When the decision 860
determines that the block should be transmitted from the training sequence,

the training sequence transmission process 850 returns to repeat the block
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806 and subsequent blocks so that an additional block of the training
sequence can be processed. When the decision 860 determines that the
block should be transmitted from the modified blocks buffer, a block is
transmitted 862 from the modifier blocks buffer. Additionally, when the
decision 856 determines that the entire training sequence has been
transmitted and the modified blocks buffer is not empty, a block is also
transmitted 862 from the modifier blocks buffer. Following the block 862, the
training sequence transmission process 850 returns to repeat the decision

854 and subsequent blocks.

[0058] The training sequence transmission processes 800 and 850
illustrated in FIGs. 8A and 8B can be associated with the training sequence
generators 400 and 500 shown in FIGs. 4 and 5. However, the training
sequence generators 600 and 700 shown in FIGs. 6 and 7 operate in the
frequency domain and then convert to the time domain and could use similar
processing to that shown in FIGs. 8A and 8B.

[0059] In other embodiments, a training sequence transmission process
can provide a series of samples, insure that a single sample difference is
provided either with respect to parts of the series or with respect to another
series of samples, and then transmit the series. As an example, for a pair of
series (e.g., blocks) of samples such as described in Equation 6 above for the
series X4 and Xz, the pair of series are identical other than for a single sample

(e.g., samples p and q).

[0060] The training sequence according to the invention need not have
pairs of series of training samples, such as the series x4 and x, noted above.
According to another embodiment, the length of the training sequence can be
reduced while maintaining the same performance. Here, instead of having
pairs of individual series of training samples, x4 and x,, each of length N, a
single group of samples can be used. The single group of samples can be
shorter than the sum of the lengths of the two individual series, namely 2N,
yet achieve the same effect. Within the group of samples in this embodiment,
the samples should be periodic with a periodicity of T where (T =M) except for

one of the samples, where M is the number of taps of the estimated channel

18



WO 2005/125133 PCT/US2005/020084

response. Such a differing sample can either be (T-1) samples after the start
and (2T-1) samples before the end of the group or (2T-1) samples after the
start of the sequence and (T-1) samples before the end of the group.
Mathematically, if the index of such a sample within the group is id and the
length of the group is K samples long, either of the following constraints
should be fulfilled:

(T-1)<id <(K-2T +1)

or
QT -1 <id <(K-T+1)

The total length of a group should be at least 3T, containing 3 periods. Since
(T =M), the total length of a group should be at least 3M, compared to 4M in

the earlier embodiment.

[0061] FIG. 9 is a diagram illustrating relationship of a modified training
sequence as compared to a non-modified training sequence. Assuming the
training signals to be based around a random signal x(1..T), each of the
groups of this modified training sequence can be visualized in FIG. 9. Again,
each of the groups should be random and be independent of each other. In
fact, this embodiment is a special case of the training sequence discussed
above (e.g., Equation 6) where the pairs of individual training series are made
periodic over N/2, i.e., (set T=N/2) except for one of the samples. That
sample would be the (T)" sample of either one of the series of training
samples. The last N/2, or T, samples of this series can then be combined
with the first N/2, or T, samples of the complete periodic series. The resultant

group then constitutes the modified training sequence.

[0062] Another embodiment of the training sequence is suitable for use
with block-based communication systems. Block-based communication
systems include different single and multicarrier modulation systems where
signals are transmitted in a block-by-block fashion. In those systems, each
block of the samples is often appended with a cyclic prefix and a cyclic suffix.
Signal overlapping and symmetric transmit signal windowing are also often
performed. To make the training sequence adhere to these systems, the
above training sequence can be modified. In this embodiment, three

multicarrier symbols can form a group of training samples. Among those
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three symbols, adjacent ones are phase-shifted versions of each other, with
the phase shift amount being the sum of the length of a cyclic prefix and suffix
minus beta, (i.e., Lcp+Lcs—8). In addition, one of the samples should be
changed to some other value. Again, such a differing sample can either be
(T-1) samples after the start and (2T-1) samples before the end of the group
or (2T-1) samples after the start of the sequence and (T-1) samples before
the end of the group. Mathematically, if the index of such a sample within the
group is id and the length of the group is K samples long, either of the
following constraints should be fulfilled:

T-D)<id <(K-2T+1)

or

Q2T -1)<id <(K-T+1)

As in the previous embodiments, the groups should be random and be
independent of each other. The resulting transmit sequence of these three
symbols, after cyclic prefix and suffix insertion, overlapping and symmetric
transmit windowing, would be very similar to the modified training sequence
mentioned above. The only difference is the presence of some extra samples
(e.g., Lep and (2(LcptLcs-B) + Les) samples) in front and after that modified |
training sequence. FIG. 10 illustrates a group of three symbols of a training

sequence having a base core time-domain symbol of x(1..N).

[0063] Another aspect of the invention pertains to channel estimation.
Channel estimation at a receiver can be performed using the above-
mentioned training sequence. As a result of using the above-mentioned
training sequence, the receiver is able to rapidly acquire an accurate channel
estimate without requiring substantial additional hardware at the receiver.

