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Abstract

Cyclic-prefixed multicafrier communication systems like orthogonal frequency di-
vision multiplexing (OFDM) and discrete multitone (DMT) are popular transmis-
sion formats for emerging; 4G mobile communications and currently standardized
in Wireless LAN/MAN and asymmetric digital subscribe line (ADSL) and very-
high-bit-rate digital subscriber line (VDSL) modems. In ADSL receiver, a time
domain equalizer (TEQ) is gencrally emnployed to shorten the long channels to a
predefined length to compensate for channel dispersion. Various eigenfilter-based
channel shortening methods have been reported in the literature. However, most
of them introduce deep nulls in the frequency response, leading to suppression
of some potential subcarriers and bit rate fall. Besides, optimwn minimization

of delay spread of the channel in noise is also not addressed in the literature so far.

The main focus of this work is twofold: the primary goal is to propose and
analyze several non-adaptive and adaptive algorithms for the TEQ design. A
number of unaddressed issues such as removal of spectral nulls in TEQ frequency
respdnse, minimization of delay spread in noise and optimum shortening with
reduced transmission delay sensitivity are incorporated in the proposed modifica-
tions for optimal bit rate and interference performance. The secondary goal is to
extend one of the low complexity single channel TEQ design algorithm to jointly
shorten multiple input multiple output (MIMO) channels. Extensive simulations
are carried out to compare the performance of the proposed methods with several

state-of-the-art techniques.

xiv
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Chapter 1

Introduction

1.1 Channel shortening

The capacity of reliable information transmission over any physical communi-
cation channel is limited by non-ideal characteristics of the channel. Among
those impairments encountered in a discrete time channel, intersymbol interfer-
ence (ISI) due to channel memory corrupts the current received data by previous
data symbols. Severe ISI significantly downgrades the ac}lieﬁable bit rate. Some
form of channel equalization is typically employed by a digital transmission sys-
tem to mitigate the ISL . '

The goal of equalization for single carrier transmission systems is to design an
equalizer such that the convolution of the channel and equalizer is a Kronecker
delta, L.e., an impulse at some delay A and zero otherwise. In multicarrier trans-
mission systems [7], such as for DMT based ADSL system or OFDM for wireless
communications, the problem is more general. The delay spread of the transmis-
sion channel must be within a predefined length, and the equalizer is designed
such that the convolution of the channel and equalizer produces an effective chan-
nel that has been shortened to this length. This design problem is referred to as
channel shortening.

The goal is to shorten the long channel impulse response to a reasonable length
(rather to an impulse) by the aid of a receiver filter (i.e., equalizer) under some
criterion and constraints. See Fig. 1.1 for illustration. This thesis concerns chan-
nel equalization for DMT based wireline ADSL communication systems. First,
an overview of baseband DMT system will be given which will be followed by

discussion on channel equalization for multicarrier systems.
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Fig. 1.1: Tllustration of channel shortening with a receiver filter. Here, h and w
denote channel and equalizer, respectively.

1.2 Discrete multitone modulation

ISI is a major problem associated with broadband channels. This undesirable
effect is caused by the spectral shaping of the channel. In other words, variation of
magnitude and phase responses of the channel over frequency causes neighboring
symbols to interfere with each other at the receiver. Two approaches to combat
ISI are full channel equalization and multicarrier modulation (MCM)}.

Full channel equalization undoes the spectral shaping effect of a channel us-
ing a filter which is called an equalizer. Although lincar equalizers are easy to
implement, they enhance noise and thus degrade the perférmance of the system.
Therefore, more complicated nonlinear equalizers such as the decision feedback
" equalizer, have been proposed. One of the drawbacks of nonlinear equalizers is
their high computational complexity, especially under high sampling rates.

MCM is one possible solution for high-speed digital communications. In con-

trast to single carrier modulation, MCM,
e avoids full equalization of a channel,

¢ uses available bandwidth efficiently by controlling the power and number

of bits in each subchannel,
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Fig. 1.2: Channel Bandwidth and Multicarrier Modulation. DMT Modulation
has subchannels that are 4.3125 klz wide in ADSL [1].

e is robust against impulsive noise and fast fading due to its long symbol

duration, and
» avoids narrowband distortion by simply disabling one or more subchannels.

MCM has been standardized for G.DMT and G.lite ADSL [1] as well as digital
audio/video broadcasting [8], [9] and also proposed for 4G mobile communications
and VDSL applications.

In multicarrier modulation, the channel is partitioned into a large number of
small bandwidth channels called subchannels. If a subchannel is narrow enough
so that the channel gain in the subchannel is approximately a complex constant,
then no ISI would occur in this subchannel. Thus, information can be transmitted
over these narrowband subchannels without ISI, and the total number of bits
transmitted is the sum of the number of bits transmitted in each subchannel.
If the available power were distributed over the subchannels using the SNR of
cach éubchannel, then high spectral efficiency could be achieved. See Fig. 1.2 for
illustration.

Efficiently dividing the channel into hundreds of subchannels became tractable
only in the 1990s with the cost vs. performance provided by programnmable digital
signal processors and the advancement in digital signal processing methods [7].
One of the most efficient ways to partition a channel into large number of narrow-
band channels is the fast Fourier transform (FFT) [7]. Multicarrier modulation
implemented via a FFT is called Discrete Multitone (DMT) modulation or Or-
thogonal Freciuency Division Multiplexing (OFDM). DMT is more common in
wireline applications, whereas OFDM is more common for wireless applications.
In transmission, the key difference between the two methods is in the assignment

of bits to each subchannel.



1
| |
i . . add H
' my bits - Xl conjugate By 1,‘( .
i ] TNAP | wogale 7, eyelie '
' M bits/s symimetric prefix :
i serial b % duplicale o ;
Ll . . N [S L
:' II]pLIf. bit 1[)" | L map |— and —» and E——
i stream paralie . - !
H convcrsion N poird paratlel ! ¥
’ —»| IEFT o
——f map |— — " .
i e I Xun y cmfi::'iun ¢ | discrete
1 . E ' .
: Transmitter : time
L ! 1 channel
-------------------------------------------------------------------------------------- C)
1 ' .
; 1B, ! white
' bit l ' noise
H 1 bitg . '
E . 4I_. man XF‘I ¥ ¥ peint »i remove: |:
! M bits/s 4 4 pra— F ¢ cyelie [ N
I .| pacaliel . FT refix '
: P
1 Qutput bi sty bits ' '
' o map © UBan and 12 '
| — scrial - “— — and TEQ '
: stream conversion : emave ] 4+ '
! X'un Yan i serial i
] ]“ﬂp — S_YIT"I'IC"IC }‘N o :
L ‘_ ‘—‘ -
: part — paraliel ,
! conersion E
¢ Receiver \ !
. - i
H channel inversion :
1

Fig. 1.3: Block diagram of a multicarrier modulation system. N denotes (I)FFT
size, I denctes channel frequency coefficients.

1.2.1 DMT transmitter

A block diagram of a DMT (or OFDM) transceiver is shown in Fig. 1.3. In
the tl‘&nﬁ:ﬁitt@r, M bits of the input bit stream are buffered. These bits are
then assigned to cach of the N/2 subchannels using a bit loading algorithm [7].
In DMT systems, bit loading algorithms assign the bits and available power to
each subchanuel according to the SNR in each subchannel, such that high SNR
subchannels receive more bits than low SNR subchannels. Extremely low SNR
subchannels are not used. In OFDM systems, usually the nuinber of bits in each
channel is equal and constant. Thus, there is no need for a bit loading algorithm.

The second step is the mapping of the assigned bits to subsymbols using a
modulation method, such as QAM in ADSL modems. These subsymbols are
complex-valued in general and can be thought of being in the frequency domain.
The efficiency of DMT and OFDM lies in the modulation of the subcarriers.
Instead of having N/2 independent modulators, the modulators are implemented

with an N-point inverse FFT (IFFT). In order to obtain real sanples after IFFT,
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the N/2 subsymbols are duplicated with their conjugate symmetric counterparts.
The obtained time domain samples are called a DMT symbol.

A guard period between DMT symbols is used té prevent ISI. It is imple- -
mented by prepending a symbol with its last v samples, which is called a cyclic
prefix (CP). Thus, one block consists of N + v samples instead of N samplés,
which reduces the channel throughput by a factor of (N + v)/N . ISl is com-
pletely climinated for channels with impulse responses of length less than or equal
to v + 1. The prefix is sclected as the last v samples of the symbol in order to
convert the linear convolution effect of the channel into circular convolution and
hélp the receiver perform symbol synchronization. Circular convolution can be
implemented in the DFT domain by using the FFT. After the FFT in the re-
ceiver, the subsymbols are the product of the N-point FF'T of the channel impulse

response and the N-point FI'T of the transmitted subsymbols.

1.2.2 DMT receiver

The receiver is basically the dual of the transmitter with the exception of the addi-
tion of time-domain and frequency domain equalizers. The time-domain equalizer
(TEQ)] ensures that the equalized channel impulse response is shortened to be
less than the length of the CP. If the TEQ is successful, then the received complex
subsymbols after the FI'T are the multiplication of the transmitted subsymbolé
with the TFT of the shortened {equalized) channel impulse response. The fre-
quency domain equalizer {also called a one-tap equalizer) divides the received
subsymbols by the FI'T coefficients of the shortened channel impulse response.
After mapping the subsymbols back to the corresponding bits using the QAM

constellation, they are converted to serial bits.

1.3 Equalization for discrete multitone modula-
tion

With DMT, the problem of fully equalizing a channel is converted into partition-
ing the channel into small subchannels which is more efficient to implement in
high-speed transmission. As the subchannels are orthogonal to each other, this

type of modulation is inherently resistant to Inter-Carrier Interference (ICI). Fig.

IPEQs are also known as channel shortening equalizers
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Fig. 1.4: Tlustration of OFDM spectrum. In each sample of FFT grid, one
subcarrier has peak while others have nulls.

1.4 shows a typical OFDM spectrum. However, this does not imply that equaliza-
tion is not required in an DMT system. The spectra of each inverse FFT (IFFT)
modulated subchannel is a sampled sinc function which is not bandlimited. De-
modulation is still possible due to the orthogonality between the sinc functions.
An 1SI causing channel, however, destroys orthogonality between subchannels so
that they cannot be separated at the receiver.

One way to prevent ISI is to use a guard period between two successive DMT
symbols (one DMT symbol consists of N samples where N/2 + 1 is the number
of subchannels). This guard period has to be at least as long as the channel
impulse response. Sinee no new information is transmitted in this guard period,
the channel throughput reduces proportionally to the length of it. If the channel
impulse response is relatively long compared to the symbol length, then this
performance loss can be prohibitive.

One way to reduce ISI with a shorter cyclic prefix is to use an equalizer. Since
the length of a DMT symbol is longer than a symbol in single carrier modulation,
equalization is simpler. This accordingly allows us to use a .shorter-length cyclic
prefix and miuimize reduction in throughbut.

