INFORMATION TO USERS

This manuscript has been reproduced from the microfim master. UMI films
the text directly from the original or copy submitted. Thus, some thesis and
dissertation copies are in typewriter face, while others may be from any type of

computer printer.

The quality of this reproduction is dependent upon the quality of the
copy submitted. Broken or indistinct print, colored or poor quality illustrations
and photographs, print bleedthrough, substandard margins, and improper
alignment can adversely affect reproduction.

In the unlikely event that the author did not send UMI a complete manuscript
and there are missing pages, these will be noted. Also, if unauthorized
copyright material had to be removed, a note will indicate the deletion.

Oversize materials (e.g., maps, drawings, charts) are reproduced by
sectioning the original, beginning at the upper left-hand comer and continuing
from left to right in equal sections with small overiaps.

ProQuest Information and Leaming
300 North Zeeb Road, Ann Arbor, Ml 48106-1346 USA
800-521-0600

@

UMI






Université d’Ottawa - University of Ottawa






Time Domain Equalizer Design Based on
Multi-rate Technique

By

Yong Yu

A thesis submitted to
The School of Graduate Studies and Research
University of Ottawa
In partial fulfillment of the requirements
For the degree of

Master of Science
In System Science

System Science Program
Faculty of Administration
University of Ottawa
Ottawa, Ontario, Canada

April 2002
© 2002, Yong Yu



of Canada du
. .lﬂds . mm Ii.' -
&GJ Klm oai‘-':on K1A ON4
Canace Canade Yow s Vete atiivonse
Ouwr Sis Nowe sébisance

The author has granted a non- L’auteur a accordé une licence non
exclusive licence allowing the exclusive permettant a la
National Library of Canada to Bibliothéque nationale du Canada de

reproduce, loan, distribute or sell reproduire, préter, distribuer ou

copies of this thesis in microform, vendre des copies de cette thése sous

paper or electronic formats. la forme de microfiche/film, de
reproduction sur papier ou sur format
électronique.

The author retains ownership of the L’auteur conserve la propriété du

copyright in this thesis. Neither the droit d’auteur qui protége cette thése.

thesis nor substantial extracts from it  Ni la thése ni des extraits substantiels

may be printed or otherwise - de celle-ci ne doivent étre imprimés
reproduced without the author’s ou autrement reproduits sans son
permission. autorisation.

0-612-76652-7



Abstract

Discrete Multitone is adopted in Digital Subscriber Line to offer high-speed data
communication on the UTP channel. To combat the channel distortion, DMT system
employed Time Domain Equalizer and Cyclic Prefix. In this thesis, we analyze different
existing time domain equalizer design methods and their performances are compared
based on our simulation results. Modification of the current method is proposed and
significant performance improvement is obtained. Multi-rate equalization is studied
theoretically, which enables us to achieve zero ISI channels that can be used not only in
DMT system but also in all other communication systems. Our simulation results show

that the new design method is superior and practical.
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mChapter 1

Introduction

1.1 Preliminaries

The demand for residential broadband services required to provide high-speed,
interactive and two-way connections has been growing explosively. Digital subscriber
line (DSL) technologies use the existing unshielded twisted paired lines (UTP) to reach
most of the customers to provide cost-effective, dedicated and uninterrupted high data

rate connections that are secure and are always on.
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Figure 1.1 Frequency Response of a Typical UTP Channel
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Unfortunately, the UTP channel is not designed for high-speed data communication but
rather for low frequency analog voice transmission. Its gain and phase vary greatly with
the change of the frequency, which lead to severe signal attenuation and distortion. The
frequency response of a typical UTP channel is given in Figure 1.1. Besides the channel
attenuation and distortion, different kinds of noises also impair the signal on UTP channel
especially crosstalk noise. Crosstalk noise refers simply to the disturbance on one twisted

pair due to signals on other twisted pairs in the same UTP bundle.

To transmit high-speed data on a UTP channel, either single carrier modulation technique
or multi-carrier modulation technique can be used. Multi-carrier modulation technique
has been demonstrated to be optimal if the number of the sub-channel is large [5]. In a
DSL system, Discrete Multitone (DMT) was adopted as the standard multi carrier

modulation technique.

Discrete Multitone divides the total usable bandwidth into a large number of sub channels
and if each sub channel is narrow enough, the frequency response of the sub channel can
be regarded as ideal. On each sub-channel, M-QAM is used as the modulation method
and M depends on the signal to noise ratio (SNR) of the sub channel, which can be
estimated at system startup.

In practice, the bandwidth of each sub channel cannot be zero. This means that the
channel gain and phase still vary within each sub channel. Figure 1.2 shows the channel

gain of one sub channel.



spryrulviy ssuedsayy

P
L 4

Frequency

Figure 1.2 Magnitude Response of One Sub-channel

Such variation in each sub-channel is small but still causes different kinds of signal
interferences such as intersymbol interference (ISI), interchannel interference (ICI) and

intersymbol interchannel interference (ISCI) which are illustrated in Figure 1.3.
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Figure 1.3 Different Kinds of Interference

To deal with such interference, DSL system uses a Cyclic Prefix (CP), which is inserted
at the beginning of each transmission segment by copying the last N bits of the segment
and putting them in front of the segment. If the length of the CP is greater than the length
of the channel impulse response, no interference occurs. However the length of the CP
cannot be too long because redundant bits are introduced causing lower system
throughput. The problem we face is how to avoid the interference without significant

decrease in the system throughput. This can be solved by using a Time Domain Equalizer



.zTEQ) to shorten the channel impulse response so that a shorter CP can be used. The
work in this thesis focuses on the design of such TEQ.

1.2 Thesis Objectives

In this thesis, two current TEQ design methods, Minimum Mean Square Error Method
(MMSE) and Maximum Shorten SNR Method (MSSNR), are discussed and evaluated

using Mat Lab simulation.

A modified TEQ design method based on MMSE method is proposed and its
performance is compared with the current design methods.

Although the TEQ designed using the above methods could shorten the channel impulse
response effectively, there is still some residual interference. A new design method,
Multirate Zero ISI design method, which is based on the work of Ungerboeck on the
design of optimum, multirate FIR filters for data transmission over ideal band-limited
channels is proposed [42]. With multirate zero ISI design method, a zero ISI or near zero
ISI channel can be achieved. This design method could be used not only as TEQ design
method in DSL system but also be used in all other data transmission systems. Its

feasibility and potential performance are examined through computer simulation.

1.3 Thesis Organization

In chapter 2, we introduce the UTP Channel and the principle of Discrete Multitone
Modulation. Some key features of the DMT system and the effects of channel distortion
are also introduced in this chapter. Current TEQ design methods are discussed in chapter
3. A modified design method and a new Multirate TEQ design method are presented in
chapter 4. In chapter 5, the simulation results are given and different methods are

compared. Conclusions and future enhancements are given in chapter 6.