The channel being estimated at the receiver can be a far-end (or direct)
channel or a near-end channel (e.g., echo channel or crosstalk channel). The
crosstalk channel would typically be associated with a digital multiple-
input/multiple-output communication system. The computational
improvements offered by use of the above-mentioned training sequence are

examined below.
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[0064] With the above-mentioned training sequence, the received series of
signals at a receiver due to the two special training signal series x4 and x; can

be generalized as follows:

rec_sym(1.N +M —1) = x,(1..N)*hh(1.M)
= [x(L(M =1))..p.x((M +1)..N)Jshh(1.M)

Equation 7

rec_sym,(1.N + M —1) = x,(1..N)yhh(1..M)
= [x(1.(M =1))..q.x((M +1)..N)Jshh(1..M)

Equation 8

Comparing the two equations, one can try to derive rec_sym; from rec_symo:

rec_sym (L.N+M —1) = x,(1..N}hh(L..M)
= [x(1.(M =1))..p.x((M +1)..Nhh(L..M)
= [x(L(M -D))..p.x((M +1). .N)]:khh(l. M)—rec_sym, +rec_sym,
= {[x(L(M =1))..p.x((M +1)..N)J¥hh(L.M)
— [X(L(M =1))..q.x((M +1)..N)}hh(L.M)} +rec_sym,
=[0...0(p —)0....0Fhh(1. M)+ rec_sym,
=

rec_sym(M..2M -1)=(p— q);hh( L.M)+rec_sym,(M..2M —1)
=rec_sym, (M..2M -1)+(p—q)- hh(1..M)

Equation 9

Similarly, one can try to reproduce rec_symy, based on rec_sym, and the
estimated channel response 7/ . Assume rec_sym, to be the approximated

version of rec_symy:
rec_sym,(M..2M —1) =rec_sym,(M..2M -1)+(p—¢q)- h_h( 1.M)
Equation 10

By comparing Equations 9 and 10, it should be clear that by calculating the

difference between the approximated rec_sym, and the actual received
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rec_symjy, one would be able to obtain an error signal corresponding to the

estimated channel taps. In addition, each of the error signal samples would

correspond to one, and only one, of the estimated channel taps (Zl’;). This

decoupled relationship is demonstrated in Equation 11 below:

err _sig(1.M) = rec_sym (M..2M —1) —rec_sym,(M..2M —1)
=(p—q)-[hH(1.M) - h(1..M)]

Equation 11

With this error signal, each of the taps of the estimated time-domain impulse
response h7§(1..M ) can be independently updated by different adaptive

algorithms, including LMS and RLS adaptation algorithms. The error signal is
particularly suitable for use with a LMS-based adaptation algorithm because
of its low complexity. The update to the estimated channel taps can be done

once for every group of series of samples.
[0065] For illustration purposes, a LMS-based channel estimation
algorithm is demonstrated below. As a logical extension from Equation 11,

ﬁ(l..M ) can be estimated through the following equation:

Bhimnsi(L.M) = hhemn(LM) = 1 (p — q) - err_sig(1..M)

Equation 12

where u is the LMS update step size, and 74 is the estimated time-domain

channel taps.

[0066] In the case where the above-mentioned modified training sequence
is being utilized, the estimation based on such training sequence is similar.
The only difference is the framing of the received samples. In this case, the
framing of rec_sym should be based on the (1% and 2™) and the (2™ and 3™)
periods of the group of training samples. Assuming xg to be the group of

training samples,
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rec_sym (12T + M —1)=xg( 1..2D;hh( 1.M)
= [x(1.(T -1))..p.x(1.T)]hh(1..M)

Equation 13

rec_sym,(1.2T + M —1) = xg(T..3T)*hh(1..M)
= [x(1.(T = 1) ).x(T). x(1..)Jshh(1..M)

Equation 14

The rest of the calculation is the same as the non-modified case, with q
replaced by x(7).

[0067] FIG. 11 is a block diagram of channel estimation circuitry 1100
according to one embodiment of the invention. The channel estimation
circuitry 1100 resides at a receiver that receives signals that were transmitted
by a transmitter over a channel. The received signals are received at an
adder 1102. In addition, the channel estimation circuitry 1100 includes an
adaptive channel estimator 1104 that receives a sample difference value
associated with a training sequence, such as the training sequence noted
above. The adaptive channel estimator 1104 also receives coefficient update
signals provided by a coefficient update controller 1106. Using the sample
difference value, the estimated channel and the received signals, the adaptive
channel estimator 1104 produces estimated received signals. The adder
1102 subtracts estimated received signals from the actual received signals to
produce error signals. The error signals are supplied to the coefficient update
controller 1106 which then in turn outputs the coefficient update signals to the
adaptive channel estimator 1104. As a result, the adaptive channel estimator
1104 adapts to cause the error signal to approach zero, thereby providing an
accurate estimate of the channel over which the received signals were
transmitted. In this regard, the error signal has M components and the
coefficient update signals have M components. Each of these M components
corresponds to a single one of the M taps associated with the adaptive

channel estimator. Accordingly, the channel estimation circuitry 1100
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operates in the time domain to produce an accurate channel estimate with
rapid convergence but without substantial hardware requirements.