The ADSL standard uses a guard period, time-domain equalization, and
frequency-domain equalization. The TEQ shortens the channel to a length of
a predetermined but short guard period.

The problem of TEQ design in the DMT transceivers may be formulated as

follows. Given a channel with the impulse response samples (0), 2(1),..., A(Ly—

o~



" 1), where L, —1 = FIR channel order, and might be corrupted with some additive
noise, we wish to find the coefficients w(0), w(1),...,w(Ly, — 1), where Ly, — 1
= filter order, of a transversal equalizer that results in a combined channel-
equalizer res.pons'e which is shortened to a duration of L, samples, where L,
can be at most equal to the length of cyclic prefix (CP) v plus one. In tﬁis
tlleéis, the known parameters are the channel response, the channel noise (usually
its autocorrelation coefficients), and the expected duration L, of the equalized
response. The criterion used for the selection of the equalizer may vary such
as shortening SNR (SSNR), signal to interference plus noise ratio, delay spread,
output SNR etc. However, the ultimate goal in the design of the TEQ is to
achieve maximum bit rate over the channel, given an acceptable level of bit-error
probability. But, development of a practical design method that can achieve this
goal turns out to be very difficult. Most of the studies focus bit rate maximizing
in a sub-optimal way. Thus therc is a scope for development of improved TEQ

design methods that can provide optimum performance.

1.4 Objective of the thesis

This thesis focuses on optimum time domain equalizer design with respect to

different performance metrics. The objectives of this work are described below:

1. Design of noise optimized minimum delay spread equalizer for DMT transce-
ivers. The proposed iterative TEQ design method will attempt to jointly
minimize delay spread of the channel and filtered noise at the output of the

equalizer.

2. Development of an improved cigenfilter method for TEQ design for DMT
systems. The proposed cost function, along with good channel shortening,
will avoid spectral nulls in the useful signal band seen in most of the re-
ported eigenfilter based methods. To reduce computational complexity of
the proposed algorithm, a heuristic technique to determine the optimum

transmission delay is also proposed.

3. Development of an iterative MSSNR design method which does not need
Cholesky factor computation, less sensitive to transmission delay and suit-

able for arbitrary length TEQ. Step size adaptation will also be incorporated

7




to improve convergence performance. Since the iterative design would ap-
proximate MSSNR. design, it is expected that severe nulls would be less
prominent in the useful signal band. The iterative technique can also be

reé,dil)( applicable to other eigenfilter based techhique as well.

4. Development MIMO TEQ design algorithm for cyclic-prefixed block trans-
mission systems based on maximizing SSNR. Goal of the proposed channel
shortening method is to jointly shorten MIMO ISI channels. The MIMO
TEQ is formed with eigenvectors corresponding to some maximum eigen-
values of a particular matrix. The method will be suitable for any arbitrary
length TEQ as well. Composite bit rate formula is also proposed to compare

achievable channel capacity performance.

1.5 Organization of this thesis

This thesis consists of five chapters. Chapter 1 discusses the basics of channel
shortening, its importance in multicarrier communication systems, general prob-
lem statement and the objectives of this work.

In Chapter 2, a brief review of the state-of-the-art eigenfilter based TEQ
design methods are discussed. At first, the methods are presented under common
mathematical framework and then the shortcomings of the reported methods are
analyzed with different ¢rucial results.

In Chapter 3, several TEQ design algorithms are proposed which address the
shortcomings of the reported methods. First, noise optimized minimum delay
spread equalizer design method is presented. The minimum delay spread design
problem is formulated, then true time reference is derived with respect to which
delay spread will be minimized. Besides, cost function to minimize noise at the
output of the equalizer is also modeled. Then, iterative TEQ design method is
presented. Second, an improved low complexity eigenfilter based TEQ design
method is proposed. Heuristic technique to compute optimum defay A is then
formulated. Third, iterative MSSNR method is developed. Initially, modified
cost function for MSSNR design is presented to develop cost function for iterative
algorithm and then expression for adaptive step size is derived. Simulation results

follow the analysis of each of the designs to corroborate the claim on performance




improvement.
In Chapter 4, MIMO channel shortening algorithm is proposed. First, MIMO

system model is presented which is followed by formulation of MIMO channel -

shortening pfoblem based on maximizing shortening SNR. Then, optimum MIMO
TEQ design algorithm is derived. Simulation results for the algorithin are then
provided which include performance comparison on the basis of common figure

of metrics.
Finally conclusions and suggestions for future works aré provided in Chapter



Chapter 2

Eigenfilter based TEQ design
methods: Literature survey

2.1 Introduction

“When we mean to build, we first survey the plot, then draw the model.”

- William Shakespeare, Henry IV Part II, Act I, Scene iil.

Prior to presenting the methods developed in this thesis for TEQ design, this
chapter briefly reviews previous work on the matter. Various equalizer design
methods are discussed in the literature in the context of multicarrier transceivers
that are related to the proposed designs discussed in this thesis. The chapter

provicleé a unified mathematical framework for the eigenfilter based equalizer

design.

2.2 Common TEQ design formulation

There are many ways of designing the equalizer for DMT Systeil'ls depending on
disparate optimization criteria. However, almost all of the algorithms fit into the
same formulation: the maximization of a generalized Rayleigh quotient {10] or
a product of generalized Rayleigh quotients {11], [12]. Consider, the following

optimization problem

Wopt = AIg Max H m (2.1)
3
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In general, the solution to (2.1) is not well-understood when M > 1. However,
for M =1,
wiXw

Wepe = arg max Lo O

(2.2)
the solution is the generalized eigenvector of the matrix pair (X,Y) correspond-
ing to the largest generalized eigenvalue [13]. Equivalently, the inverse of the ratio
in (2.2) is minimized by the eigenvector of (X,Y) corresponding to the smallest
generalized eigenvalue. Most TEQ designs fall into the category of (2.2). The
vector w to be optimized is usually the TEQ, but it may also be e.g. the (short-
ened) target impulse response (TIR) {14}, the per-tone equalizef [15], or half of a
symrmetric TEQ [16].

TEQ designs of the form of (2.2) include the Minimum Mean Squared Error
(MMSE) design {14], [3], the Maximum Shortening SNR (MSSNR) design [4],
[17], the MSSNR design with a unit norm TEQ constraint (MSSNR-UNT) or
a symmetric TEQ constraint (Sym-MSSNR) [18], the Minimum Inter Symbol
Interference (Min- ISI) design [19], the Miniinum Delay Spread (MDS) design [5]
cte.

The generalized eigenvector problem requires computation of the w that sat-

isfies {13]
Xw = AYw (2.3)

where w is the eigenvector cdrresponding to the largest generalized eigenvalue A.
When Y is invertible, real and symmetric, one approach to solve (2.3) is to form
- T
the Cholesky decomposition Y = VY'Y |, and define v = +/Yw, then
z

S a——
VT(\/?- XVY v

vy

Vopt = ALE MAaX (2.4)

The solution for v is the cigenvector of Z associated with the largest eigenvalue,
and we,, = \/?_Tvapi, assuming that Y is invertible. If Y is not invertible, then
it has a non-zero null space, so the ratio is maximized (to infinity!} by choosing w
to be a vector in the null space of Y. In some cases, Y or X is the identity matrix,
in which case (2.3) reduces to a traditional eigenvalue problem. Examples include

the computation of the MMSE target impulse response (TIR) [14], the MSSNR

11



TEQ with a unit norm constraint on the TEQ [18], the MDS algorithm [5]. There
are a variety of all-purpose methods available for finding extreme eigenvectors,
such as the power method [10] and conjugate gradient methods [20] etc. than can

be used to solve (2.3).

2.3 Single Rayléigh quotient cases

Several common TEQ designs that are designed by maximizing a generalized
Rayleigh quotient are the the maximum shortening SNR (MSSNR) design (4], 17},
minimum mean squared error (MMSE) design (3], [14], the minimum inter-symbol
interference (Min-1SI) design {19}, the minimurm delay Vspread (MDS) design [5]
cte. and their variants. This section provides-a brief description of these design

methods.

9.3.1 The Maximum Shortening SNR (MSSNR) method

The MSSNR TEQ design proposed by Melsa, Younce and Rohrs in [4] attempts
to maximize the ratio of the energy in a window of the effective channel over
the energy in the remainder of the effective channel. The MSSNR design was
reformulated for numerical stability by Yin and Yue in (17). Following [4], let

R(A) MA-1) ... h(A=—Ly+1)

Hdcs - (25)

RA+v) R(A+v=1) ... R(A + v~ Loy +1)

as the middle v + 1 rows of the (tall) channel convolution matrix H, and Hy.s as

the remaining rows of H:

T R(0) 0 o 0 1
| ma-1n ma-2) . R(A—Lu)
Hres = | pA+u41) MA+v) ... h(d+v—Lu+?2) (2:6)
0 0 ... h(Ls—1)

Thus, Cges = HuesW yiclds a length v + 1 window of the effective channel (see
Fig. (2.1)), and Cpes = HiosW yields the remainder of the effective channel.

The MSSNR design problem can be stated as “maximize || Caes || subject to the

12
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Fig. 2.1: Decomposition of the effective channel ¢(k) into a desired channel Caes(K)
and residual channel ¢..s(k). A denotes transmission delay.

constraint || cres ||[= 1," [4], [17] which reduces to (2.2) with

Y = HT Hes (27)

X HY Hae, (2.8)

I

It may be stated another way as: optimize w to maximize w? Xw subject to
wTYw = 1. Or equivalently, optimize w to minimize w7 Yw subject to w7 Xw =

1 [17).

2.3.2 The Minimum Mean Squared Error (MMSE)
method

The MMSE design [14], originally intended for complexity reduction in maximum
likelihood sequence estimation [MLSE), is similar to the MSSNR design, although
it takes noise into account. Indeed, for a white input and no noise, the MMSE
and MSSNR designs are identical [21]. The system model for the MMSE solution
is shown in Fig (2.2). It creates a virtual target impulse response (TIR} b of
length v + 1 such that the MSE, which is measured between the output of the
effective channel and the output of the TIR, is minimized.

The MMSE TEQ and TIR must satisfy (3], [14]

R,.b = R,w (2.9)

13
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TEQ
x(k) rk) vk e(k)
_E—" h —¥ w T -
x(k - A) )
Lio-p 727 I Bl e i
TIR

Fig. 2.2: MMSE system model. The symbols h, w, and b are the impulse re-
sponses of the channel, the TEQ, and the target, respectively. Here, A represents
transmission delay. The dashed lines indicate a virtual path, which is used only
for analysis.

where
r(k) .
R,.=F : [z(k—=4) - wk—A—v) ] (2.10)
r(k— L)
is the channel input-output cross-correlation matrix and
r(k)
R, =F ; [r(k) -+ z(k—Lu) ] (2.11)
r(k = Ly)
is the channel output autocorrelation matrix. Typically, b is computed first,
and then (2.9) is used to determine w. The goal is that h x w, the convolution
of h and w, approximates a delayed version of b. The TIR is the eigenvector

corresponding to the minimum eigenvalue of {14

Ra=R:— RITR'T-IRT'I (212)
where R, = R%, and
z(k)
R,=F : [ z(k) - z(k-v) ] (2.13)
z(k — v)

is the input autocorrelation matrix. It is because the mean square error J =

E[e?(k)] will yield a quadratic form in b as
J =bTRab (2.14)

14



Hence, the problem reduces to (2.2) with

Y =Rs . (2.15)
X = IV+1 (2.16)

In this criteria, a unit energy constraint (UEC) b™b = 1 is applied to the TIR

coefficients to avoid the trivial null TEQ solution.