1.4 Contributions

e Different TEQ design methods are simulated and comparisons are conducted

based on the simulation results.

e The key features in the TEQ design and the criterions that the TEQ design should

comply with are given.
e A modified MMSE design method is given and evaluated.

e A zero ISI filter design method is proposed and simulation is done to evaluate its

performance.

e The proposed zero ISI filter design method is used to design TEQ and is
compared to the other TEQ design methods.



wChapter 2

Background

On UTP channel, the channel gain and phase vary greatly with the change of frequency,
which impair the signal carried by the channel. Multi carrier modulation has been
demonstrated to be optimal on such channels if the number of the sub-channel is large
enough [5]. Nevertheless, most early attempts to implement multi carrier modulation
have failed because of the difficulties to find an efficient way to keep the equal distance
between the adjacent carriers. By adopting IFFT/FFT as the modulation and

demodulation method, DMT overcomes this problem successfully.

In this chapter, the UTP channel and the noises on UTP channel are introduced first.
Then the general idea of DMT technique is presented and some key features are

discussed.

2.1 The Unshielded Twisted Pairs (UTP) Channel

Unshielded Twisted Pairs have been widely used in the PSTN for more than one century.
The UTP channel is appropriate for the transmission of the voice band signal occupying a
bandwidth between 300Hz to 3400 Hz.
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Figure 2.1 UTP Line Model

The UTP channel can be modeled as a two port networks, which can be described by
parameters ABCD. These parameters reflect the voltage and current relationship between
the input and the output.

V,=A-V,+B-I, @-1)
I,=C-V,,+D-I,, i

In this thesis, we are interested in the impulse and frequency responses of a UTP channel.
An ideal physical channel has a flat frequency response and a direct delta impulse

response which are shown in Figure 2.2.
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Figure 2.2 Impulse and Frequency Response of an Idea Channel

A real UTP channel has frequency dependent loss, which leads to channel attenuation and
distortion. Figure 2.3 describes the structure of CSALoop4:
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Figure 2.3 CSA Loop4 Structure

The impulse response and the frequency response of CSALoop4 are given in Figure 2.4
and Figure 2.5.
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Figure 2.4 Impulse Response of CSALoop4
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Figure 2.5 Frequency Response of CSALoop4



It can be observed that the frequency response of the UTP channel changes drastically
and attenuates a lot on the high frequency band. Such a channel impairs the transmitted
signal severely. Besides the channel distortion, the noise presented on the UTP channel

also impairs the signal.

2.2 Noise on the UTP channel

Besides the channel attenuation and distortion, different kinds of noise also impair the
signal on the UTP channel. In this section, we will briefly describe some noise sources on

the UTP channel.

2.2.1 Crosstalk Noise

The UTP lines that connect end-users and COs (Central offices) are put into bundles.
Crosstalk noise refers simply to the disturbance on one twisted pair due to signals on the

other twisted pairs in the same bundle.

Modem

DSLAM
(CO)

Modem

Figure 2.6 Crosstalks



'.Erosstalk is generally characterized either as near end Crosstalk (NEXT) or as far end
Crosstalk (FEXT). NEXT appears on a loop at the same end of the cable as an
interference source. In this case, the disturbing signal propagates down the disturbing
twisted pair and couples into the disturbed pair’s transmitter [6]. FEXT appears at the end
of the cable opposite from the source of the interference. In this case, the disturbing
signal propagates down the disturbing pair, couples into the disturbed pair’s receiver.
NEXT is usually the more severe of the two types, particularly at the central office,
where there are many co-located transmitters. However, in ADSL, frequency-division
multiplexing could drastically reduce the effect of NEXT. For this reason, NEXT is not

considered in this thesis.

Far-end Crosstalk can be modeled by Equation 2-2. [13]

N 0.6
PSDrsxr = PSDdimrber ’IH(flz 'Kn:rr (z;) -d 'fz (2-2)

where H(f) is the channel’s differential transfer function, Kgext is the FEXT coupling

constant, N is the number of disturbers, d is the length of the loop in feet and f is the
frequency in Hz.

We assume that both the signal and the disturbers have the same power spectral density,
and then the PSD of the signal can be expressed as Equation 2-3.

PSDgena = PSD gisurper '|H (f]2 (2-3)

Therefore, the ratio of the FEXT power to the received information signal power can be
written as Equation 2-4:

PSDrpyr (N)"" 2
_TUFET K J=| .4- 2-4
PSDgnu 07 \49 s 2-4)

10



This ratio is shown in Figure 2.7 with the KeexT equal 6.36x107" and d equal 2000 feet.
We could observe that the FEXT is about 40 dB less than the signal at the 1 MHz

frequency point.

0 02 04 06 08 1 12 14 16 18 2
MHz

Figure 2.7 Ratio of FEXT Power to Signal Power

2.2.2 Bridge Taps

Existence of bridged taps is also one of the major impairments to high-speed
transmission. A bridged tap is a piece of twisted pair wire that is connected to a loop at
one end and is unterminated at the other end [7]. The bridged taps are usually connected
in the splice cases; most of them are in underground installation. Approximately 80% of
the loops in the United States have bridged taps and the major carriers cannot remove all

the bridged taps because of the financial and labor cost.

Bridged taps have two principle effects on the transmitted signal. First, the bridged taps
attenuate the signal; second, the transmitted signal is partially reflected at the
unterminated end of the bridge tap and arrives at the receiver with a certain time of delay.

Both effects decrease the signal noise ratio at the receiver end. -

11



~.‘In the worst case, the delayed signal presents at the receiver 180° out of phase and partly
cancelled the signal, causing an additional loss of 3 or 6 dB. The impacts of the bridged
taps can be treated as in the echo cancellation, it is not considered in my thesis.

2.2.3 Impulse Noise

Impulse Noise can be generated both inside and outside the system such as the operation
of the relay, the signaling in the adjacent loops. Typically the duration of the impulse
noise is less than 1 ms [15, 16]. For peak voltage of the impulse noise between 5 and 40

mV, its distribution can be described as [20]:

P> v }= (3)2 2-5)

2.3 Discrete Multitone Modulation

2.3.1 Discrete Multitone Modulation

Discrete Multitone (DMT) attracted considerable attentions as a practical and viable
technology for high-speed data transmission over spectrally shaped noisy channel [5].
DMT is a kind of multi carrier modulation that superimposes several carrier-modulated
waveforms to represent an input bit stream [4]. Unlike the conventional frequency
division modulation, the number of transmitted bits on each sub-channel can be different
in multi carrier modulation. The allocation algorithm of incoming bit stream to each sub
channel which is called bit loading is crucial to the performance of DMT and is discussed

later.

12
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Figure 2.8 Sub-channels of G.lite and G.dmt

For G.dmt, DMT is a multi-carrier system with 256 carriers (or sub-channels) spaced
4.3125 kHz apart. G.lite uses less bandwidth than G.dmt, using only 128 channels to get
bandwidth up to 552 kHz. G.lite systems feature the ability to coexist on the same wire
with telephone service, without the installation of a special filter at the entrance to the

home. Figure 2.8 illustrates the sub-channels used by G.lite and G.dmt. The diagram of a

DMT transmitter/receiver is described in the Figure 2.9.

| &
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s»
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Figure 2.9 DMT Transmitter and Receiver

In the diagram, a serial bits stream is first converted into parallel bit stream and is

assigned to different sub-channels based on the SNR of each sub-channel according to

13




“the bit loading algorithm. The number of bits assigned to a particular sub-channel is
represented by b;.