[0068] FIG. 12A is a block diagram of channel estimation circuitry 1200
according to another embodiment of the invention. The channel estimation
circuitry 1200 includes a switch 1202 that receives signals (received signals)
that were transmitted by a transmitter over a channel. The received signals
are directed to a delay 1206 or an adder 1208 by the switch 1202. In one
implementation, for a series of 2N samples, the first N samples are supplied
to the delay 1206 and the next N samples are supplied directly to the adder
1208. The d'elay 1206 imposes a N sample delay on the received signals
provided thereto. The adder 1208 adds a scaled estimated channel from the
received signals provided by the switch 1202 to produce estimated first
received samples. An adder 1210 subtracts the received signals stored in the
memory 1206 from the first estimated received samples to produce an error
signal. The error signal has M components so that each of M taps of an
adaptive channel estimator 1212 can be independently altered. The adaptive
channel estimator 1212 produces an estimated channel that is multiplied by
the multiplier 1214 with a difference value 1216. Here, the difference value
(p-q) represents the difference between the single corresponding pair of
samples of a pair of blocks that are different. The output of the multiplier 1214
is the scaled estimated channel which is the product of the difference values
and the estimated channel.

[0069] FIG. 12B is a block diagram of channel estimation circuitry 1220
according to another embodiment of the invention. The channel estimation
circuitry 1220 is generally similar to the channel estimation circuitry 1200 with
the exception that delays 1222 and 1224 are provided. The delays 1222 and
1224 operate to delay the received signals being switched by the switch 1202
into the delay 1222 and the delay 1224. The delays 1222 and 1224 operate
to provide a pair of blocks to the adders 1208 and 1210 so that the samples
associated with the pair of blocks can be processed with respect to one
another. The amount of delay can be T samples. In this embodiment, the
difference value (p - X(T)) is used, where p is not equal to X(T). The channel
estimation circuitry is, for example, suitable for use with the modified training

sequence. In such case, the delays 1222 and 1224 are mutually exclusive.
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In other words, depending on the placement of the different sample within the
group of 3T length, only one of the delays 1222 or 1224 imposes a delay of T
samples; the other one of the delays 1222 or 1224 is not present or provides

no delay.

[0070] Channel estimation can be simultaneously performed in the time
domain and the frequency domain. By setting the periodicity of the training
signal T to the size of the FFT operation, NFFT, (i.e., T=NFFT) the time-
domain impulse response taps can be trained together with the frequency-
domain taps. The frequency-domain taps and the impulse response taps are
both updated once every group of symbols. The periodicity of the training
signal eliminates any inter-symbol interference, i.e., cir_noise in Equation 2.
With the circular noise eliminated, the time to estimate the frequency-domain
taps can be greatly reduced. To facilitate training in the frequency domain,
training symbols can be generated in the frequency domain first and then

transformed into the time domain.

[0071] The time-domain impulse response is estimated as described
above. The frequency-domain response is estimated similar to the
conventional frequency-domain channel estimation process. First, the
frequency-domain received samples are obtained by taking a FFT on NFFT
consecutive samples of the received signals. Depending on the location
where the differing sample is inserted in the transmit sequence, a different
location for framing the NFFT consecutive samples would be selected. In
general, any of the NFFT consecutive samples framed should be at least M
samples away from the differing sample in the corresponding training signal
group. As an example, if the differing sample is inserted at the T sample of
the sequence, the last NFFT samples corresponding to the training signal
group can be framed for the FFT operation as follows:

REC _SYM(1..NFFT) = FFT(xg((3T — NEFT +1)..3T) J¥hh(1..M))
= FFT(x(1..T) * hh(1.M))
= X(1..NFFT)- HH(l..NFFT))

Equation 15
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where HH is the frequency-domain version of the actual channel; and X is the

frequency-domain version of the random training signal x(1..T).

[0072] An approximated version of REC_SYM, namely REC _SYM , is also
calculated based on an estimated frequency-domain channel response, HH .
The equation is shown below:

REC_SYM(1..NFFT)= X (1..NFFT)- HH(1..NFFT))

Equation 16

where HH is the frequency-domain version of the estimated channel.

[0073] The error signal, ERR_SIG, is formed by calculating the difference
between the two versions of the received symbol, as stated in the equation
below. Each sample of the error signal directly relates to a single frequency-
domain channel tap. This error signal can therefore be used for independent
update of each of the frequency-domain channel taps. The update can be
done by a different adaptation algorithm, including LMS and RLS.

ERR _SIG(1.NFFT)=REC _SYM(1.NFFT)—REC _SYM{(\..NFFT)
= X(1..NFFT)- HH(1..NFFT)- X(1..NFFT) - HH (l..NFFT)
= X(1..NFFT) - (HH (L..NFFT) — HH(1..NFFT))

Equation 17

For illustration purposes, a LMS based channel estimation algorithm is
demonstrated below. For a particular tap of the frequency-domain response, i,

the update is based on the following equation:
HH:-n1(i) = HH=n(i) — - conj(X (i)) - ERR _SIG(i)
Equation 18
where p is the LMS update step size.

[0074] As it is shown above and in FIG. 12C, such a training scheme
advantageously eliminates the need of an extra FFT/IFFT block to produce

the frequency or time-domain channel response.
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[0075] The above-mentioned simultaneous estimation of time and
frequency-domain channel taps can be used in many different systems. The
combined time-frequency-domain echo cancellation scheme is one of those.
Both the frequency taps and impulse response taps can be estimated with the

techniques of the invention.

[0076] FIG. 12C is a block diagram of channel estimation circuitry 1240
according to still another embodiment of the invention. The channel
estimation circuitry 1240 includes time-domain channel estimation circuitry
such as shown in FIG. 12B, but additionally provides frequency-domain
channel estimation circuitry. In this regard, the channel estimation circuitry
1240 operates to adaptively estimate the channel in not only the time domain
but also the frequency domain.