2.3.3 The Minimum Inter;Symbol Interference (Min-IST)
method

The MSSNR. design has spawned many extensions and variations. The Min-I151
method shapes the residual energy in the tails of the channel in the frequency
domain, with the goal of placing the excess energy in unused frequency bins [19].
The idea is to penalize the residual interference according to which subchannel it is
in. Subchannels with higher signal power have higher weights, hence the residual
interference is penalized more. The Y and X matrices are more complicated
in this case. The design is a minimization of a generalized Rayleigh quotient

with [19]

4

~ Sei wom

Y = Hg;s Z(q ’_qH)Hrea
ie S,

X = H? H,., (2.17)

des

where If-\I?.es is equal to H, s padded with zeros in the middle, 5;; is the transinitted
signal power in tone 7, S, ; is the received noise power in tone ¢, S, is the set of
used tones, and q; is the ith coefficient DFT vector. If all the tones were used
and if S, ,;/S,; were constant across all the tones, then the Min-ISI matrices in
(2.17) would reduce to the MSSNR matrices in (2.7). Thus, the MSSNR design

is a special case of the Min-151 design.

2.3.4 The Minimum Delay Spread {MDS) method

The taps of h exceeding the CP length cause ISI and ICI, and the interference
levels depend on both the taps’ distances to the prefix and their energy [5]. The
contributions of interblock interference (IBI) from tails of impulse responses grow
linearly as the samples move away to the edges [22]. This fact is partially ignored

by MSSNR approach since a rectangular window is used withoul bias on the
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distance issue. Therefore, Schur and Speidel in {5] proposed to use an exponential
window instead to minimize the square of the delay spread of effective channel c,

where the delay spread is defined as

Le—1
- 1
= | = _ 2
D=,|% >_k—n7lek) o (2.18)
k=0
Here, E = ¢T¢, and 7 is a user-defined center of mass or centroid. This results

in (2.2) with

Y = H'QU - (2.19)
X = H™H | (2.20)

where Q is a diagonal weighting matrix defined as

Q 2 diag([(0 — )%, (1—n),..., (Le — 1 = 0))) (2.21)

2.4 Shortcomings of reported eigenfilter meth-
ods

2.4.1 MSSNR method

Though MSSNR method performs relatively well with relatively low complexity,
on account of the fact that the design problem is an eigenfilter-type problem, it
suffers from several shortcomings. First, the method does not account for any
effects due to noise present in the system. Furthermore, the Cholesky decom-
position depends on the delay parameter A for the formulation in (2.7). If we
wish to vary A over a certain region to see which value performs the best, which
is typically done in practice, then a new Cholesky factor must be computed for
each A. This results in an extra computational load for each A considered.
Since HTH = HZ M, + H” H,.,, it is mathematically equivalent to min-
imize the residual energy over the total channel energy [2] (See appendix A},

with

= HI H,.. (2.22)

res

X = H'H (2.23)

.
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Fig. 2.3: Original and shortened channel by MSSNR. method. TEQ length = 17,
Channel length = 512, window length v + 1 = 32. Only first 200 samples are

shown.
s Original channel | o
~—— Shorlened channel| |

Magnitude (dB)

40t
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0.1 02 03 04 05 0.5 0.y 0.8 0g 1
Normalized frequency

Fig. 2.4: Magnitude response of original and shortened channel by MSENR
method.

or to maximize the energy inside the window over the total channel energy [23],

with
Y = H™H (2.24)
X = HI I, (2.25)

This technique results in a reduced-complexity implementation because in
{2.22), Cholesky factor computation for matrix X is to be determined only once
as X does not depend on delay. Typical plot of shortened channel by MSSNR
method is shown in Fig. 2.3.

The MSSNR method, however, uses only the channel impulse response when
calculating the optimun TEQ, which means that it ignores the effect of noise and
transmit power spectrum. Since, the bit rate is a function of noise, channel gain,

and transmit power spectrum, a bit rate optimal method must take into account
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Fig. 2.5: Original and shortened channel by MMSE method. TEQ length = 17,
Channel length = 512, window length v + 1 = 32. Only first 200 samples are
shown.

all three when computing the optimum TEQ. As a consequenée, the MSSNR
method cannot optimize bit rate.

Furthermore, TEQs designed by MSSNR method tend to insert zeros close
to unit circle which causes spectral nulls to form at those frequencies. This act
sometimes kills potential subcarriers to carry data bits and thereby reduce bit
rate. Frequency response of shortened channel by MSSNR method is shown in
Fig. 2.4.

Despite these shortcomings, the low complexity MSSNR method in [4] repre-
sented the first attemnpt to pose the channel shortening problem as an eigenfilter-

type problemt.

2.4.2 MMSE method

MMSE method takes channel noise into consideration which MSSNR method does
not [3], [14). However, once b has been appropriately computed, the equalizer
coefficients of w must still need to be found using the orthogonality principle
{(See (2.9)). Again, minimizing MSE docs not necessarily minimize the residual
portion outside the target window. Shortened channel by MMSE methods is
shown in Fig. 2.5.

It is also possible to solve for the TEQ directly, without first computing the
TIR. For a white input signal, the MMSE TEQ can be designed directly using

18
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Fig. 2.6: Magnitude response of original and shortened channel by MMSE
method. '

(2.2) with [16]

Y = H’ H.+R, (2.26)

X = Hz;sI-Idcs (2.27)

where R, is the noise autocorrelation matrix of size L, % L.

The aforementioned MMSE methods do not have control over the frequency
response of the TEQ. For example, a TEQ designed with these methods would
have some gain over unused subchannels which would contribute only to the noise
and not to the desired signal. Also, many MMSE optimal TEQs have deep nulls
in the frequency domain. Those subchannels with deep nulls become useless. See

Fig. 2.6.

2.4.3 Min-ISI method

Min-ISI method is in fact a variant of MSSNR method. This method places
residual portion in subchannels with high noise power. However, as with the
MSSNR method of [4], the Cholesky factor needed in (2.17) [19] depends on the
delay parameter A which entails solving generalized EV problem for each delay.
Shortened channel by Min-ISI method is shown in Fig. 2.7. Furthermore, Min-I1SI
method is relatively more complex than MMSE and MSSNR methods (which is
clear from definitions of X and Y in (2.17)) [11].

This method, as it accounted for both ISI and noise, was shown to perform

nearly optimally in terms of bit rate. However, this method also exhibits spectral
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Fig. 2.7: Original and shortened channel by Min-ISI method. TEQ length = 17,

Channel length = 512, window length v + 1 = 32. Only first 200 samples are
shown.
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Fig. 2.8: Magnitude response of original and shortened channel by Min-ISI
method.

nulls in certain useful subchannels like MSSNR and MMSE methods. See Iig.
2.8.

2.4.4 MDS method

Unlike MSSNR, MMSE and Min-ISI methods, the Cholesky factor required for
the MDS method [5] does not depend on the delay parameter A. Hence, the
method is very low in complexity as only one Cholesky factor must be computed
for all A (See, X in (2.21) does not depend on delay). Despite this significant
decrease in complexity, the method suffers from several shortcomings. Though
the method was shown to be less prone to synchronization errors than others, it
does not account for the desired channel length v + 1 or any knowledge of the
noise statistics. From Fig. 2.9, it is clear that shortened channel spans more than

the target window length of 1 + 1 hence causes severe [SI.
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Fig. 2.9: Original and shortened channel by MDS method. TEQ length = 17,
Channel length = 512. Only first 200 samples are shown.

2.5 Conclusion

In this chapter, some state-of-the-art eigenfilter based channel shortening equal-
izers are described and their shortcomings are presented. The loss in performance
shown by the reported methods acts as motivation for the work presented in the

later chapters.
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Chapter 3

Development of optimum channel
shortening algorithms

3.1 Introduction

In the previous chapter, several shortcomings of state-of-the-art eigenfilter meth-
ods are addressed such as undesired spectral attenuation, delay sensitivity and
need for Cholesky factor computation for each delay. In this chapter, three chan-
nel shortening algorithms are proposed to address these issues. Iirst, the com-
putationally efficient MDS method is modified to account for the noise and true
time reference. Second, the MDS method is further improved by incorporating
the knowledge of cyclic prefix and adjustment for spectral attenuation. Besides,
an iterative MSSNR design method is proposcd that not only removes the draw-
backs of the direct MSSNR method but also achieves performance very close to
the direct solution. Extensive simulations are carried out to analyze the perfor-

mance of the proposed methods.

3.2 System model

The channel/equalizer mode! is shown in Fig. 3.1 and the notation summarized

in Table 3.1. We make the following assumptions here.

o The channel, i £ [A{0), h(1),. Jh(Ly, — 1)]7 is known to be finite impulse
response (FIR) filter of length L.

o The TEQ, w £ [w(0),w(1),...,w{Ly — 1)]7 is known to be FIR filter of
length L.
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Fig. 3.1: System model with channel/equalizer.

Table 3.1: Channel shortening notation

[ Notation | Meaning.

v length of CP

N FFT size

JAN delay of effective channel

h L, x 1 CIR vector

W L, x 1 TEQ impulse response vector
c L. x 1 EIR vector

H L. »x L, channel convolution matrix
R, L., x L, noise covariance matrix

L, n x n identity matrix
AT transpose

1 vector of all I's

0 vector of all 0’s

diag!] | diagonal matrix with entries
in the main diagonal

The input x(k) is zero mean and white with variance oZ.

The noise u(k) is zero mean wide-sense stationary (WSS) random process

with covariance matrix R,.

The processes (k) and u(k) are uncorrelated.

The channel, h is known at the receiver. In practice, channel state infor-

mation is obtained via training sequence.