Each of the b; bits is mapped into a complex DMT sub-symbol d,, where d, = a, + b;.
IFFT then performed on the vector {2d,}, the result is a vector S = {Sq, Sy, ..., Sp.1} of N

complex numbers, with

N-1 N-1 )
Sm = Z2d"e-j(2mm/N) = ZZdne-sz"" (2-6)
n=0 n=0

NnA , t, =m-At, m=0l,---,N-1 and At is an arbitrarily chosen
- At

interval. The real part of the vector S has components:

where f, =

N-1
Y, =2> (a, cos2aft, +b,sin2aft,) m=0,1,---,N -1 27

n=0

If these components are applied to a low-pass filter at time interval At, a signal is

obtained that closely approximates the frequency-division multiplexed signal
N-1
¥(t)=2) (a, cos2xf,t + b, sin2ft) 0<t<N-At (2-8)
n=0

Demodulation at the receiver is carried out via a Fast Fourier Transformation (FFT) of a
vector of samples of the received signal. Since only the real part of the Fourier transform
has been transmitted, it is necessary to sample twice as fast as expected, i.e., at intervals

Av2. When there is no channel distortion, the receiver FFT operates on the 2N samples

At & 2mk . 2mk
Y, = y(k —é-) = Zg(a,, cos N +b, smav—) k=01,---2N -1 (2-9)

The FFT yields

14



1 2 2a,, i=0
z, = _N Z -J(Zn'klzN) ={a, -jb;, i= 1,2’...’N...1 (2-]0)
k=0 irrelevant, i>N-1

~

The original data @, and b, are available as the real and imaginary components of z, .

After pass the decoder, we then could recover the bits transmitted.

2.3.2 Water Pouring and Bit Loading

As we mentioned before, unlike the conventional frequency division modulation, the
number of transmitted bits on each sub-channel can be different in multi carrier
modulation. The algorithm that allocates transmitted bits onto each sub channel, called bit
loading, is very crucial to the performance of DMT. In order to devise the bit-loading
algorithm, we first introduce the water pouring method.

Recall that the Shannon limit of an ideal, band-limited, AWGN channel is:

P,
C =W -log,(1+ SNR) = W -log, 1+ No) @2-11)

where C is the capacity in bits/s, W is the bandwidth and P; is the transmitted power. In a
DMT system, with Af (bandwidth of the sub-channel) small enough, we could regard the
sub-channel response |H(f)| as constant and the capacity of the sub-channel can be

represented by [3]:

C. =Af-log2|:l+Af.Zf(f"1)\;I(};)(f]2] (2-12)

where N (f ) is the density of the noise power. The aggregate capacity across the whole
band W is given by

15



c=zi;c,. = Jlog,[ 'l Zv I(}/{y] (2-13)

Under the constraint P(f)>0 and I P(f ) < P,, to find the optimum transmit
[ 4

power spectrum P(f) that maximizes C, we can use the Lagrange multiplier technique

and maximize [6]
log,[n%Ju-P(f) (2-14)

With respect to P(f) where A is a Lagrange multiplier. Continuing by differentiating

gives

HUY /N G) _
PTG (2-15)

Equation 2-15 can be solved as

P(f)=k -N(UWH()Y (2-16)

where K is a constant.

N(/)
WY

Frequencyf

Figure 2.10 The Optimum Power Distribution Based on Water Pouring

16



“The basic interpretation of the previous equation is that the signal power should be high
when the channel SNR is high, and low when the channel SNR is low [10]. This result is
called water-pouring algorithm and is illustrated in Figure 2.10.

Based on the water-pouring algorithm, we could devise the bit-loading algorithm. The
number of the bits allocated to each sub-channel is based on the SNR of the sub-channel,
From Equation 2-17, we could find that the carrier with higher SNR will be allocated

more bits and the carrier with lower SNR will be allocated less bits,

SNR,
(2-17)

b; =log2(l+ T

DMT

where SNR; is the output SNR of the j® sub-channel and I, is called the SNR gap
defined by

= min (2-18)

The number of the total bits transmitted per symbol is

SNR.
b=3b, =Zlogz[l+ ’] (2-19)
i J Comr
The data rate that can be achieved is
b
R=— 2-20
T (2-20)

where T is the duration of a symbol.

2.4 Intersymbol Interference and Interchannel Interference

17



In the previous section, we got the result of Equation 2-10 without considering the
channel distortion. Considering the channel distortion, the result of the equation should
be changed:

1 2N-1

z.

2N-§ N-l
i == D Ve = = Z[ZZ(G,. cos 22k, b, sin—zm'k)]e" (2mkiZN)

oy 2N 2N
(2-21)

If there is no channel distortion, the summation of all the components in the right of the
equation with different k and different i will be zero. If distortion presents, the summation

of all the components with different k and different i will not be zero, which is called

interference.
- 1k S 1 k+1
li Symbol ls\l Sy}x,lbo ; ymbo R
ICI IS1 ISCI H
: ¥
- - S Ik S i k+1
1 Symbol k-1 ymbo ymbo X

Figure 2.11 Interference

There are three kinds of interference: Intersymbol Interference, Interchannel Interference
and Intersymbol Interchannel Interference. The Intersymbol Interference (ISI) is caused
by the symbols in the same channel at different time (different k). This means, the
previous symbols will influence the current symbol in the same channel. The
Interchannel Interference (ICI) is caused by the symbols at the same time in different
channels (different i). This means the current symbol in one channel will be influenced
by the current symbols in the other channels. The Intersymbol Interchannel Interference
(ISCI) is caused by the symbols at the different time in the different channels (different k
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“and i), which means the current symbol in one channel will be influenced by the previous

symbols in other channels.

Presence of ISI, ICI and ISCI dramatically decreases the system performance. In the next
section, we will introduce how to deal with all such kinds of interference in DSL system.

2.5 Guard Time and Cyclic Prefix

Due to the channel distortion, the orthogonality among sub-channels is destroyed and the
interference presented. In order to deal with ISI, we adopt a blank guard time that is equal
or longer than the length of the channel impulse response and is inserted between two
adjacent transmitted symbols. With blank guard time, the ISI is eliminated but the ICI
still exists. This is tackled by employing a cyclic prefix, commonly accepted as a means
to mitigate ISI and preserve the orthogonality of the tones. The cyclic prefix is inserted at
the start of each transmission segment by copying the last N bits of the segment and
putting them in front of the segment as Figure 2.12 shows.

h(n)
>
0 N nT
(a)
Efficient Data >
(b)
Figure 2.12 Cyclic Prefix

If the channel impulse response length is equal or shorter than N+1, the ISI and ICI can

be avoided. The shortcoming of the cyclic prefix is obvious, redundant bits are
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“introduced and the bit rate is decreased. If the original block length is M, after adding the
cyclic prefix, the efficiency of the transceiver is decreased by a factor of M/(N+M). In
order to minimize the influence of the cyclic prefix, it is either desirable to make N as
small as possible or utilize a large M. Increasing M increases the computation
complexity, system delay, and memory requirements of the transceiver. To alleviate these
problems, a time-domain FIR filter (TEQ) is typically placed in the receiver immediately
following the A/D converter. The impulse response of the effective channel, which is the
convolution of the TEQ and the physical channel, can be shortened compared to the
impulse response of the original channel so that a shorter cyclic prefix can be adopted.

b dy Sa
. y(t)
—®] 3P Encoder IFFT D:A
Channel
4} ‘fk
TEQ
¢~ Decoder FFT : AD |e—
Sp

Figure 2.13 Revised System Diagram

In the next chapter, we present some current methods of designing the time domain

equalizer.