[0077] The additional circuitry provided within the channel estimation
circuitry 1240 for the frequency-domain channel estimation, includes a FFT
1242, an adder 1244, a multiplier 1246 and a frequency-domain adaptive
channel estimator 1248. The FFT 1242 receives the time-domain block of
samples of certain received signals and converts them into frequency-domain
samples. The frequency-domain samples are supplied to the adder 1244
which subtracts estimated frequency-domain samples from the frequency-
domain samples provided by the FFT 1242. The adder 1244 produces a
frequency-domain error signal that is supplied to the frequency-domain
adaptive channel estimator 1248. The frequency-domain adaptive channel
estimator 1248 outputs a frequency-domain estimated channel. The
frequency-domain estimated channel is multiplied with a frequency-domain
training sequence (X) at the multiplier 1246 to produce the estimated
frequency-domain samples which are supplied to the adder 1244. The
frequency-domain training sequence (X) can be obtained locally at the
receiver including the channel estimation circuitry 1240.

[0078] FIG. 12D is a block diagram of channel estimation circuitry 1260
according to yet another embodiment of the invention. The channel
estimation circuitry 1260 represents channel estimation for an echo channel
that results between a receiver and a transmitter of a transceiver. In this case

the channel is referred to as a near-end channel. The channel estimation
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circuitry 1260 includes the adder 1208, the adder 1210, the adaptive channel
estimator 1212 and the multiplier 1214 that were previously discussed above
with respect to other embodiments. Additionally, the channel estimation
circuitry 1260 includes a delay 1262. The delay 1262 delays a first block of
samples from a subsequent block of samples that are to be processed at the
same time. For example, if the delay 1262 is N samples in duration, then the
first N samples of a block would be supplied to the adder 1210 after the N
sample delay, which is the same time the second N samples of the block
would be provided to the adder 1208. Further, in this embodiment, an adder
1264 provides the sample difference value (e.g., p-q) to the multiplier 1214.
The adder 1264 produces the sample difference value by extracting the
appropriate sample values generated by a time-domain training sequence
generator 1266. For example, the first block of a pair of blocks can be
delayed at a delay 1268 so as to provide the sample value p to the adder
1264, while a second block of the pair of blocks can supply the sample value
q to the adder 1264. Hence, the adder 1264 can subtract the q sample value

from the p sample value to produce the sample difference value (i.e., p-q).

[0079] FIGs. 13A-13D are representative timing diagrams that respectively
correspond to the channel estimation circuitry shown in FIGs. 12A-12D. The
timing diagrams show received samples of a training sequence and when
channel taps are updated. The index k is the index of the transmitted sample

with respect to the training sequence.

[0080] The adaptive channel estimators utilized above typically have a
plurality of taps associated therewith. At the start of channel estimation, the
taps can be initialized. In one embodiment, the difference between rec_sym;
and rec_sym, can be calculated and then be divided by the difference of the
two differing training transmit samples. This is illustrated by the following

equation:
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ﬁ(l. M) =[rec_sym(M.2M)—rec_sym,(M.2M)]/(p —q)
=[rec_sym,(M.2M)+(p —q)-hh(1..M)—rec_sym,(M.2M)1/(p —q)

=(p—q)-hh(L.M)/(p-q)
= hh(1.M)

Equation 19

[0081] The invention is applicable to both Single-In-Single-Out (SISO)
systems and Multiple-In-Multiple-Out (MIMO) systems. In SISO systems, the
training sequence can be used to train-up the direct and echo channel. The
two channels can be trained either separately or jointly. Initialization,
however, should be done in a coordinated manner. When taps of a channel
are being initialized, the other transmitter should not transmit any signal and
should be turned off. In MIMO systems, the training sequence can be used to
train-up the direct, echo, far-end crosstalk and near-end crosstalk channel.
All the channels can be trained either separately or jointly. As in the SISO
case, initialization should be done in a coordinated manner. When taps of a
channel are being initialized, all the other transmitters should not transmit any

signal and should be turned off.

[0082] For the combined time-frequency-domain echo cancellation
scheme, the training scheme according to the invention can be applied with
several optimizations. The sharing of a circular signal reconstruction block
allows for hardware simplification. In training, it serves as a block for
generating the error signal. In actual showtime operation, it serves as a block

for reconstructing the circular echo for frequency-domain echo cancellation.

[0083] Additional simplification is brought about by the fact that only a
subset of the impulse channel taps are required for echo cancellation. The
estimated impulse response is used for circular echo reconstruction. In a
multicarrier communication system, cyclic extension (of length Lce) is often
appended to a symbol to help maintain circularity. As a result, the required
number of estimated impulse response taps is (M-Lce), where M is the length
of the impulse response. The training scheme according to the invention
enables independent update of the individual impulse response taps.
Therefore, for any impulse response taps that are unnecessary, their training

29



WO 2005/125133 PCT/US2005/020084

can be simply excluded from the estimation process. The channel estimation

circuitry 1260 shown in FIG. 12D can operate in this manner.