23

»



The effective channel is given by c(k) = h(k) * w(k) where ‘+’ denotes linear

convolution. Then the output ¥(k) can be written as
y(kY = 7(k)*w(k)
= (k) * h(k) *x w(k) + u(k) = w(k)
= z(k) *e(k) + q(k) (3.1)

where g(k) is the filtered noise. In vector form, the effective channel impulse

response, ¢ can be written as
c =Hw (3.2)

where H is the Toeplita convolution matrix of the unecualized channel, h. The
effective channel vector is ¢ = [e(0), ¢(1), ..., c(L. — 1)]¥ where Lo = Lp + Ly — 1

is the length of effective channel. H is configured as

h{0} 0 e 0
h(1) h(0) :
H = h.(L,:— 1) h(Lh@ 2) .. L h(Ly _ L) (3.3)
0 h(Lh - 1) B h(Lh — Lw + 1)
i 0 0 . h(Lh'u 1)

3.3 Noise optimized minimum delay spread TEQ
design method

In [5], a unique TEQ design method is proposed which claims to minimize the
delay spread of the overall channel impulse response (called MDS method). MDS
method is cmnputational]y less intensive as it does not require to search for opti-
mum A. This approach is independent of the CP length and attempts to squeeze
the effective impulse response (EIR) as much as possible. This is.advantageous
since EIR squeezing allows further to reduce CP length to increase data rate
and provides additional robustness to synchronization offset. Recently, in (6], the
MDS method is modified to account for the true time reference about which delay

spread needs to be minimized. Unfortunately, both of these methods, [5] and [6],

24



do not take the noise into consideration. Due to noise source models for DMT
systems, such as near-end crosstalk (NEXT) and far-end crosstalk (FEXT) [24],
it is only natural to exploit such knowledge to obtain a more robust equalizer.
In this Séction, we generalize the MDS method of to some aspects. First, the
cost function is modified to incorporate minimization of noise. Secondly, a trade-
off parameter is introdneced to set appropriate weights for minimizing delay spread
and noise. Thirdly, an iterative algorithm for TEQ update is proposed where the
trade-off parameter is adaptively adjusted at each iteration under a specific crite-
rion. Simulation results provided show that our method performs comparatively

well in terms of delay spread minimization and filtered noise suppression.

3.3.1 Problem formulation

We restate the definition of the following fundamental quantities from [6] for a

given impulse response {g(k), —o0o < k< o0 }:

7y = _g'(k) (energy) (3.4)
k
by = %Zkgr"(k) (centroid) (3.5)
D, = \/%Z(k—kgﬁg?(k) (delay spread) (3.6)
Tk

The MDS design of [5] chooses w in order to minimize the following cost function:
1
Jis = ;Us = krey) e (K) (3.7)

where F, is the energy of the effective channel. Jy; is, in fact, the square of the
delay spread. Hence, [5] actually attempts to minimize the delay spread of the
effective channel. This method assumes centroid of the original channel, &, as
the time reference, k,..;. Now, we show that choice of [5] for k,.f is not optimum.

From (3.7), after some modiﬁea.tion; one gets
Jus = EL{Z}CQCQ(EJ) — ey 3 (k) + K2 Y g*(K)} (3.8)
C ok k k
Using (3),(4} and setting 8Jy;/0ke; equal to zero, we obtain
Kyey = ke (3.9)
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where k, is the centroid of EIR. It reveals that we need to minimize (3.7) using

ke, not ky,. The cost function of (3.7) can be written as
J i ¥ 3.10)
S (3.10)

where Ay, is a diagonal weighting matrix defined as

Ay, = diagl0,1,..., Le—1] = krefly, (3.11)

Now using (3.2), we get
w HTA} Hw a1
o = —FHTHw (3.12)

Noise and filtered signal power at the output of the TEQ can be written respec-

tively as
or = wliR,w (3.13)
of, = oiw H Hw (3.14)

The cost function to minimize noise power is defined as ratio of the power of

filtered noise power and filtered signal and given by

0_2

q
By =
o,
wTR,w

B a2wTHTHw (3.15)

Finally, the objective function is formulated by coupling the two cost functions

of (3.12) and (3.15) via a trade off parameter, a :
JE2aJs+(l—a),, 0<a<l (3.16)

Hence, the problem is to find optimum TEQ wop, by minimizing J in (3.16)

Wepe = argminJ
wiXw
= argmin —o— 3.17
argunin —ro (3.17)
where X = oH"A; H (1HQ)R (3.18)
= ke =+ O'z u .
Y = H'H (3.19)

Again, this formulation falls under the category of (2.2).
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3.3.2 Optimum TEQ design

From (3.5), it is obvious that we need to know eflective impulse response (EIR), c,
to find k. which in turn requires to solve (3.17) first. So we proceed to iteratively'
minimize the (3.38) using centroid obtained at the previous iteration as the time
reference for the next [6]. '

At the ith iteration, optimum w,, is obtained as
wi=argmin J [y (i-1) (3.20)
w

Note that at the ith iteration, A, in (3.11) present inside the matrix X in (3.18)
is formed using ky..; (¢ — 1). Finally, k,..; for the ith iteration is set as the centroid

of the effective channel using (3.5):

brep(i) = E%ch“(k)

c'Te
cTc
_ w;THT THw; ' (3.21)
w; THT Hw, '
where Y = diag[0,1,..., L.—1]

The parameter « can be adapted based on the proportionate ratio of delay spread
and filtered noise powaer :
W;‘THTA.E )Hwt

. 1c](i
= 22
a(é) w; T 2w, (3.22)

1
where Z = HTA?2 H+ —-R,
Ko (1) o2
) &
The proposed algorithm is summarized below:

o Precompute Y of (3.19) and initialize k.;(0) = ky ic as centroid of the

original channel and a(0) = 0.5 (arbitrary choice).
e for ¢=1,2,... do the following

1. Compute the weighting matrix Ay, of (3.11) using k..;(i — 1).

2. Compute the matrix X of (3.18) and obtain optimum TEQ for ith

iteration, w; solving {3.20).

3. Compute k,.s(4) using (3.21).
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Fig. 3.2: Cost function J grddually stabilizes with iterations (for CSA loop 8).

4. Compute (i) using.(3.22). Here, Ay, is calculated using ks (2) as it

is available.

Within few iterations, k,.; gets locked and J ceases to be minimized more. Then
iteration is stopped and wy,, is obtained. Fig. {3.2) shows that J cannot increase
from iteration to iteration. It is obvious because when kv is set to k. (see (3.9)),
Jye will minimize which effectively minimizes J as the true time reference is

gradually reached with iterations.

3.3.3 Simulation results

Now let us proceed to analyze how the design works. The channels used are eight
standard downstream carrier service area (CSA) loops. Configuration of the
channels are described in appendix B. A fifth-order Chebyshev highpass filter
with cutoff frequency of 4.5 kHz and passband ripple of 0.5 dB is added to each
CSA loop to take into account the effect of the splitter at the transmitter. The
DC channel, channels 1-3, and the Nyquist channel are not used. This work used

the following ADSL input parameters:
o DFT size, N = 512 and sampling fi‘equ@ﬂCy, fs =2.208 MHz.
o v =32, L, =16and L, = 512.
o Input power, o2 = 21 dBm. Input signal z; consists of QAM symbols.

o Input noise consists of near-end crosstalk (NEXT) noise plus additive white

noise with power density -110 d3m/Hz.
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Fig. (3.3) shows the original and equalized channel impulse responses upto 470
samples for CSA loop no. 8 designed using the proposed method . As one can
see, proposed method shortened the channel quite well. Fig. (3.4} shows the
corresponding magnitude responses of original and shortened channel. As the
cost function jointly minimize delay spread and filtered noise, Figs. (3.5) and
Fig. (3.6) show delay spread and output SNR variation as function of TEQ
length, L,,. Signal-to-noise ratio (SNR) at the output of the equalizer can be
obtained using (3.13) and (3.14) as

0,2

SNR = —
J(I
o2wTHT Hw
= E 0 3.23
wiR,w ( )

As expected, increasing L,, results in improved performance (delay spread re-
duces, output SNR rises), which comes at the expense of the increased complexity
in implementing the additional equalizer taps. It is also noticed from Figs. (3.5)
and (3.6), delay spread and output SNR reaches a floor with increasing L. In
Table 3.2, the proposed method is compared with other existing methods on the
basis of delay spread. Except [G], the proposed method achieves a delay spread
that is lower than other methods. Minimum delay spread attained by modified

MDS method in {6] is expected as it corrects the original time reference problem
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Table 3.2: Observed delay spread for various methods (averaged over eight CSA
loops)

Method | Delay Spread {us)
MDS Design (5] 6.27
Eigenfilter Method [2] 7.61
MSSNR Method [4] 4.50
Modified MDS Design [6] 4.40
MMSE Method [3] 4.64
Proposed 4.42

Table 3.3: Qutput SNR (in dB) comparison of various delay spread minimizing
methods !

CSA | MDS | Eigenfilter | Modified | Proposed
loop no. | [3] (2] MDS [6)
1 26.94 22.01 29.31 32.91
2 28.05 20.75 27.10 28.63
3 26.27 20.82 28.91 31.81
4 27.27 18.35 28.00 31.56
5 26.30 21.57 29.10 31.54
6 24.55 19.15 27.87 30.29
7 27.05 17.49 29.81 32.57
8 24.54 15.08 30.01 31.49
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Table 3.4: Bit rate comparison with [6]

CSA Modified | Proposed
loop no. { MDS [6]
1 2.34 2.46
2 2.05 2.21
3 2.45 2.55
4 1.97 2.15
5 2.21 2.25
6 2.55 2.71
7 2.31 2.41
8 2.43 2.60

present in [5] and only targets to minimize the delay spread. On the other hand,
the proposed method performs a trade-off between minimizing delay spread and
minimizing noise power. Table 3.3 compares output SNR for the methods which
are derived from [5]. It is clear from Table 3.3 that the proposed method achieves
higher SNR than those of other methods. Incorporation of o allows appropriate
weight for Jy, and J,,, so that both the output noise and delay spread are min-
imized in optimum manner. From Table 3.4, we observe that proposed method
outperforms {6] in terms of bit rate. For calculation of bit rate, optimum delay

is obtained following {3.40).

3.4 Improved ecigenfilter based TEQ design
method

It is reported in [25) that two constraints need to be met by TEQs for good
throughput performance: 1) the amplitude response associated with the short-
ened impulse response (SIR) shall have no spectral nulls (if original channel is free
of spectral nulls); and 2) the SIR memory need to be shorter than a predefined
CP length.

Several methods proposed so far for the design of TEQs fall under the category
of eigenfilter design method [3], [4], [19], [5], [23], [2]. Minimum mean-squared
error (MMSE) TEQ design method proposed in [3] minimizes the time-domain
error between the TEQ output and a desired output, i.e. the output of an FIR fil-

ter of order v. Another design technique called the MSSNR. method [4] attempts
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to maximize the shortening signal-to-noise ratio (SSNR}, where the SSNR is de-
fined as the ratio of energy inside a target window to the energy outside the
window. Min-ISI method proposed in [19] partitions the SIR into signal path,
ISI path and noise path. This method is shown to achieve higher bit rate than
those reporfed in [3], [4), [5], [25] but it is computationally more complex [11]. In
general, MMSE, MSSNR. and Min-ISI methods, though shorten the channel well,
introduce spectral nulls, thereby not satisfying the aforementioned criteria [25]
[include eriteria in the introduction]. In [5], a computationally less extensive
technique called minimum delay spread (MDS) method is presented which mini-
mizes the delay spread of the effective channel. In {2}, a low compleéxity eigenfilter
method is presented which modified the MDS method incorporating cyclic pre-
fix length and effects due to noise. The eigenfilter method (termed as EIGFILT
method) proposed in [2] is shown to achieve near optimal bit rate performance.
Though [2] requires Cholesky factor computation only once, this method also
generates spectral nulls which hinders some potential subcarriers to carry bits.
In this section, the EIGFILT method is modified on different aspectsd. A new
objective function is proposed which explicitly attempts to remove the spectral
nulls in the frequency response of the shortened channel. Apart from minimizing
residual power of SIR and filtered noise power, delay spread minimization of the
desired portion of SIR with respect to a suitable time reference is incorporated to
ensure that frequency response flattens to remove spectral nulls and hence allows
to transmit more data over the useful signal spectrum. Delay dependent matrices
in the proposed method can be updated for each transmission delay A following
the guidelines of [26] which further reduces computational burden. This work
also proposes a heuristic choice of optimum transmission delay which not only
allows solving generalized eigenvector (EV) problem only once for TEQ design

but also yields profitable bit rate performance.