2.6 Summary
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“The UTP channel poses serious impairments on the digital signal transmitted. Channel
distortion and all kinds of noises such as FEXT, NEXT and AWGN severely deteriorate
the performance of the high-speed data transmission system. Multi-carrier system is

optimum in such kind of channel.

DMT is a kind of multi-carrier modulation method used in most xDSL systems. It could
achieve high-speed data transmission on the UTP channel. To combat the channel
distortion and channel noise, two elements are adopted, bit-loading algorithm and cyclic
prefix. TEQ could shorten the channel impulse response effectively, which made a short

cyclic prefix realizable.
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wChapter 3

Current TEQ Design Methods

In order to use cyclic prefix to combat ISI and ICI resulted from channel attenuation and
distortion, we first need to shorten the channel response so that the cyclic prefix can be
adopted without decreasing the system throughput significantly. In this chapter, we first

discuss some TEQ design criterions and then present some current design methods.

3.1 TEQ Design Criterions

The following remarks clarify some fundamental criterions in the TEQ design. Based on

these criterions, we could tell whether a TEQ is good or not.

1. The TEQ should maximize the bit rate of the system. In order to maximize the
transmission rate, the frequency response of the TEQ should have less or no
nulls in the usable band since the sub-channels correspond to the nulls in the
transmission band will surfer significant loss in their SNR and so does the

number of bits allocated to them.

2. The delay of the TEQ cannot be extremely long since it will result in long
delay in the system, which may nullify the system.
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3. The TEQ cannot totally eliminate the ISI. How to deal with the ISI residue is a
difficult problem. At present, this problem is not solved yet. Generally, we
would like to put the residue to the band with lower SNR so that the influence
on the overall system performance will be minimized.

4. A new parameter named Shortened Signal Noise ratio (SSNR) is widely used
to evaluate the performance of the TEQ. SSNR is the ratio of the energy
outside the window (Residue) to the energy inside the window. The higher the
SSNR can be achieved, the better the performance of the TEQ.

3.2 Minimum Mean Square Error Method

Chow and Coiffi first employed channel-shortening equalization in multi-channel
communication [49]. They used MMSE method to shorten the impulse response of a
given channel to the length of the cyclic prefix, which is demonstrated in the Figure 3.1.

“ Channel y,. Equalizer - %
h w
+
[

Figure 3.1 MMSE TEQ Design Structure

We set up the target impulse response (TIR) first. The goal of the MMSE method is to
minimize the mean square error between the output of the TIR and the output of the
equalizer. The effective channel impulse response ¢, which is the convolution of the

physical channel response and the equalizer, would then be equal to a delayed version of
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"TIR. Thus changing the number of the taps of the TIR will force the effective channel
impulse response to have the same length.

Assume that the length of the channel impulse response is L, we consider the output of
the channel with block size N:

Yeowa| B == B 0 o O Xy | [ Apene
L | L LY I,
Vi 0 --- 0 h, -~ h A n,
In a more compact form:
Yy = Hx, +n, (3-2)

The objective of MMSE is to minimize the mean square error (MSE) between outputs of
the Equalizer and the TIR where MSE is expressed as

MSE = Ele,[')= Ele, -¢;) (3-3)

where
e, =t -x,-w' -y, (3-9)

so that

MSE = E(7 - x, ~w" -y, (" -x - w5, ) )

=tT.R_-t—tT-R_-w—w'-R_-b+w' -R_-w -3)
= xx xy yx xx

where R, = E(x, -x7), R, =E(x,-y7), R, =E(y, -x7) and R = E(y, - y"). Since

the optimal error sequence is uncorrelated with the observed data, we have

Ele, -y, )=0 (3-6)
which means
t"-R, =w R G-7
With this equation, we could get
MSE=t"-[R.-R,-R,-R ] t=t"-R, -t (3-8)

We define
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where v +1 is the length of the TIR. Define
R,=S"-R,-S (3-10)
the MSE can be written as
MSE =t" -R, -t (3-11)
Two constraints can be used here, one is unit-tap constraint (UTC) and the other is unit-

energy constraint (UEC). Under the UTC constraint, Al-Dhahir and Cioffi define e, as

the i* unit vector and form the Lagrangian
I, A)=t"-R,-t+A-(7-¢,-1) (-12)

Taking the gradient with respect to ¢ and setting it to be zero
oL’™

Py =2-R,-t+A-¢,=0 (3-13)
which has the solution
R -e
t=-—A (3-19)
RAl("')

where i € [0,v] and R;'(i,i) is thei* element in the diagonal of the matrix R;'. From the

solution of ¢, we get the MSE:

1
MSE = —— 3-15
IN®) G-1)
The value of i that minimizes the MSE could be found by
i, = argmax{R;' (i, i)} (3-16)

0sisv
and the optimal ¢ is given by
RA-l * e"”‘
e = =i G-17)
» RA"xm,x,,, ;
and w,, can be obtained by using ¢ =1, .

If the constraint of UEC is used, then the Lagrangian would become
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L(t,2)=1" -R, -1+ 4-(" -1 -1) (3-18)

After setting the gradient of the above equation with respect to t to zero, we could get
R, t=A4-t (3-19)

From the above equation, we could find that t is an eigenvector of R, . Since
MSE=t"-R,-t=t"-2-t=2 (3-20)
We should choose the eigenvector corresponding to the minimum eigenvalue of R, to

minimize the MSE.

The MMSE design method maximizes the SNR at the TEQ output [53]. The equalizer
frequency response therefore tends to be a narrow band pass filter. The MMSE method
does not have a mechanism to shape the residual ISI in frequency and there are deep

notches in the frequency response of the designed TEQ.
3.3 Maximum Shorten SNR Method

Noticing that the TEQ design problem is actually a channel response shortening problem
rather than an equalization problem, Melsa, Younce and Rohrs proposed a different
solution: Maximum Shorten SNR method (MSSNR) [11]. Unlike MMSE method that
maximizes the SNR of the TEQ output, the goal of MSSNR method is to find a TEQ that
minimizes the energy of outside the target window while keeping the energy inside

constant.