[0084] In some cases, the channel impulse response can be estimated
during user data transmission (e.g., showtime). The reliance of a special
training sequence means that it is impossible to utilize the same training
method during actual user data transmission (e.g., showtime) operation to
track the changes in the channel response. While the tracking of time-domain
impulse response is impossible, the tracking of the frequency-domain
response is still possible, where the error signals are derived through a slicer
by calculating the difference between the hard and soft symbols. If the
relationship of FFT/IFFT holds between the frequency response and the time-
domain response, the frequency-domain taps that are updated with the
tracked changes can be used to provide the time-domain impulse response.
However, as mentioned above, such a relationship often fails to hold. This is
because the frequency-domain estimation often fails to provide a correct
estimation for the taps in the stop bands where transmission of training
signals is forbidden. In this case, the IFFT transformation of the frequency-
domain taps would not provide a correct time-domain impulse response due

to the missing channel response information in the stop bands.

[0085] Fortunately, however, with the time-domain impulse response
estimated during the training phase, the frequency-domain channel taps in the
stop bands can be approximated. This is done by the FFT transformation of
the time-domain impulse response. At the end of the training phase, the time-
domain impulse response taps are FFT transformed into frequency-domain
taps. The frequency-domain channel taps in the stop bands of such a
response are combined with those taps in the active bands of the response
estimated in the frequency domain to form a frequency-domain response that
spans the full band. In subsequent showtime operation, tracking can be done
in the frequency domain as mentioned above. Only those frequency taps in
the active bands are updated. The frequency taps in the stop bands originally
approximated from the impulse response taps remain unchanged. The time-
domain impulse response taps can then be tracked through offline IFFT

transformation from the frequency-domain taps.
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[0086] The invention can be implemented by software, hardware or a
combination of hardware and software. The hardware can be custom
circuitry, customized circuitry (ASIC) and/or general circuitry (e.g., digital
signal processor). The invention can also be embodied as computer readable
code on a computer readable medium. The computer readable medium is
any data storage device that can store data which can thereafter be read by a
computer system. Examples of the computer readable medium include read-
only memory, random-access memory, CD-ROMs, DVDs, magnetic tape,
optical data storage devices, and carrier waves. The computer readable
medium can also be distributed over network-coupled computer systems so
that the computer readable code is stored and executed in a distributed

fashion.

[0087] The advantages of the invention are numerous. Different
embodiments or implementations may, but need not, yield one or more of the

following advantages.

[0088] One advantage of the invention is thét time-dpmain training
sequences can be used to obtain a channel estimate with rapid convergence
and without burdensome hardware requirements. Another advantage of the
invention is that each tap of a multi-tap filter used in estimating a channel can
be individually updated so that convergence to a channel estimate is rapid.
Still another aspect of the invention is that complex convolution operations are
not required in determining a channel estimate. Yet another advantage of the
invention is the ability to accurately determine channel estimates in a single

carrier or multicarrier data transmission system.

[0089] The many features and advantages of the present invention are
apparent from the written description and, thus, it is intended by the appended
claims to cover all such features and advantages of the invention. Further,
since numerous modifications and changes will readily occur to those skilled
in the art, the invention should not be limited to the exact construction and
operation as illustrated and described. Hence, all suitable modifications and

equivalents may be resorted to as falling within the scope of the invention.

What is claimed is:
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CLAIMS

1. A method for determining a channel impulse response at a receiver, said

method comprising:
receiving a first block of samples at the receiver via a channel;

subsequently receiving a second block of samples at the receiver via the

channel;
producing an estimated channel response of the channel using M channel
taps;

producing an estimate of the first block of samples based on the second block
of samples received via the channel and the estimated channel response, the

estimate having M components;

determining a difference estimate of the estimated first block of samples and
the first block of samples received via the channel, the difference estimate having M

components; and

updating the estimated channel response by individually updating one or more

of the M channel taps based on the difference estimate.

2. A method as recited in claim 1, wherein the estimated first block is produced

without any convolution operations.

3. A method as recited in claim 1, wherein the estimated first block is produced
using addition and multiplication operations without involving any convolution

operations.

4. A method as recited in claim 1, wherein the estimated first block is produced

using the following equation:

rec_sym,(M.2M -1)+(p—q) - hh(1..M)
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wherein rec_sym; is a received symbol, p and q are the different samples in an
otherwise identical blocks of samples being transmitted, and hh is the channel

response.

5. A method as recited in claim 1, wherein each of the M components of the
difference estimate correspond to one of the M channel taps of the estimated

channel response.

6. A method as recited in claim 1, wherein said updating comprises:

independently updating one of the M channel taps based on the

corresponding one of the M components of the difference estimate.

7. A method as recited in claim 1, wherein said method is performed entirely in

the time domain.

8. A method as recited in claim 1,wherein‘the first and second blocks of
samples received at the receiver are respectively associated with first and second

block of samples of N samples that were transmitted from a transmitter.

9. A method as recited in claim 8, wherein the estimated channel response is of
length M, where N is equal to at least 2M.

1

10. A method as recited in claim 1, wherein the receiver is part of a multicarrier

data transmission system.

11. A method as recited in claim 1, wherein the channel is at least one of a direct

channel, an echo channel and a crosstalk channel.
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12. A method as recited in claim 1,

wherein the first block of samples and the second block of samples result
from a transmitter transmitting a first block and a second block of training samples to

the receiver through the channel, and

wherein the second block of training samples is the same as the first block of

training samples except that one of the training samples is different.