3.4.1 The EIGFILT method

Consider the model in Fig. 3.1. The method in [2] attempts to optimize the
TEQ to shorten the effective channel ¢(k) and minimizes the filtered noise power’

og with respect to the filtered signal power o2 where z(k) £ 2(k) * c(k). The
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objective function is given by

Jeig = sport + (1 — @) Jnoise,  0< @ <1 (3.24)
where Jonort and Jioise are defined as follows:
: 2o flk = A)le(k)?
Joort 2 22 (3.25)
et > le(k)?
2 2

a a
erise £ L= — (326)
oz, oz 2y le(B)P

Here Joore and Jypise are, respectively, the channel shortening and noise suppres-
sion objective functions, and « is a trade-off parameter. The penalty function
F(k) is formulated as

A1 O: 0 < k < v
f(!»)—{ 1, otherwise. (3.27)

The penalty function penalizes uniformly samples outside & € [A, A + v] where
A€ [0,L. — v —1]. For each A, the optimum TEQ obtained by the EIGFILT

method is obtained as
Weiga = argmin Jeg (3.28)

Delay parameter A is varied over the useful range and the optimum delay is

chosen for the best bit rate.

3.4.2 Development of a new objective function

The aforementioned method has been proposed to lower the computational cost,
especially for the Cholesky factor computation. But unfortunately [2] does not
have any control over the frequency l‘espoflse of the TEQ. Optimal TEQ obtained
by this method has deep nulls in the frequency domain. Those subchannels
with deep nulls become useless. As a result, the presence of these nulls in the
magnitude response of the shortened channel reduces the total achievable bit rate
of the DMT systems. If the equalizer design problem can incorporate a technique
for eliminating these nulls in addition to the channel shortening, it would be
possible to achieve much higher bit-rate. In this section, a proposal is presented
to achieve this goal.

Similar to approaches in [4] and [19], here the effective channel response ¢
is divided into two parts— desired portion cg and residue portion ¢,.. The

proposed objective function comprises the following goals:
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1. Minimize the energy of the residual portion ¢, to minimize ISL.

2. Minimize the delay spread of the desired portion cg, with respect to a
time reference so that it approaches a delta function. This is to ensure flat

frequency response and thus to avoid encountering nulls.

2

3. Minimize noise power oy

Now, we will proceed to develop the proposed objective function. We define two
diagonal window matrices, each of size L. x L., to separate the desired and residue

portion of the effective channel ¢ for a particular A as
G(A) £ diag[01xa, Lixwt1), Ox(re—a—v—1)] (3.29)

and
D(A) £ I, — G(A) (3.30)

The residual and desired portion of the channel can be expressed, respectively, as

Cres = D(A)Hw (3.31)

and
Cees = G(A)Hw (3.32)

Then the cost function for minimizing the residual erergy can be written as

J s Cres’ Cres W HTD?(A)Hw (3.33)
res cTe wiHTHw '

To achieve goal-2, this approach introduces the following cost function for mini-
mizing delay spread within the window with respect to a time reference &,. This

will penalize the desired portion cge if it deviates from the shape of the delta

function.
1 At
Jdes é E‘: Z(k - 'ii:n)?"Cd’u’:.‘s(’l‘j)|2
k=24
1 A+v
- 5 Z(k — k)P le(k))? (3.34)
k=A

where E, is the energy of effective channel. Here, k, is taken as the mid-position
of the window. Hence, from (3.34) one gets

g c"A*(A)e  wTHTA*(A)Hw
des ™ cTec - wTHTHw

(3.35)




where
L. elements

A(A) = diaglD,...,0,A,A +1,...,A+1,0,...,0] ~ knG(A) (3.36)

A zeros

The cost function to minimize noise power at the output of the TEQ is defined
as
T

Tnoise 2 Z;‘:TE%% (3.37)
Apparently, it might seem that if goal-2 is satisfied then goal-1 would be au-
tomatically ensured. However, a closer inspection would suggest that satisfying
- goal-2 may not necessarily minimize the residual energy— which is the main target
of channel shortening. Clearly, trade-off parameters among these objectives are
required for optimum solution. Defining « and [ as two trade-off parameters,

final objective function can be written as
J £ ﬁ‘]rcs + (1 — & ﬁ)Jdes + O—'Jnoisc (338)

3.4.3 Optimum TEQ design

For each A, optimum TEQ for the proposed method can be obtained by mini-

mizing J, i.e.,,

X
wa = argmin J = argmin hididelid (3.39)
W

w wliYw
where
X = SHTDYHAH+(1-a— AHTAXA)H + %RM

Y = H'H

This formulation complies with (2.2). Here Y is independent of delay and
Cholesky factorization for Y has to be calculated only once over the possible
range of A. wa will be the generalized eigenvector corresponding to the smallest
generalized eigenvalue of the matrix pair (X,Y) for the particular A (See ap-
pendix A for detail decomposition). Delay parameter A is varied and final TEQ
Wy 15 obtained for Ay, which yields the maximuin bit rate. Fig. 3.7 shows the
original channel and SIR by the proposed method for A, = 23, L, = 17 , v
=32, & = 0.399 and F = 0.6 (up to 200 samples shown). Higher value of J is
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Fig. 3.7: Original and equalized channel impulse responses for CSA loop no. 1.
Location of k,..; and Ay, are shown for that channel.

used to set higher priority for suppression of residual portion. Now, residual and
desired portion of H, H,,s = D(A)H and Hg,, = G(A)H, respectively, can be
updated for each A easily by following [26] which will significantly reduce the
complexity of solving generalized EV problem for all A values. For example,
computing A(A) = HI, _H,, from A(A — 1) requires only L, (L + v) multiply

and accumulations (MACs) against L2 (L, —v) MACs required to compute A(A)

cach time.

3.4.4 Heuristic choice of optimum A

How to find the optimum A without tracing its whole range is still an open
problem for delay optimiiGd TEQ design methods. Here, this work proposes
a criteria for choosing a heuristic A for which bit rate performance is roughly
between that of [2] and the proposed method. The heuristic choice is based on
the proportion of energy distribution on either side of a particular time reference
krey of the original channel. In this work, we consider index of the maximum
value of channel vector h as the time reference k,.;. Defining E; £ Z::é_l h2(k)
and B, £ STEv1 Rk heuristic A can be obtained as (see Fig. 3.7)

k=kor+1

M} (3.40)

Aheu = k?‘cf — |: E[ + E

where [.]* denotes rounding operation. See Fig. 3.8 for illustration. Performance

for this choice of A is examined in next section.
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3.4.5

We now proceed to analyze how the design method compares with {2]. ‘As the
literature appears to be moving towards the goal of perpetually increasing the
bit rate, we opted to compare on the basis of achievable bit rate. The channels
used are eight standard downstream CSA loops commonly used in ADSL system
simulation (obtained from: [24]). Chebyshev highpass filter characteristics are
same as that used for the simulation of previous method. The DC channel.

channels 1-3, and the Nyquist channel are not used. To make it self-explanatory,

E(v+1)AEE,)

heu krei - EI{V+1)I(Ei+Et)

1 1
10 20 30 40 50 60 70 80 a0 100 110

Fig. 3.8: lllustration of heuristic delay /_\hm..

Experimental results

ADSL system simulation parameters are listed below again.

e Desired probability of error is 1077,

120

e DIT size, N = 512 and sampling frequency, f, = 2.208MHz.

e v =232 L,=16and L, = 512.

o Input signal z(k) consists of QAM symbols.

o Input power, o2 = 21 dBm, SNR gap, I' = 9.8 dB (For uncoded QAM
.constellations, I' = 9.8 dB for a symbol error probability of 10~7)

o Input noise consists of near-end crosstalk (NEXT) noise plus additive white

noise with power density -110 dBm/Hz.
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Fig. 3.9: Frequency response of original and equalized channel in (a) and bit
allocation over subcarriers in (b) for TEQ designed by the method in [2] and the
proposed method, respectively, for CSA loop no. 1.

As the input consists of two-dimensional QAM symbols, the number of bits
to allocate in the ith subchannel is [27],

SNR
r

b; = [logg(l + 1.)J , 01 N-1 - (3.41)

with I' = 9.8 dB here. Here, |.] indicates floor operation. We assume that the
subchannels are mutually isolated from each other and sufficiently narrowband.
SNR; is taken as the ratio of desired signal power to residual plus noise power on

subcarrier 7 [19]. From this, the bit rate R, was calculated using,

b

N—I— - Zb bps (3.42)

In Figs. 3.9(a) and 3.9(b), original and equalized channel frequency response and
the corresponding bit allecation into different subcarriers are shown, respectively.
From Fig. 3.9(a), it is clear that the channel equalized by the EIGFILT method
in [2] contains several nulls in the useful signal band whereas the proposed method
eliminates those nulls. Thus the proposed method increases the possibility of
achieving higher bit rate by allowing more subcarriers to carry bits by flattening

the frequency response in the useful signal band. From Fig. 3.9(b), we notice
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Fig. 3.10: Observed bit rate for CSA loops no. 1-8 using various TEQ design
methods. Irom left to right, height of the bars for each CSA loop denote bit
rate obtained by MMSE-UEC [3], MSSNR. [4], MDS [5], eigenfilter [2], proposed
method with and without Ay, respectively.

that shortened channel by EIGFILT method cannot carry data bits in potential
subcarriers like 63,109-112 ete. due to attenuation. Moreover, the proposed
method not only makes those subcarriers useful but also iets more subcarriers
(up to 154, which is 134 for [2]) to carry bits. In Fig. 3.9(b), we see that the
proposed method with 4., achieves better performance as well.