Let & to be the physical channel response with length L and w to be the TEQ with length
M, so that the effective channel impulse response ¢ =h*w has a length of L+M+1. In
order to shorten the channel impulse response, we would like to force as much as possible
the channel response energy to lie in the v +1 consecutive samples, where v is the length
of the cyclic prefix, and thus minimize the ISI. Let c,, represent a window of v+1

consecutive samples of ¢ starting from the d™ sample and let ¢, represent the remaining

L+M-v -2 samples. With these definitions,
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c(d) h(d) hd-1) --- h(d-M+1) w(0)

c(d +1) h(d +1) h(d) - hd-M+2) w(l) H
wa =1 | : : - : : : =y W
cd+v)| |hd+Vv) hd+v-1) - h(d+v-M+1)| | w(M -1)
(3-21)
and,
[ «0) 1 [ o) 0 0 ]
: : : : w(0)
o(d-1) hd-1) hd-2) --- h(d - M) w(l)
Cova = = ) . =H W
od+v+1) hd+v+1l) hd+v) --- h(d+v-M+2) :
: : : : wM -1)
cL+M-2) | O 0 h(M -1)
(3-22)
The energy inside the window and outside the window can be represented as:
el co.=w -HI -H,_ -w=w -B-w (3-23)
ey con =W -Hl ,-H , - w=w-A-w (3-24)

Our objective is to keep the energy inside the window to be constant and at the same time
minimize the energy outside the window by adjusting w. This is equivalent to maximize

the SSNR that is defined as:

w -B-w

w -A-w

SSNR = (3-25)

We assume that B is invertible [11].

The rows of c,,, are consisted of the shifted windows of the combined channel impulse

response. In practical applications, we have found that the rank of the H,;, is equal to M
so that the matrix B can be decomposed by Cholesky Decomposition into:

B=0Q-A-Q" =(QVA)-(VAQ") = (QVA)-(QVA) =B VB~ (3-26)
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where A is a diagonal matrix with the elements as the eigenvalues of B, and the columns

of Q are the orthonormal eigenvectors. Since B is a full rank matrix, the matrix (JE -t
existed. We define y = VB ".wso that,

¥y =w VBB w=w Bow=1 627

Usingw = (JETJ -y, we could get

w'-A-w=yT(ﬁyl-A-(ﬁr)-ly=yr-c-y (3-28)

Optimal shortening then can be regarded as choosing y to minimize y'Cy while
satisfying the constraint y” - y =1. The solution to this problem can be achieved when
y=I, where [ is the unit-length eigenvector corresponding to the minimum

eigenvalues A_., of C. The resulting TEQ coefficients are thus

W =(J§ ’).l d. (3-29)

opt

The optimal shortening SNR can be expressed as

wl -B-w 1
SSNR,,, =10 log(—"r’;——i"—] = lOlog( 7

wopt -4 wopl min

) =-10log(4,;,) (3-30)

The solution when B is singular is more complex and the algorithm is given by Melsa,
Younce and Rohrs [11].

The MSSNR method minimizes the part of the impulse response that leads to ISI. If we

could reduce the energy outside the window to zero, ISI can be totally eliminated and the

maximum channel capacity can be achieved.

3.4 Geometric TEQ Method

Geometric TEQ Method is the first method to optimize the equalizer for maximum bit
rate [12]. With this method, we first design a TIR to maximize the bit rate on one of the
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DMT sub-channels. Then the equalizer is calculated using MMSE method and the above
TIR.

We assume that the sub-channel could be modeled as additive white Gaussian noise

(AWGN) channels,

y SNR,
bpur = Zlog,(l +—I_—) (3-31)

where iis the sub-channel index, SNR, is the signal noise ratio and T is the SNR gap of
the i” sub-channel. Assuming that the SNR gap is constant in all the sub-channel so
thatT; = ['Vi. We define a average SNR, SNR, by

SNR _[ (. . SNR\]
'*T‘[H(“T)] (332)

or

SNR=T- {[ﬁ( + %}]W -1} (3-33)

we could get

SNR
bprr =N- Iogz(l +S—r-] (3-34)
If the input SNR is high enough, we could simplify the expression of SNR as
. N 1/N
SNR = []‘[ (SNR, )] (3-35)
in}

From the above equations, we could find that maximize SNR; will maximize SNR so that

the channel capacity b,,,, is maximized. This is the key point in geometric TEQ design.

Without considering ISI, the SNR, can be expressed as

SNR, = —=td (3-36)
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where Sy, is the signal power, Sp; is the noise power in the i* sub-channel and T;, W; are

respectively the amplitude gain of the TIR 7 and the TEQ w.

Define

N
L)=~-Y tnfT,[ (3-37)
N S
The problem to maximize the average SNR, SNR, is converted to maximize the L(b).
This optimization problem does not have a closed-form solution but it may be solved by

numerical method.

3.5 Summary
Three TEQ design methods are discussed. MMSE method is more classical and simple to

understand. MSSNR method is more direct. Geometric Method cannot guarantee the

convergence of the solution.
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.Q‘Chapter 4

Proposed TEQ Design Methods

In the previous chapter, we discussed three TEQ design methods. We noticed that the
MSSNR method was a sub-optimal method that maximizes the channel capacity and the
solution is guaranteed. But it still cannot totally eliminate the ISI since we cannot find a
solution that forces the energy outside the window to be zero. In this chapter, we first
propose a modified method based on MMSE method and then propose a new method that
could theoretically totally eliminate the ISI.

4.1 Modified MMSE Method

MMSE method was discussed in chapter 3; it is the most popular TEQ design method in
DMT system.

From Equation 3-3 and 3-4, we found that the MMSE method tries to minimize the mean

square error between the target impulse response and the effective impulse response.

MSE = E((lr Xy — w -y, )-(tr x,-wl -y, ).) 4-1)
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Figure 4.1 Target Impulse Responses

Suppose the target impulse response takes a rectangular shape (Figure 4.1). The MMSE
design method attempts to make the effective channel impulse response approach the
shape of the target impulse response. The difference between the target impulse response
and the effective impulse response is measured by MSE in Equation 4-1. The MMSE
method tries to concentrate the energy of the effective impulse response into the
rectangular window of the target impulse response and at the same time distribute the

MSE equally along the effective impulse response, as Figure 4-2 shows.

1.2 v v v v v v

1}
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Figure 4.2 MSE Distributions

Very large MSE means that the TEQ does not have enough power to concentrate the
effective impulse response energy and very small MSE means the TEQ could distribute
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the error equally. Considering about the aim to put as much energy as possible into the
TIR window in TEQ design, we find that both very small MSE and very large MSE are
not the best choice. In either circumstance, TEQ puts more energy outside the window

and introduce more ISI.

The length of the MMSE TEQ is directly related to its power to concentrate the energy
and distribute the mean square error. If the TEQ length is too short, it does not have
enough power to concentrate the effective impulse response energy, if the TEQ length is
too long, it has enough power to distribute the MSE equally. We could conclude that the
performance of the MMSE TEQ will increase as its length increases when the length is
very small. After the TEQ achieves its best performance with some certain length,

continuing to increase its length will degrade its performance.

From the above discussions, we find out that minimum MSE does not guarantee the best
performance. To solve the problem, we modify the MMSE method a little. Rewrite
Equation 3-14 here as Equation 4-2,

R;' -e,
TR 2

we do not choose the ¢ correspond to i, =arg ror:gx{RA" (i)} but rather calculate all the

possible w by
("R, =w R, (4-3)
Then we choose the w that leads to maximum SSNR given by the Equation 4-4.
T -
SSNR=Y_B-w (4-4)

wi-A-w

where B and A are defined in 3-23 and 3-24 respectively.
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wlnstead of using MSE, we use SSNR as the design criterion in modified MMSE method.
In equation 4-3, we do not choose the t that leads to the minimum MSE but t that leads to
maximize SSNR. Simulation results show that Modified MMSE method generates a more
effective TEQ than the MMSE method does.