13. A method as recited in claim 1,

wherein the first block of samples and the second block of samples result
from a transmitter transmitting a group of training samples to the receiver through the

channel, and

wherein the training samples in the group are periodic except that one of the

training samples is different.

14. A method as recited in claim 1, wherein said producing provides the estimate

of the received samples in both a time domain and a frequency domain.

15. A method as recited in claim 1, wherein the training sequence is used to train-

up a near-end channel and a far-end channel.

16. A method as recited in claim 15, wherein the training sequence is used to
train-up two or more of direct, echo, far-end crosstalk and near-end crosstalk

channels.

17. A method as recited in claim 1, wherein said method further comprises:

subsequently tracking the estimated channel response during showtime

operation.
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18. A method as recited in claim 17, wherein said tracking is performed in the

frequency domain.

19. A method are recited in claim 18, wherein said tracking updates at most only

a subset of the M channel taps.

20. A method as recited in claim 18, wherein said tracking converts frequency
components of the tracked estimated channel response and other components in the
frequency domain into values for one or more of the M channel taps in the time

domain.

21. A computer readable medium including computer program code for
determining a channel impulse response at a receiver, said computer readable

medium comprising:

computer program code for receiving a first block of samples at the receiver

via a channel;

computer program code for subsequently receiving a second block of samples

at the receiver via the channel;

computer program code for producing an estimated channel response of the
channel using M channel taps;

computer program code for producing an estimate of the first block of samples
based on the second block of samples received via the channel and the estimated
channel response, the estimate having M components;

computer program code for determining a difference estimate of the estimated
first block of samples and the first block of samples received via the channel, the

difference estimate having M components; and

computer program code for updating the estimated channel response by
individually updating one or more of the M channel taps based on the difference

estimate.
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22. A computer readable medium as recited in claim 21, wherein said computer
program code for producing the estimate of the first block is achieved without any

convolution operations.

23. A computer readable medium as recited in claim 22, wherein each of the M
components of the difference estimate correspond to one of the M channel taps of

the estimated channel response.

24. A computer readable medium as recited in claim 23, wherein the receiver is

part of a multicarrier data transmission system.

36



WO 2005/125133 PCT/US2005/020084
1/22

100
N

Tx

side x
-.-3:. nE Channel, hh
D ® =
8 o8
-0 8 =
rlg 23| _-=
o | -
4<%
’_,”’ 1y <=D- o
=" B3
[
[
|
:. - - Rx
error signal, I side y
err_sig

FIG. 1
(Prior Art)



WO 2005/125133

200

/
/

/

PCT/US2005/020084

14|

Frequency bmain
channel tdp

s, HH

l

frequency
domain error
signal,
ERR_SIG

(Prior Art)

Tx
side
X
= @
4
229 Challnel, hh
358
- -
Do =
IFFT +4§gg%
D 0D
I
@ o
=
y|
h
circular RX
signal, z side



PCT/US2005/020084

WO 2005/125133

3/22

€ Old
I T T T T T T e e e
" HIALLINSNWVY L yun jonuod
! _ [0%010id . [~ _ 90¢€
| Buluresy 1401
m ! w
JHIM i zze! .m gLe pLe ] sousnbag Bujues)
Ol I pu3g i uoioun4 | uoissuj \(W N . .
AWJH Juol4 AHW Bumopui “AW XYNS/Y21d K- uoneinpop K] yoyms
i Bojeuy L ! A 1na
oz | o1 (— +epoouz ), NI V1VQ
| 0 P R D aum >
| yce oce ale 2le M 80¢
e c0¢ mo_‘m

- — - —————— e ¥,



PCT/US2005/020084

WO 2005/125133

4/22

g71IND

ﬁ

V1IND

P

JON3INO3S
ONINIVYL
NIVINOQ-INIL N
A1dAVS
yov

HOLVHINTO
dON3INO3S
WOANVYY-0dNn3sd

~ zov

R

oov



PCT/US2005/020084

WO 2005/125133

5122

ION3INOTS

019

§

G Ol

ﬂum L TLND
AHOWIN |« HOLIMS
005

ONINIVYL
NIVANOQ-3nIL

]

H3141d0N
J1dNVS

¢ 1LNO

[A0]

N

d010313S _

l 1IND

HOLVH3IN3O
3JON3INO3S
WOANVYY-0aNn3sd

R

00s




PCT/US2005/020084

WO 2005/125133

6/22

9Ol

. 909 200
JION3ND3S w 09 w
ONINIVHL w
NIVINOQ-IINIL
H3I4IA0N HOLVHINTD
- Tanys €] 44l [ J08WAS
INOANYY

009



PCT/US2005/020084

7/22

L Old

801

f } T1LND
AHOWIN (<~ HOLIMS &
0L ohw
AV N 20
JONINOIS m f
ONINIVYL
NIVINOQ-IWIL
y3IHIAON | UOLVYYINTO
<*+— “Janvs 1441 [<— ¥Ol19313s ‘ <4 908NAS
Al._ WOAQNVY
T w ﬁ
Z1IND

} 1IND

WO 2005/125133

R

004



WO 2005/125133

802

804

806

808

810

812

PCT/US2005/020084

8/22

OBTAIN A PSEUDO-RANDOM
TRAINING SEQUENCE

v

DIVIDE THE TRAINING SEQUENCE
INTO BLOCKS OF SAMPLES

800

5

-

SELECT FIRST (NEXT) BLOCK OF
 SAMPLES

v

TRANSMIT THE SELECTED BLOCK

Y

MODIFY A SINGLE SAMPLE OF THE
SELECTED BLOCK

Y

TRANSMIT THE MODIFIED SELECTED
BLOCK

814

MORE

BLOCKS TO YES

TRANSMIT
?