To emphasize the importance of using two trade-off parameters, the bit alloca-
tion for shortened channel obtained by optimizing J = a(Jyes+Jges )+ (1 — @) Jnoise
is also plotted instead of (3.38) (i.e., without using 3). As diflerent weighting is
performed for desired and residual portion, single trade-off parameter cannot suc-
cessfully adjust suitable weighting between noise anc‘l shortening objective func-
tions. Without using 3, bit rate comes down as low as 0.65 Mbps for CSA loop
no. 1. In Fig. 3.10, comparative achievable bit rate performance of the proposed
method with some existing low complexity methods are shown for C5A loops
no. 1-8. Achievable bit rates for each method is computed using (3.42). For each
method considered except MDS method [5], we varied the delay parameter & and
chose the value that yielded the best bit rate. From Fig. 3.10, it is clear that the
proposed method achieves higher bit rate than all other methods. Like MDS and
EIGFILT method, the proposed method also requires only one Cholesky factor
computation (for Y in (3.39)) for all A values. From Fig. 3.10, we sce that the
proposed method using Ape, performs better than all other methods in most of

the occasions. Note that the proposed method using Ay, requires generalized
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EV problem solving only once. With that significant computational advantage,

bit rate performance for A, can be considered profitable.

3.5 Iterative MSSNR method

The MSSNR. method [4] attempts to minimize ISI in the time domain. The
drawbacks of the MSSNR TEQs proposed in [4] include computational sensitivity
to transmission delay A, inability to design TEQs longer than v 4 1, sensitivity
to the fixed point computation in the Cholesky decomposition (which depends
on A in [4])and spectral nulls. In this section, we propose an iterative MSSNR
design which avoids these limitations and gives shortening performance very close

to the direct MSSNR design but with improved bit rate performance.

3.5.1 Modified MSSNR . cost function

In [4], MSSNR design works by minimizing the energy outside the target window
while holding tbe energy inside the target window fixed. Using notations from

equation (2.7),

wiYw

wTXw

Wou = argnliln.f = argnli,n

i.e., minimize w!'Yw while constraining wYXw = 1. When, L,, > v, X becoines
singular and (v/X)~! does not exist (which is required for Cholesky decompo-
sition, See appendix A). Regardless of the choice of L, it can be verified [17]
that (v/Y)™" always exists when the physical channels are copper twisted-pairs
(TP) channels. Hence, formulation given in (2.2) applies perfectly for MSSNR to
resolve TEQ length problem. For convenience, we restate the formulation here,

as it is the basis for development of iterative algorithm.

) wlXw
Wopr = argmax J= atgmwa.x TV

But, as stated earlier, solving the optimization problem over useful range of
delays require Cholesky factor computation of Y for each delay. Replacing
Y = H;‘::SH,.E5 by Y = H'H solves the problem, as HTH does not depend
on delay. This design will target to maximize energy inside target window while

~ keeping the total energy fixed to 1. Another paralle! design (given below) can be
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formulated which attempts to minimize energy outside the window while keeping

total energy fixed at 1. (See appendix A for clarification)

wiYw

Wy, = argminJ = argmin ——=—o—
> w B WX w

where, Y = H”, H,., and X = HTH.

res

3.5.2 Development of iterative MSSNR. design

Therefore, the cost fucntion for minimizing the energy in the residue portion can

be written as

wliYw

= —— A
JT‘CS WT'X_W (3 3)
For, iterative solution, we define the cost function as
Jres(n) = w7 (n)Yw(n) (3.44)

Here, n denotes iteration index. The performance surface is quadratic and method
of steepest descent can be readily implemented. The gradient VJ,e.(n) can be

evaluated as

-

VJree(n) = (Y + YD) w(n) ‘ (3.45)
which results in the gradient descent update equation as .
win+1) =w(n) — pVd.s(n) (3.46)

Here, ¢ is the step size that governs the stability and convergence speed of the
algorithm. The constraint w?Xw should also be incorporated [28], which can be

implemented by renormalizing w(n) after each iteration, i.e.,

win _ w(n + 1}
(1) \/WT(n + DXw{n+ 1) (3.47)

The expensive renormalization in (3.47) can be avoided through the use of a

Lagrangian constraint following [29].
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Fig. 3.11: Performance of iterative MSSNR algorithm for CSA loop no. 8 Two
kinds of initialization used: a)random and b) impulse.

3.5.3 Step size adaptation
Now, this work proposes a variable step size that ensures optimal performance
and speedy convergence of the adaptation process. We define a cost function as

Ju(n) = [Wopt = wln+ 1)) [Wepe — w(n + 1)) (3.48)

Minimizing J,(n) ensures the minimum distance between w{n + 1) and w,, at
each iteration. Substituting (3.46) into (3.48) and setting 8.J,.(n)/0u(n} = 0, we

obtain the expression for variable step size as

VJE; (?1)[W(?'1) N wopt,]
badap(T2) = : 3.49
1t dag (71) HVJTCS ('ﬂ,)”? ( )
where {|.|| is the I3 norm. In (3.49), w,, is unknown. However, it can be casily
shown that
VIL () wop = W (n) Y + Y )wop = 0.

Thercfore, the optimal step size from (3.49) becomes

IV res(n))? (3.50)

f-Ladap(n)

It is desired that the step size is Jarger in the initial iterations to allow faster con-
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vergence but gradually decreased to reduce the final misalignment error. There-
fore we adopt a constraiut on the step size such that if estimated ;Ladap(n) is
greater than piagep(n — 1), then ftoep(n) = tagap(n — 1).

Tn Fig. 3.11, it is observed that iterative algorithm reaches very close to
the floor set by MSSNR. algorithm. It is interesting to note that random TEQ
initialization performs faster than that with impulse initialization for TEQ. It is
because optimum TEQ impulse response is never an impulse, otherwise equalizer
cutput would not change from input. So, random initialization helps to reach
optimum level quickly. Tt is alsd noticeable that adaptive p achieves superior
performance when compared to fixed p, as expected. Fixed p is taken equal to
the level to which adaptive p settles. During first hundreds of iterations, adaptive

Ju takes larger values which results in faster convergence.

3.5.4 Simulation results

We now proceed to analyze how the design works. The channels used are eight
standard downstream carrier service area (CSA} loops. Data for the channel and
noise was obtained from the Matlab DMTTEQ Toolbox [24]. This work adds a
fifth-order Chebyshev highpass filter with similar characteristics as used before
to each CSA loop to take into account the effect of the splitter at the transmitter.
The DC channel, channels 1-3, and the Nyquist channel are not used.

In Fig. 3.12, we see that iterative algorithm shortens the channel satisfacto-
rily. Iterative algorithm using adaptive p alinost coincides with original MSSNR
design, showing the merit of the proposed approach. It is reported in [18] that
finite length MSSNR TEQs are approximately symmetric. As the TEQ length
increases, symmetry becomes more prominent and  zeros get ¢lose to unit circle
and kills those subcarriers. In Figs. 3.13, 3.14, 3.15, it is obvious that MSSNR,
design have some deep fade in useful signal band, whereas iterative technique
avoids null in those region and allows to utilize more subcarriers.

Table 3.5 shows SSNR performance of direct and iterative MSSNR techniques.
[terative MSSNR with adaptive g most often come close to direct MSSNR per-
formance. This slight reduction seems profitable when we observe the results
in Table 3.6. For all 8 channels, iterative techniques achieve higher bit rate

than MSSNR. method. As bit rate is the standard performance metric for ADSL
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Fig. 3.12: Shortened channel by iterative MSSNR. algorithm for CSA loop no. 8
(for random initialization). Shortened channel using adaptive g almost coincides
with direct M5SNR solution.

Table 3.5: Shortening SNR comparison for direct and iterative MSSNR methods.
All valuees in dB.

Channel no. | MSSNR [4] | fixed p | adaptive p
1 49.75 37.42 46.02
41.97 38.93 40.00
57.49 49.11 | 4850
50.86 37.93 41.25
36.17 35.33 36.03
58.23 48.64 47.12
55.26 37.05 40.08
48.53 37.47 41.79

OO ~I| S| | x| ol b

systems, this method has high practical significance with low computational com-

plexity.
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Fig. 3.13: Bit allocation in different subcarriers by iterative algorithm. It is clear
that iterative algorithm allows more subcarriers to carry bits (for CSA loop no.
8).
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Fig. 3.14: Frequency response of the shortened channel. It is clear that iterative
algorithm avoids severe nulls in the useful signal band (for CSA loop no. 7).
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Fig. 3.15: Bit allocation in different subcarriers by iterative algorithm. This
figure supports Fig. 3.14 that how more subcarriers can be utilized by iterative
method unlike direct MSSNR approach (for CSA loop no. 7).

Table 3.6: Bit rate comparison for direct and ilerative MSSNR methods. All
values in Mbps.

Channel no. | MSSNR [4] | fixed y | adaptive p
1 1.9564 2.4150 2.4353
2.3663 2.3135 26179
1.8589 2.3054 2.4637
2.0497 2.6058 2.7356
- 1.6195 2.2364 2.3460
1.9929 2.6585 2.9061
1.5708 3.1294 3.4500
24718 2.7032 2.8209
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3.6 Conclusion

In this chapter, three adaptive and non-adaptive non-blind TEQ design algo-,
rithms are presented. First, MDS method has been modified by incorporating
true time reference and noise in the channel, and TEQ is updated by an itera-
tive algorithm. The algorithm converges quickly and obtains satisfactory delay
spread and noise performance. Then, an improved eigenfilter method is presented
which improved EIGFILT method to account for spectral nulls and obtains bit
rate improvement. A heuristic choice of delay is also proposed which signifi-
cantly minimizes computational burden to run the design over all delays. Finally,
MSSNR, method is modified and an iterative algorithm is presented to remove

the shortcomings of MSSNR method.
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Chapter 4

The MIMO channel shortening
algorithm

4.1 Introduct_ion

In this chapter, channel shortening for cyclic-prefixed block transmission system
over multiple input multiple output (MIMQ) channels is considered. Since the
channel encountered in traditional DMT system is a SISO channel, most, if not all,
design methods for TEQs have been only for SISO channels. For DMT/OFDM
modulation, several methods were proposed for the design of TEQs. In (3], Al-
Dhahir and Cioffi proposed minimum mean squared error (MMSE) optimal de-
cision feedback equalizer (DFE) training algorithm. Melsa, Younce, and Rohrs
proposed MSSNR method which directly minimizes the part of the SIR that
causes ISI [4]. This is a more effective method to reduce ISI than the methods
based on the MSE. In a MIMO system multiple channels need to be shortened
simultaneously. Joint channel shortening can be combined with multiuser de-
tection and precoding to mitigate crosstalk. MIMO channel shortening using a
generalized MIMO-MMSE-DFE structure has been studied by Al-Dhahir [30].
Youming in [31] proposed a MIMO channel shortening algorithms which operate
in multiple stages to jointly shorten the channels.

In this work, we directly extend the original MSSNR, algorithm into the MIMO
case. Based on this structure, we successfully develop MSSNR channel shortening
method to jointly shorten MIMO ISI channels. The MIMO TEQ is formed with
eigenvectors corresponding to some maximum eigenvalues of a particular matrix.
This design is suitable for any arbitrary length TEQ [17] as well. The proposed

scheme is tested for some common figures of merits such as equalization SNR,
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Fig. 4.1: MIMO TEQ model, for L transmit antennas and P receive antennas.
Channel h®" connects the {th transmitter to the pth receiver antenna. yfcj)

denotes kth sample of equalizer cutput at jth rececive antenna.

energy compaction ratio, signal to interference plus noise ratio and obtained good
shortening performances compared to [30]. We also proposed a heuristic bit rate
formula for MIMO channel shortening systems and compared bit rates with [30],

[31] and achieved encouraging results.