4.2 Multirate Time Domain Equalizer Design

We assume the length of the impulse response of the physical channel 4 is L, the length
of the TEQ w is M and the length of the TIR ¢ is T. Using convolution theory, we know
that the length of the effective channel impulse response y is L+M-1. In order to perfectly
eliminate the ISI, all the energy outside the TIR window should be forced to zero. The
relationship between the effective channel impulse response, physical channel impulse

response and the TEQ can be described as,

Yo
N
Y2

y L+M-4

D N

_y Le+M-2

[ h(0)

h(1)

0
h(0)

0

h(2) h(l) AO) O

h(M -1)
0
0
0

0 h(L-1) A(L-2) h(L-3)
0  hL-1) h(L-2)

0

0
0
0

h(0)

h(L-1) |

@4-5)

Let Y represent the effective channel impulse response vector, H represent the physical

channel convolution matrix and W represent the TEQ, the equation can be rewritten as,

Y

=H-W
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From the above equations, we found that in order to eliminate ISI, we should let 7+1 taps

of Y open and set all the other L+M-T-2 taps to be zero. Let

Y'

be

[0 0 X O . 0], where X is a (T +1)x1 matrix with arbitrary value,
we get Equation 4-7:
[ Yo ] h(0) 0 0 J[w | [0
Y K1) hO) 0 0 wo | |
A h(2) h(1) hA(0O) O .ee .ee 0 w, 0
= h(M -1) oy || : |=|:
: . . . . : x
Viem-s 0 0 Ah(L-1) h(L-2) h(L-3)]||wy_, 0
Yiem-s 0 0 h(L-1) h(L-2)||wy_,
| Viem-2) 0 0 h(L-1)} [wy-] LO]
4-7)
Representing equation 4-7 as equation 4-8
Y=H-W (4-8)
then W could be attained using Gaussian elimination:
W=H\Y (4-9)

We note that the number of the unknown variables is M and the number of the equations

is L+M-T-2. In order to guarantee that the solution exists, the number of the unknown

variables should be greater than or equal to the number of the equations. So

we get

L+M-T-2<M

(4-10)
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Equation 4-11 shows that in order to totally eliminate the ISI, the length of the target
channel impulse response T must be greater than or equal to L-2 which means that the
impulse response can only be shortened by 2 and we must use a cyclic prefix as long as

L-3. Obviously this cannot satisfy our requirement.

Ungerboeck proposed a zero ISI FIR with better spectral concentration [14]. Based on
Ungerboeck’ work, we propose a Multirate TEQ design method which could guarantee
Zero ISI in the sampling point. The revised system diagram is given in Figure 4.3.

—vNT——n/A - »{ AD —*‘rzq—vNL—»

Figure 4.3 Revised System Diagram

Using multi-rate technique, the previous method could be improved and become
practical. We interpolate the transmitted signal by N before the signal is fed into the A/D
converter. In the receiver side, decimation by N is performed after the received signal
passed the TEQ. Obviously the TEQ operates at a higher sampling rate in this method.

This can be represented as,

H(z)-W(z)|,, =2z " +z7tto g7ttt (4-12)

where L. is the delay of the equalized impulse response.

After adopting the interpolator with interpolate parameter N, the length of the physical
channel becomes N-L and the length of the TIR becomes N - T . The length of the TEQ
does not change but TEQ will work at a higher frequency.

In multi-rate TEQ method, we get Equation 4-13 after interpolation:
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(4-13)

(=]

The number of the unknown variable is still M and the number of the equations

becomesN - L + M -1, among which N -(T +1) equations are left open and the other
N-(L-1)+M —-1-N-T equations should be set to zero.

In the receiver side, we keep one equation in every N equations after decimation. The
equations left are shown in Equation 4-14. The number of the unknown variables is still

M but the number of equations becomes (N-L +M —1)/N in which T+1 equations can

be left open.

Vo [ K0) 0 cer eer eee e 0 W, 0
yw | | HN) HN-D - KO 0 - 0 W
Van K2N) - e e HO) - 0 w,

= 0 ver  aee h(O) ces 0 J4 =)

0 e eee e e oo HNSL=2N) || W, | |O

: 0 o e weeeee oo H(N-L=N) ||w, | |G

| Vviwra] L O e e e e 0 KN-L-D) |[{w, ] O]

(4-14)
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To guarantee that a solution exists, Equation 4-15 should be satisfied,
(N-L+M-1)/IN-(T+D) <M (4-15)
Solve this equation, we get

N
M2——(L-T-1)-1 4-16
—(L-T-D) (4-16)

Equation 4-16 shows that we could solve the problem numerically with multirate method
and a solution is guaranteed without the restriction that T must be greater than or equal
to L-2. This is important because we could choose T arbitrarily, which means we have
control on the length of the impulse response of the effective channel.

For a special case, L and T are determined. M approaches L-7-2 when N increases to
infinity which means the minimum number of the TEQ taps is L-T-2. If we choose N
equal to 2 then the number of the TEQ taps is 2*(L-7)-3. With such a TEQ we could

shorten the channel impulse response perfectly into T samples.
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Figure 4.4 Channel Impulse Respolise of CSALoopl

38



Figure 4.4 is the channel response of the CSA Loopl. Using multirate method, we could
shorten the channel response arbitrarily.

Set T =32 and N = 2, we get a truncated TEQ in Figure 4.5:

05 -
04} 4
03} P 1
o2} ]
01f ]
ol

a1}

02t 4

13}

04F .

0'50 0 20 2 4L 50 & 70 @0 9% 100

Figure 4.5 Multirate TEQ

The equalized channel impulse response is shown in Figure 4.6,
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Figure 4.6 Shortened Channel Impulse Response
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4.3 Multirate Zero ISI (MRZISI) TEQ Design

In the previous section, a multirate time domain equalizer design method is proposed. It
enables us to design the TEQ numerically and have more control on the result. Based on
this method, we could easily design a zero ISI time domain equalizer. With Zero ISI
TEQ, it is possible for us to discard the cyclic prefix, which increases the data

transmission rate and decreases the system complexity.

We have proved that we could shorten the length of the channel impulse response into T
samples. In order to achieve Zero_ISI, we just set T equal to 1 and the Equation 4-12
becomes Equation 4-17,

H(z)-W(2)|,, =z7" (4-17)

We could put 1 at arbitrary place that leads to different channel response delays (Lc).
With different channel delays and interpolation factors, we could get more solutions and

the best solution is chosen based on the criterion presented in the previous chapter.