FIG. 8A



WO 2005/125133

Start

) J

9/22

Obtain a pseudo-random
training sequence

802

v

Divide the training sequence
into blocks of samples

804

v

Select First (Next) block of
samples

PCT/US2005/020084

850

A

806

v

Transmit the selected block

808

v

Modify a single sample of
the selected block

810

A
Save the modified selected

block into Modified Blocks
Buffer

852

All training sequence

All training sequence
transmitted and
Modified Blocks
Buffer Empty

v 862

Transmit from Modified
Blocks Buffer

FIG. 8B

transmitted and Modified
Blocks Buffer Not Empt

sequence transmitted
and Modified Blocks

858

ot all training

Yes

Buffer Empty

860

Transmit from
raining sequence




WO 2005/125133 PCT/US2005/020084

10/22
. The previous inserted
The inserted op s :
. - differing sample, q is
. ~ differing sample, p . -~ replaced by X(T)
X1 X(1 ),X(2)..X(T-'1).& (1)..X(T) Xz X1 ),X(2)...XG-1,,X§,?(1)...X(T)
combine

A

length =3T l
Xq | X(1 )X @) X(T-1),0X(1). ... XTHXA)... X(T)
J

1% period I 2 period l 3" period

\'/
)

FIG. 9



PCT/US2005/020084

WO 2005/125133

11/22

0l 9OId

¢ jo dnosb me wbusj jeubis renjoe ayy o) jeuoipodoid lou a1e sBuimelp ay} :sjo0N
j _S\E(% p€ ¢ 40 dnoib ot
v N 10 1oaukS puz X £ 40 dns ey
e . N 1010qufs o *x

¥ — X

{ tsetrrmney-tsearomain | et tiszaomenan | (dedordesore) (ed-drpesoiie | tedore -t | epsriedsnicagsnrm | (- (esOea (o (N-(dorpe |
W e T
depano . N JeAo oipouag

¢ o dnosb ey ¢ jodnosb ey

. 10 10quiAg o), *x
§0 [oquiAg g **x 10 [0qUIAS pZ X Auenann wh
D ] L e [ e -tiou sanpoud o} eydures
gipouede papesul ey)
(@) | (ddrmao-i-lisddomenie | (@ domamf-(ogsmin T
- tgitifdeei | - (N-(esoDiedf(i-son (N~ (a0 4.
\ N y, /
A 4 A4 4
. SO ioquifs 100 do
d g



WO 2005/125133

1100

12/22

PCT/US2005/020084

1104

SAMPLE
DIFFERENCE |- 1105
VALUE
1102 l
\ —2>
3 oo 1 o
Received
Signals
Error
Signal
COEFFICIENT
Vi UPDATE y
CONTROLLER
1106

FIG. 11



PCT/US2005/020084

WO 2005/125133

13/22

[Ai74%

STVNOIS

d3AI303Y
—_—

V¢l Old

HOLIMS —>

Tird)
/ oLzl
A / TYNOIS
SIT1dNVYS N) HOHY3
Aviza [ 2 Hdqav
|
» y3gavy [~ 80ck
+ Y
+
HOLVIILST
oLz~ ENHIINA (< “Sqinvo
4 IALLdVaY
~  b-d m
M« 01zl 2

00cl




PCT/US2005/020084

WO 2005/125133

14/22

c0cl

S1VYNOIS

A3NIZOIY
_—

HOLIMS

gcl Old

-y

ocel

AAD
/ oigL
\ TWNOIS
(S31dnivs 1) HoHNT.
AVT3d y3aav
"
| (ST1dINVS L) 8021
Av13aa ¥3aav H
] il )
HOLVYNILST
4 3AILdvYaY
~ Wx-d §
ozt 2121




PCT/US2005/020084

WO 2005/125133

15/22

STTVNOIS

CENEE L]
—_—P

“ozL ¢l 9Ol4 bzl
/ / el qynois wouna
f NIVWOQ
-AON3NO
vzzL —»(  1dd —— y3qagv A4
/ 0LzL .
\  TnoIs dowu3 «
NIVWOQ-IWIL
HOLMS —>| Av13@ [—+—» w3aav AL
T ovzL 4
N HOLVYWILST
TANNVYHD
+ r » Y NIVWNOQ
ADNINOTNA
/ HOLYWILST w
A HAMAILINWN [« TINNVHO
T IAILAYAY 8vzL
4 NIVWOQ JNIL
() 3o9N3IND3S
oz~ Wx-d m ONINIVYL NIVWOQ
be 212l -AON3NOINA

ovel




PCT/US2005/020084

WO 2005/125133

16/22

dci 9id

oLzl
f TVNOIS
Houy3
—| u3aav
2021~ AV1aa +q
— * > ¥aaav {\lmoN—.
_ + Y
| J
HOLVWILST
" plzy” | YAMdILINN [*—— “13nuNvHD .2
a IAILVaY
(IINNVHD)
_
j|v ¥aaay
_ + 12274
_ soidwes N | - -
—~
| 89t AVi3d
| a HOLVYINTD
_ 3ONINO3S | _—~ .
+ ONINIVYL 9%t
M NIVINOQ JNIL



PCT/US2005/020084

WO 2005/125133

17/22

Vel 'Old

[wn

(A" (L+NA'D (LA (RIA (LA

(NA

......