4.2 System model

Consider a MIMO communication system with L transmit and P receive anten-

nas. The baseband system model can be written as

L p-1
o =2 hial e (4.1)
i=1 =0
where 7‘£j) is the received signal at the 7th antenna for time k, R is the mth

channel tap for the channel between ith transmit antenna and jth receive antenna,
uff ) is the noise (modeled as white noise) affecting the received signal of the jth

receive antenna at time &, and p is the maximum length of all the I x P channels.




See Fig. 4.1 for illustration. Let at time k,

2 P
0 ey

Iy Tr 3T,y
X = [mhag e,
u, = [uil), u}f), ey uip)] (4.2)

where rg, %, and u, are received signal vector, transmitted signal vector and

noise vector respectively. Then in vector form, (4.1) can be written as

1
Iy = Z H, x¢_» +ug (4.3}

m=0
where H,, is the MIMO channel matrix coefficient of size P x L. By stacking ¢

samples of the received signal vector, (4.3) can be written as

vy H, H, -+ H,;, 0 - 0
her | _ | 0 Hy - H., H,, '
T_gi1 0 - - Hy, Hy.. --- Hy,
X 1y
X Upg—
% k~1 n k-1 (44)
Xp—p—g+l Ui g+1

In compact form, (4.4) can be written as
r=Hx+u (4.5)

where H is a block Toeplitz matrix of size Pgx L(p+q¢—1), r and u are Pgx1

vectors, and x is a L{p+ ¢ — 1) x 1 vector.

4.3 Proposed MIMO MSSNR channel shorten-

ing
4.3.1 Problem formulation

Given the MIMO channel matrix H having p matrix taps, the objective is to
design a MIMO TEQ, W = [W, Wq,..., W_,]¥ of ¢ mairix taps, each of size

P x L, to equalize H to maximize the energy in a window of d = v+1 matrix taps
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of the effective channel matrix, C.;; = H'W (of size L{p + ¢ — 1) x L) keeping
the energy in the remainder of the effective channel fixed.

Let us define two window matrices, each of size L{p + ¢ — 1) x L(p + g —1): ,

Oar O 0 .
Ga = | 0 Iy 0 (4.6)
0 0 Optg—d-a-1L
Ga = Iipr-1—Ga (4.7)

where A is the transmission delay parameter which lies within tﬁe range 0 <
A <p4+g—d—1, Iy denotes the identity matrix of size N x N and 0y denotes
M x M zero matrix. Then the desired and residual portion of the channel matrix
H can be defined, respectively, as
Hp. = HGA (4.8)
H,., = HGa (4.9)

Desired and residual portion of effective channel matrix can be given as

Cups = HL W=W'BW (4.10)
Cres = HI, W=WTAW (4.11)

Desired signal power at equalizer output is 02 trace(C% _Cges) or equivalently
o2 trace{ WWBW) and residue signal power at equalizer output is similarly given
by o2 tracel WP AW), where o2 is the input symbol power, B = Hg, I, and
A=H, HT

Now, MSSNR problem in MIMO case can be formulated as

W, = arg max trace( W BW) st. WIAW =1, (4.12)
or equivalently {See appendix A for clarification.)
Wope = arg max tmcé(WTCW) st. WIAW =1, (4.13)
where
C=A+B=HH" (4.14)

Note that (4.12) and (4.13) will lead to the same TEQ), except that they are
different by a amplitude scale factor [32]. But (4.13) will lead to faster TEQ
computation as matrix C is the same for all delays, whereas matrices A and B
have to be recomputed for each delay. Apart from computational saving, (4.13)

works for any value of g as well [17].



4.3.2 Optimum MIMO TEQ design

ASSﬁﬁling A is positive definite and has full rank of Pg such that (vVA)™! exists,

A can be decomposed using Cholesky decomposition into

A= VANVAY (4.15)
Let us define

Y = (VAW (4.16)
Then using (4.13), we obtain

YTY = WIVAVA)TW = WTAW =1, (4.17)

Hence from (4.13) and (4.16), it. follows that
Y

WICW = YT(VA)IC(VA )'Y = YT2Y (4.18)

wlere
Z = (VA) IC(VA ) (4.19)
If we define eigendecomposition of Z as
Z = UAUT = Udiag(yo, 1, -+ Ypg—1)UT (4.20)

where 49 = 11 > ... > 4ps—1. Then optimal shortening can be considered as
choosing Y to maximize Y7ZY constraining Y7Y = I, . The solution to this
problem occurs for Y,,, = Uleg,e1,...,e,-1] (e; denotes the ith unit vector)
which contains L eigenvectors corresponding to the maximum L eigenvalues of

Z. Finally, it follows that
W = (\/KT)_IYopz (4.21)
Delay parameter A present inside A is optimized to ma,lximize trace(D), where
D = diag(vo, 1, - - - »Y2-1) (4.22)

Table 4.1 summarizes the key vectors and matrices used in the algorithm and

their sizes.



Table 4.1: Summary of key vectors and matrices used in MIMQO channel short-
ening scheme.

Vectors/Matrices Name . Size
r Received Signal Vector Pgx1
x Transmitted Signal Vector | L{p+g—1) x 1
u Receiver Noise Vector Pgx1
H Channel Matrix PgxLp+g—1)
W TEQ matrix Pgx L
Cesy Effective Channet Matrix | L(p+¢g—1)x L
C Defined in Equation {4.14) Pgx Pg
Ces Desired portion of C,yy Lip+g—1)x L
Cires Residual portion of Cesy | L(p+g—1) x L

4.4 Simulation results

This section presents experimnental results of the proposed algorithm. The input
and noise processes are assumed to be uncorrelated. Input signal to noise ratio
02/c? is chosen to be 20 dB. Channels are generated as zero mean uncorrelated
Gaussian random variables. To test our proposed channel shortening method, we
have decided to compare it with MMSE method of [30] for the following figures
of merit:

Energy inside window  trace (WTBW)
Energy outside window  race (WTAW)

Equalization SNR. = (4.23)

Energy inside window of shortened channet

Energy compaction ratio, =
&Y P P Energy of shortened channel

trace (WTBW)

trace (WTCW) (4:24)

Overall Signal to (Interference + Noise) Ratio, SINR

Desired signal power at o/p of equalizer
Residue signal power at o/p of equalizer + Noise power at o/p of equalizer
oltrace (WTBW)

- oZtrace (WTAW) + o2trace (WTW) (4.25)

We propose a heuristic bit rate formula for MIMO channel shortening system as

SIN
n = log2(1+—F~B—) bits/symbol
F, . SINR. ..
= mlog2(1+T) bits/sec (4.26)
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Table 4.2: Achievable bit rate comparison (I' = 9.8 dB, p = 512, ¢ = 13, v = 32,
N =512, L =2 P=2)

Bit rate (Mhps
Method I=1, P=1| 2:2, I)3=2
Proposed 5.58 8.67
MMSE [30] 5.61 8.68
Youming’s MSSNR (31] 4.43 7.53

where, F; is the sampling frequency chosen to be 2.208 MHz, NV is the IFF'T size.
N +v constitutes the total length of the DMT symbollincluding CP. T is the SNR
gap required to achieve a target bit error rate. SINR is computed using (4.25).

In Fig. 4.2, performances of MSSNR and MMSE schermnes are compared for
equalization SNR as function of delay. It is clear from Fig. 4.2 that MSSNR
can achieve higher SNR at the optimum delay than that of MMSE method. In
Fig. 4.3, two methods are compared for equalization SNR as function of TEQ
length. It shows that MSSNR method achieves good shortening performances for
small number of TEQ taps. In Fig. 4.4, two methods are compared for energy
compaction ratio, p as function of TEQ length. p is a very important metric
as it gives a measure of how much of the effective channel energy is contained
within the desired window of interest. Clearly, 0 < p < 1 and for efficient channel
shortening, a larger p is required. Again, we can see MSSNR. method gives better
result for small number of TEQ taps. In Fig. 4.5, two methods are compared
for SINR as function of TEQ length. It is expected that MSSNR will face some
performance loss as its output noise power is not considered in the cost function
(4.13). Still for some TEQ lengths, SINRs are comparable. Still for some TEQ
lengths, SINRs are comparable. For Figs. 4.3 and 4.5, the parameters chosen are
p=2>512,v=15 L=2and P =2,

In Iigs. 4.6 and 4.7, joint channel shortening for a 2 x 2 system is shown
with the derived algorithm and MMSE method respectively. Finally, in Table
4.2 the proposed scheme is compared with [30], {31] for achievable bit rate using
(4.26) and obtained performances comparable to that of MMSE method but with
less computational complexity. When compared to [31], the proposed method

achieves higher bit rates.
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Fig. 4.2: Variation of the equalization SNR of the MIMO TEQ vs delay over 100
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4.5 Conclusion

In this chapter, MIMO channel shortening by maximizing composite shortening
SNR is discussed. The extension to the MIMO case is motivated by the simplicity
and good channel shortening performance of the MSSNR method for single chan-
nel. MIMO MSSNR method achieves best channel shortening performance than
other MIMO TEQ design wmethods. Even MIMO MSSNR algorithm gives SINR
and bit rates comparable to MMSE method but at much less computational comn-
plexity. The design is adaptable to arbitrary length TEQ as well. Experimental

results demonstrate superior performance of the algorithm.



Chapter 5

Conclusion

5.1 Summary

Research and development is continuing to improve the performance of DMT
© systems for current and future applications and standards. Improvement in TEQ
design methods has a potential to increase the achievable bit rates in DMT sys-
tems. Combining a TEQ with a guard period (cyclic prefix) is used to prevent
inter-symbo! interference in DMT transceivers. The TEQ shortens the channel
to the length of the guard period so that two adjacent symbols do not interfere
with each other.