[ Yo 1 [ mo) 0 0 ) rwo 1 [0
Y | |HN) KN-D - KO) O - 0 w | |
Van K2N) - e o WO) - 0 W, 0
: : S t o h

= 0 e e HO) --- 0 d : 1=lo

0 h(N.L_ZN) W3 0

: 0 v e KN-L-N) |{w,, | |:
 Ywima) L O e e e e 0 KN-L-D) || W] |0

(4-18)

If we set N=2 and 7T=1 in Equation 4-16, we get
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N 2
M2—_ (L-1)-1=——-(L-1)-1=2L-3 4-
(L= -1=52(L-D) -19)

This shows us that we could achieve Zero_ISI using a TEQ with 2L-3 taps, where L is the
length of the physical channel. If we increase N, the number of the TEQ taps will
approach L-2.

The typical length of the channel impulse response L is about 512 samples under the
sampling rate of 2.024 MHz. According to Equation 4-16, we need a really long TEQ
with at least 510 taps to achieve zero ISI. However we find that most of the designed
TEQ taps in simulation are almost zero and could be discarded. In this way, we could

shorten the TEQ by 90% without degrading its performance significantly.

4.4 Discussion of Noise Effect

So far no other restrictions on the filters (other than the zero ISI condition) have been
applied. It is desirable to maximize signal-to-noise ratio by using matched transmitter and
receiver filters [42]. However, their design is more complicated as it involves the solution
of simultaneous non-linear (quadratic) equations. This is because the receiver filter
coefficients are the same as the transmitter filter coefficients, but in time reversed order.
This makes it harder to find the zero ISI filters, because simultaneous quadratic equations

need to be solved.

Recall the condition for no intersymbol interference:
H(z)-W(z)|,, =27" (4-20)

This can be satisfied exactly only when the channel is known precisely. Otherwise, there

will be some residue. In other words, let - H(z) be the error in the channel taps, then ISI

results become
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6 -H(z)-W(z)|,=0 4-21)

Thus, the sensitivity of the filter coefficients to fluctuations in the channel is governed by

the channel taps. Thus, instead of the multirate zero ISI condition one obtains
W(z)-[H(z)+6-H(2)],, =z7" + A(2) (4-22)
If the correct filter is W (z) + 5 - W(z) so that
[H(z)+s -H@)W@)+6-W ()], =27" (4-23)
then

~A(z)=6-W(2)-[H(z)+6 -H ()], (4-24)

Thus, instead of z L one gets z % 4+ Az so that the error due to inaccurate
determination of channel isAZz . Note that Az is large if &-W(z)is large, it is

desirable that #(z) taps be as small as possible so that the fractional change is small.

Apart from noise in the channel taps, there is also the additive noise due to the channel. If

the noise is AZ noise » the zero ISI condition is modified to
(H(z)-W(2)+4z,,]),=2" (4-25)

A good choice of W(z)could be determined as follows: determine the product
H(z)-W,.(z) where W (2)is the zero ISI filter corresponding to the choice of delay

2™ and form a vector from the filter coefficients in the product. In other words, perform

a convolution of the channel with each of the candidate zero ISI filters. Ideally, this
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" convolution should just be a delay, but that cannot be the case in general. Then the filter
whose convolution with the channel has the least norm is selected. Clearly, this is not

rigorous method of choosing the best filter from the set, but a simple and practical one.

4.5 Complexity Comparison of the TEQ Design Methods

Computation complexity is an important factor to be considered when we choose design
method. Computation complexity partially determines the hardware complexity. In our
discussion, we only consider the high complexity operations such as inverse of the

matrix, Cholesky decomposition of matrix and matrix multiplex.

Table 4-1 gives the detail computational complexity of MMSE method; some notations
used in the table are illustrated as following:

Ls: Length of the signal

L: Length of the channel

Nt: Length of the target impulse response
Ne: Length of the time domain equalizer
N: Interpolation factor

Description Multiply Add
Compute Rxx, Rxy and Ryy Nt*Ls+Ne*Ls*2 Nt*Ls+Ne*Ls*2
Inv(Ryy) (SNe*+Ne)/3 (SNe’+Ne)/3
Rxy*inv(Ryy)*Rxy’ Ne“*Nt+Nt**Ne Ne**Nt+Nt**Ne
Inv(Rd) (SNU+N1)/3 (SNC+Nt)/3
Inv(Ryy)*Rxy’*TIR Ne“*Nt+Nt*Ne Ne“*Nt+Nt*Ne

Table 4-1 MMSE Computational Complexity
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Table 4-2 gives the computational complexity of MSSNR method:

Description Multiply Add
Compute A (L-Nt)*Ne (L-Nt)*Ne
Compute B Nt*Ne+(Ne+1)*Ne/2 | Nt*Ne+(Ne+1)*Ne/2
Cholesky decomposition of B | Ne’ Ne’
Calculate ( J’E)-' (5*Ne’+Ne)/3 (5*Ne +Ne)/3
Calculate C 2*Ne’ 2*Ne“*(Ne-1)
Calculate C”’ (5*Ne'+Ne)/3 (5*Ne’+Ne)/3
Calculate wy Ne’ (Ne-1)*Ne

Table 4-2 MSSNR Computational Complexity [53]

MRZISI method is shown in Table 4-3, where we set N=2:

Description

Multiply

Add

H in equation 5-10

Gaussian elimination of matrix | 4*L°

4*L°

Table 4-3 MRZISI Computational Complexity

In our simulation, we use Ls=1000, L=512 and Nt=32. Ne depends on the method we use,
Ne equals 12 in MMSE method, equals 32 in MSNNR method and equals 64 in
MRZISI method. Based on these parameters, we get the number of multiplication and
addition needed for each method:

Multiplication Addition
MMSE 147300 147300
MSSNR 225488 223440
MRZISI 1048576 1048576

Table 4-4 Comparison of Computational Complexity



From Table 4-4, we find that the number of multiplication operation of MRZISI method
is about seven times of MMSE method and about four times of MSSNR method. The
number of addition operation of MRZISI method is also about seven times of MMSE
method and about four times of MSSNR method.

Hardware complexity is also considered. TEQ designed with MRZISI method works at
the speed twice of the speed of the TEQ designed by other design methods. This requires
higher speed ADC and DAC which in my opinion is acceptable. But the frequency
response of the equalized channel got from MRZISI method is perfectly linear so that we
do not need another equalizer which may be adopted in other methods to deal with the
phase distortion.

We also concern with the length of the TEQ and the delay introduced by the TEQ, these

problems are addressed in chapter 5 based on our simulation result.

4.6 Additional Remarks
The following remarks clarify some aspects of the proposed multirate system.

e The zero ISI filters clearly depend on the channel and interpolation rate N. This is

obvious from the above analysis.

o There is no solution for finite number of filter coefficients when N=1. The
infinite-tap solution is given by H(z)-W (z) =1, so thatW (z) =1/H (z). This is

the well known zero forcing equalizer.

e Contrast with the case of linear equalizer with the peak distortion criterion. The
complete elimination of the ISI requires the use of an inverse filter for H(z) . Such
an equalizer requires an infinite number of taps when implemented by a FIR filter.
Any FIR filter with a finite number of taps will always have ISI. In our discussion

above, ISI has been eliminated with a FIR filter with a finite number of taps. The
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key is to use multirate signal processing, which involves fewer equations and is
solvable using a finite number of taps. The minimum length of TEQ is determined

by interpolation factor, as discussed in the previous section.