LHOAL-WA (@A A

(N)X

...... (LNIXD-IX ()X ()X

(N)x

(+HDX ' (-WX (X)X

(sdej jsuueyd sjepdn) g=y

2z

(sdey [suueyo sjepdn) 1=}

0=y




PCT/US2005/020084

WO 2005/125133

18/22

dcl old

s

Wx @)X (L)X

d*(-Dx " @X (X

WX (-DX @)X (L)X

(sdey jauueyd ajepdn) z=j

=) 0=)
oleuads /17
swn
W @x(x Wx - @x (L)X d'(L-DX" @)X (Lx
(sdey jsuueyo syepdn) z=y L=) 0=y
0LeuddS /]




PCT/US2005/020084

WO 2005/125133

19/22

A

o€l '9OId

swy

Wy @)X

d(L-Dx @ (L)X

WX -DX @)X (L)X

(sdey j]suueyo ajepdn) z=y =Y 0=)
Oleuads /17
awy
Wx@X (X Wx @ (x d'G-Dx @)X (L)X
(sde) jouueyo ajepdn) z=j L=) 0=Y
oueusoss [ g7l




PCT/US2005/020084

WO 2005/125133

20/22

dacl oid

<

swy

(NA(L+NAD' (-MA ™ (RIA(LA

(NA(+HA (WA @AGIA

(NXC(HX B (W)X (2% (L)X

(X (X O-WX ™ @)X (L)X

(sde) jsuueyd sjepdn) g=)

z=

(sdej jsuueyd sjepdn) 1=y

0=3




INTERNATIONAL SEARCH REPORT

Inty ™ nal Application No

PCT/U52005/020084

A. CLASSIFICATION OF SUBJECT MATTER
IPC 7 HO4L25/02

According to International Patent Classification (IPC) or to both national classification and IPC

B. FIELDS SEARCHED

IPC 7 HOAL

Minimum documentation searched (classification system followed by classification symbols)

Documentation searched other than minimum documentation to the extent that such documents are included in the fields searched

EPO-Internal, WPI Data, PAJ

Electronic data base consulted during the international search (name of data base and, where practical, search terms used)

C. DOCUMENTS CONSIDERED TO BE RELEVANT

Category °

Gitation of document, with indication, where appropriate, of the relevant passages

MINN H ET AL:

SYSTEMS"
IEEE TRANSACTIONS ON WIRELESS
COMMUNICATIONS, IEEE, PISCATAWAY

822-839, XP001170684
ISSN: 1536-1276

paragraph IV
page 825, paragraph B

EP 0 969 608 A (NEC CORPORATION)
5 January 2000 (2000-01-05)
page 2, line b - page 3, line 39

"A ROBUST TIMING AND
FREQUENCY SYNCHRONIZATION FOR OFDM

, US,
vol. 2, no. 4, July 2003 (2003-07), pages

page 822 - page 824, left-hand column,

page 828, right-hand column, paragraph E -
page 829, left-hand column, paragraph F

1-24

1-24

D Further documents are listed in the continuation of box C.

Patent family members are listed in annex.

° Special categories of cited documents :

document defining the general state of the art which is hot
considered to be of particular relevance

earlier document but published on or afier the international
filing date

document which may throw doubts on priority claim(s) or

which is cited to establish the publication date of another
citation or other special reason (as specified)

document referring to an oral disclosure, use, exhibition or
other means

document published prior to the international filing date but
later than the priority date claimed

0

“pr

*T* later document published after the international filing date
or priority date and not in conflict with the application but
cited to understand the principle or theory underlying the
invention

*X* document of particular relevance; the claimed invention
cannot be considered novel or cannot be considered to
involve an inventive step when the document is taken alone

*Y* document of particular relevance; the claimed invention
cannot be considered to involve an inventive step when the
document is combined with one or more other such docu-
merrlns, such combination being obvious to a person skilled
in the art.

*&" document member of the same patent family

Date of the actual completion of the international search

26 September 2005

Date of mailing of the intemational search report

06/10/2005

Name and mailing address of the ISA

European Patent Office, P.B. 5818 Patentlaan 2
NL - 2280 HV Rijswijk

Tel. (+31-70) 340-2040, Tx. 31 651 epo nl,
Fax: (+31-70) 340-3016

Authorized officer

Marzenke, M

Form PCT/ISA/210 (second shest) (January 2004}

Relevant to claim No.




INTERNATIONAL SEARCH REPORT It~ omal Application No
formation on patent family members PCT/U32005/020084
Patent document Pubilication Patent family Publication

cited in search report date member(s) date
EP 0969608 A 05-01-2000 AU 754620 B2 21-11-2002
: AU 3689299 A 13-01-2000
CN 1250269 A 12-04-2000
DE 69914833 D1 25-03-2004
DE 69914833 T2 29-07-2004
GB 2339120 A 12-01-2000
JP 3428631 B2 22-07-2003
JP 2000059290 A 25-02-2000
us 6587522 Bl 01-07-2003

Form PGT/ISA/210 (patent family annex) (January 2004)




	Abstract
	Bibliographic
	Description
	Claims
	Drawings
	Search_Report