Many different TEQ design methods have been proposed. Among them, those
based on the Minimum Mean Squared Error (MMSE).are the most commonly
used in commercial ADSL modems [3]. MMSE design methods are relatively
easier to implement with adaptive algorithms and are efficient in the sense of
computational complexity. However, MMSE design methods and other reported
eigenfilter based methods are not optimal in the sense of maximizing channel
capacity as they exhibit spectral nulls in the frequency response, thus hinder
some potential subcarriers to carry bits. Hence, the main motivation of this
work was to design low complexity TTEQ design methods which, along with good
channel shortening, do not exhibit spectral attenuation and henée improve bit rate
performance. To develop a holistic view of different performance implications, a
concise literature survey of some eigenfilter based TEQ design methods were
presented along with their shortcomings. This engenders readers to comprehend
the claim on performance improvement by different proposed methods in the

following chapters.
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In Chaptex‘ 3, first, a generalization of minimum delay spread design method
[5] has been proposed which takes into account the noise observed in DMT sys-
tems. An itérative TEQ design method was presented which jointly minimize
delay spread of the channel and filtered noise at the output of the equalizer.. To
attain overall cost function minimization, a trade-off parameter & was used which
ensured appropriate weight on delay spread minimization and filtered noise sup-
pression iteratively. Experimental results show that the method minimized delay
spread and noise in optimal sense when compared to other reported technigues.
Though delay spread observed is slightly less than that of [6], but [6] does not
consider channel noise. Hence, in practical sense, this slight trade-off can be
considered profitable with improved SNR. and bit rate performance,

Then, to address the issue of spectral nulls in eigenfilter designs, an improved
eigenfiler method for TEQ design has been presented. A new objective function
was proposed which explicitly attempted to remove the spectral nulls in the fre-
quency response of the shortened channel. Apart frormn minimizing residual power
of SIR and filtered noise power, delay spread minimization of the desired portion
of SIR with respect to a suitable time reference were incorporated to ensure that
frequency response flattens to remove spectral nulls and hence allows to trans-
mit more data over the useful signal spectrum. Delay dependent matrices in
the proposed method could be updated for each transmission delay A following
the guidelines of [26] which further reduces computational burden. A heuristic
choice of optimuim transmission delay was proposed which not only allows solving
generalized BV problem only once for TEQ design but also yields profitable bit
rate performance. Both the proposed methods with and without heuristic choice
of delay perform satisfactorily in terms of bit rate which are evident from the
stinulation resulis.

Finally, an iterative MSSNR method has been proposed to improve the per--
formance of the direct MSSNR method with reduced delay sensitivity. A step size
adaptive algorithm has been derived for faster convergence which can be incor-
porated to any eigenfilter based channel shortening method. TEQs designed by
iterative method tend to introduce less nulls in the shortened channel frequency
response. Thus, the proposed method entails significant bit rate improvement

along with other computational benefits.
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In C]l&l;pter 4, a MIMO TEQ design algorithm has been derived for cyclic-
prefixed block transmission systems. In literature, most of the TEQ design
methods proposed are for SISO channel. MIMO TEQ design has recently re-
ceived considerable attention. The proposed algorithm has been developed based
on maximizing energy within a window of the shortened channel. This method
basically extends popular low complexity MSSNR method for SISO channel to
MIMO case. Simulation results provided a comparative study of the method with
respect to equalization SNR, energy compaction ratio, signal to interference ratio

and bit rate was presented with respect to MMSE based method.

5.2 Suggestions for future work

Although a large number of publications has appeared on the topic of time do-
main equalizer design there is still room for innovation. This dissertation presents
several optimal time domain equalizers by taking into account avoidance of spec-
tral nulls, minimization of delay spread and suppression of filtered noise power
which performed well for tested ADSL CSA loops no. 1-8.

Most of the TEQ design methods depends on exhaustive search for finding
optimum transmission delay. In this regard, a heuristic choice of optimnm trans-
nission delay is presented which , though performed well, suffers slight perfor-
mance loss in bit rate. But, how to find optimum delay on concrete mathematical
or analytical basis is still an open problem. Derivation of optimum transmission
delay may vary for different TEQ design methods.

The development of the proposed methods assumes that channel state infor-
mation and noise statistics are present in the receiver. However, in dynamic rapid
dispersive channels/environments, this assumption is far from ideal. Hence, blind
adaptive channel shortening is of particular interest in this field. Recently, few

methods [32], [33], [34] has emerged in the literature that dealt with dynamic

_channel. As emerging wireline and wireless communication technologies tend to

utilize multiuser diversity, multiuser channel shortening [35] is also of utmost
importance to attain satisfactory QoS gain.

This dissertation did not include noise sources such as far-end crosstalk (FEXT)
or near-cnd echo to the model of the subchannel SNR. Near-end echo from the

local transmitter is a powerful source of noise and it would be worthwhile to
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include it in future SNR models.

From the surveyed literature, it is seen that the methods applicable to a single-
input single-output TEQ design methods can be adapted to a MIMO system
approach. .Single-input single-output MMSE method has an equivalent in the
multiple-input multiple-output approach. In Chapter 4, popular MSSNR method
has been extended to MIMO case,and it is possible that other methods such as
MDS, Min-ISI can be adapted as well.

While recent designs have focused on maximizing the bit rate for a given bit
error rate in the context of wireline multicarrier systems (such as DSL), wireless
multicarrier systens usually have a fixed bit loading , and the receiver perfor-
mance is measured in terms od bit error rate (BER) for a fixed bit rate. Only
one attempt has been reported so far [36] to design TEQ in the context of wire-
less OFDM systems to improve BER performance. Hence, low complexity TEQ
design to improve BER is of significant interest off late.

The simulation results presented in this dissertation treat the performance of
the time domain equalization methods in the downstream direction. Upstream
section is not simulated; however, it may be of interest to find if the perfor-
mance of the time domain equalization changes if duplex communication system

is incorporated in the simulation set up.
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Appendix A

Analysis of important equations

A.1 Proof of equivalence of equatioh 4.12 and
4.13

Two, cost functions will lead to the same TEQ, except they might be different by
a scale factor. However, note that the matrix C is sdme for all delays, where as
the matrix B has to be recomputed for each delay. Thus, if we want to run the
design over useful range of delays, it is faster not to compute the matrix B. To
see the equivalence, we write the MSSNR design as (for convenience, formulation
is shown for SISO systems, which can be casily extended to MIMO systeins by

incorporating trace function as used in 4.12 and 4.13)

- wlAw
‘Vﬂpt = El.i'gl'l&ll m
wTiBw
= AIgUAX —o (A1)
As C = A + B, then
wi(C— A)w
Wopt = aI'g]ll‘iLX-—-‘v—TA—;r—
o ] wiCw wlAw
= MR WTAW  WiAW)
_ . wTCw ]
= argmax T Aw
wlCw
= ar _— A2
o gm»e * wlAw (A.2)
T
wrAwW
= argmiy A3
rgmin (A.3)

Hence, computing C outside the loop over delays entails significant computational

savings. That way, computing A only, allows fewer additions/subtractions. The
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resulting design may change by an amplitude scale factor from one line to the

next, but that does not affect the ratios of (w”Bw/wTAw) or (w/Cw/w' Aw).
A.2 Decomposition of generalized EV problem
of equation 3.39

Y is a positive-definite centrosymmetric matrix and can be decomposed by Cholesky

decomposition into

Y = QAQ" = (QVA)(VAQT)
= (QVAQVA =VYVY' (A.4)

where A is a diagonal matrix formed from the eigenvalues of Y, and the columns

of Q are the orthonormal eigenvectors. Define
7 = (VY)IX(VY ) (A.5)

Using a similar development as in [4], the optimal equalizer cocfficients for a

particular A can be given as
STy -1
Wa = ( Y ) I'min (AG)

where 1,,,;, is the unit length eigenvector corresponding to the minimum eigenvalue

)\min Of Z.
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Appendik B

Configuration of 8 CSA loop TP
channels |

In this section, we characterize the TP channels in terms of poles and zeros.
Shanks method (37}, [38] is used to obtain the poles and zeros of the channels. The
channel configurations used for the testing of the ADSL system are investigated.

The poles and the zeros of the eight CSA loops which are the closest and
the second closest to the unit circle are listed in Table B.1. Pole # 1 (# 2) and
Zero # 1 (# 2) arc the closest (second closest) poles and zeros, respectively. The
number in the parenthesis beside the complex numbers denotes the corresponding
magnitude. Table B.1 shows that every CSA loop contains a pole which is close
to the unit circle, resulting in a long channel impulse response. Based on the
locations of poles and zeros in Table 1.1, it can be concluded that the CSA
loops contain a unique dominant pole which is responsible for the long impulse
responses, but rarely contain a zero close to the unit circle.

In Fig. B.1, configuration of 8 standard CSA loops are shown with bridge
taps at various length. The symbol z/26 means the length of z feet of the

bridged tap whose size is 26 American Wire Gauge (AWG). Bridged taps refer

Table B.1: Dominant poles and zeros of 8§ CSA loops

Channel index [ Pole # 1 I Pole # 2 (inag) I Zero 7 1 (mag) I Zero # 2 {(mag)
1 963 .50645.402 {.719) =971 .693:j.550(.885)
p) 664 540%}.570 (.785) | 7621510 (.014) 835
3 068 695 861 .859
1 064 763 T814E].495 (.891) 865
5 967 -.648+j.479 (.806) .838+j.283 (.884) 875
6 660 KT T1.150+) 117 (858) | -1L.115%,.347 (.857)
7 968 .676£].363{.768) LT9143.459(.915) 904
8 B74 723 -1,1524j.094(1.156) .904
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600/26

5900/26
Loop | :
) 700/26 . 650/26
3000726 700/24 | 35024 3000126 J
loop2 + }
50/29 50/24 50/24 100/24 50/26
2200/2(1’ 700/26 | 1500/26 ' 500726 600/26 { 3050726
Loop 3
400/26 B0O/26
550726 6250/26 ' 80026
Loop 4
1200/26
S80M26 |
Loop 5 ) 15(11'24I 1200726 i 30024 | 300/26
2000/26
Loop 6
800/24
10700/24
Loop 7
12000424
Loop 8

Fig. B.1: Configuration of eight standard CSA loops. Numbers represent
length/thickness in feet per gauge. Vertical lines represent bridge taps.

to an unterminated connection of another local loop to a primary local loop,
forming a transmission line stub with adverse effects on the line impedance and
transfer function. Many loops contain bridged taps, whether in the local loop or
customer premises wiring. A length change of the bridged taps alters spectral
null locations of the channel frequency response, but still results in moderate
depths of the spectral nulls. We can see that the zeros of the channels remain
away from the unit circle via pole zero modeling of the channels. Therefore, it
can be said that the bridged taps in the CSA loops do not bring zeros close to

the unit circle [38].
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Appendix C
List of publications

Partial research results of this thesis work are presented in the following papers:

1. Toufiqul Islam and Md. Kamrul Hasan, “On MIMO channel shorten-
ing for cyclic-prefixed systems,” accepted for presentation in IEEE Inter-
national Conference on Wireless Communications, Networking and Mobile

Computing (WiCOM), China. October 2008.
2. Toufiqul Islam, Md. Shafi Al Bashar, Satya Prasad Majumder and Md.
Kamrul Hasan, “Improved eigenfilter design method for channel shortening

equalizers for DMT systems,” submitted to JEEE Signal Processing Letters.

3. Toufiqul Islam, Satya Prasad Majumder and Md. Kamrul Hasan, “Noise

\““\ optimized minimum delay spread equalizer design for DMT transceivers,”
"\accepted for presentation in International Conference on FElectrical and
@puter Engineering (ICECE), Dhaka. December 2008.

4. Md. Ariful Haque, Toufiqul Islam and Md. Kamrul Hasan, “Speech dere-
verberation in the noisy condition using delay-and-sum beamforming and
channel shortening approach,” submitted to IEEE International Confer-
ence on Acoustics, Speech, and Signal Processing (ICASSP), Taiwan. April
2009.
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