The multirate theory gives us a general way of designing zero ISI filters. As noted
above, N has to be greater than 1. The larger the value of N, the fewer the
conditions to be satisfied and the shorter is the length of the zero ISI filter. Thus,
for a given length the interpolation factor gives us greater freedom in design of a
zero ISI filter. This additional degree of freedom can be used to design filters with
additional desirable properties.

The relevant matrix has been assumed to be nonsingular. In fact, most of

convolution matrix generated by the real channel is nonsingular.

MRZISI method leads to a totally none ISI effective channel which can be used in

DSL system and also be used in other communication systems.
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Chapter 5

Simulation Results

Simulation is conducted in MatLab. The results and analysis are presented in this chapter.
The downlink of DSL transceiver is used in the simulation. The IFFT and FFT lengths
are 512 and a cyclic prefix of 32 is assumed. The signal power at the transmitter output
is set to 14 dBm and an additive white Gaussian noise (AWGN) with ~140 dBm/Hz
power is employed. FEXT is generated according to Equation 2-4. The sampling rate is
2.208 MHz. In the simulation, it is assumed that the accurate channel information is
available. Simulation results without precise channel information are given in section 5.5.

The channel models used in the simulation are base on Gauge 26 wire.

5.1 Simulation Results of MMSE Method

As discussed in section 4.1, the length of the MMSE TEQ directly determined the TEQ
performance. In order to achieve the best TEQ performance, we first attempt to determine
how many taps we should use when we design TEQ with MMSE method. We test the
performance of MMSE TEQ with different length in our simulation and the results are
given in Figure 5.1. We notice that in order to achieve the best performance, the MMSE
TEQ length should be between 4 to 20 taps. We choose 16 taps in our simulation.
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Figure 5.1 Achieved Bit Rate of MMSE TEQ with Diflerent Length

The channel response of CSALoop 2 is shown in Figure 5.2. We note that impulse
response of CSALoop2 has a very long tail which leads to severe intersymbol

interference.
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Figure 5.2 Channel Impulse Response of CSALoop 2
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Using MMSE TEQ design method, we get a TEQ with 16 taps:
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Figure 53 TEQ Taps Designed with MMSE Method

The impulse response of the shortened CSALoop2 channel is given in the Figure 5.4:
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Figure 5.4 Shortened Channel Impulse Response with MMSE Method
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We observe from Figure 5.4 that the shortened channel impulse response is more
concentrated but there is still a small tail that introduces ISI and worsen the system
performance. The frequency response of the shortened channel is shown in Figure 5.5.
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Figure 5.5 Shortened Channel Frequency Response with MMSE Method

Figure 5.6 gives the impulse response of CSALoop7:
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Figure 5.6 Channel Impulse Response of CSALoop 7
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Using MMSE method, we get another TEQ with 16 taps:
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Figure 5.7 TEQ Designed with MMSE Method

The impulse response of the CSALoop7 shortened channel is given in Figure 5.8:
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Figure 5.8 Shortened Channel with MMSE Method
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We also noticed a little tail in the shortened channel impulse response that degrades the

TEQ performance. The frequency response is shown in Figure 5.9
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Using TEQ designed with MMSE method, the achieved bit rates on different CSA loops

are shown in Figure 5.10.
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Figure 5.10 Achieved Bit Rate of MMSE Method
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The average bit rate is about 1200 bit per symbol (in this chapter, symbol means a DMT
transmission block) and equal to about 4.8Mbit per second which is an acceptable

performance.

5.2 Simulation Results of Modified MMSE Method

Since MSE is not a good criterion in TEQ design as discussed in section 4.1, The
criterion used in MMSE design method is changed. We employ SSNR instead of MSE as
the criterion in our new method, which is called modified MMSE method.

Figure 5.11 shows the TEQ designed for CSA Loop3 using modified MMSE method
with length equal to 16.
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Figure 5.11 TEQ Designed by Modified MMSE Method

The impulse response of the shortened channel is demonstrated in Figure 5.12.
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Figure 5.12 Shortened Impulse Response

Compared to the TEQ designed by MMSE method, the tail of the shortened impulse
response is smaller which results in a smaller ISI residue and a much better TEQ

performance. The frequency response of the shortened channel is shown in Figure 5.13:
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Figure 5.13 Frequency Response of the Shortened Channel
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NFigure 5.13 shows that the Modified MMSE method leads to a flatter frequency response
of the shortened channel which maximizes the channel capacity and an almost linear
phase response which leads to less phase distortion. Figure 5.14 shows the bit loading

result:
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Figure 5.14 Bit Loading Result

In our simulation, it is found that even a very short TEQ designed with modified MMSE
method could have a very good performance. A TEQ with 4 taps and the shortened

channel impulse response is given in Figure 5.15.
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Figure 5.15 TEQ and Shortened Channel Impulse Response

Using modified MMSE method, the achieved bit rates on different CSA loops are given
in the Figure 5.16.
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Figure 5.16 Achieved Bit Rate of Modified MMSE Method

Compared to the TEQ designed with MMSE method, the TEQ designed with modified
MMSE method has a better performance and the achieved bit rate is around 1400 bits per
symbol that is equal to 5.6Mbits per second.

5.3 Simulation Results of MSSNR Method

Unlike MMSE method and modified MMSE method, in MSSNR design method, the
longer the TEQ, a larger SSNR can be obtained and a better performance can be
achieved. In our simulation, the channel capacity is not only influenced by the ISI but
also by the AGWN noise, NEXF and FEXT. Using a TEQ with 32 taps can help us to
achieve a high SSNR of about 60 dB. Continuing to increase the TEQ length could result
in a higher SSNR but has little influence on the channel capacity since the noise becomes

the main factor that decides the channel capacity. In our simulation, we employ a TEQ

with 32 taps in MSSNR design method.

Using MSSNR method, we get the TEQ with 32 taps for CSA Loop2, which is shown in
Figure 5.17,
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Figure 5.17 TEQ Taps Designed with MSSNR Method

The impulse response of the shortened channel is given in Figure 5.18:
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Figure 5.18 Shortened Channel Impulse Response with MSSNR Method
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Comparing Figures 5.4 and 5.18, we observe that the shortened channel impulse response
in Figure 5.18 is better than that in Figure 5.4. Comparing the impulse response tails in
both figures, MSSNR method should have a better performance than MMSE method.

The frequency response of the shortened channel is given in Figure 5.19.
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Figure 5.19 Shortened Channel Frequency Response with MSSNR Method

Comparing the frequency responses of the shortened channel obtained by MMSE method
and MSSNR method, as shown in Figures 5.5 and 5.19 respectively, it is obvious that the
MSSNR method leads to a flatter shortened channel frequency response.

The TEQ obtained using MSSNR method for CSA Loop3 and the shortened channel
impulse response are illustrated in Figures 5.20 and 5.21.
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Figure 5.20 TEQ Designed with MSSNR Method
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Figure 5.21 Shortened Channel with MSSNR Method

As in CSA Loop 2, we observe that the effective channel impuise response using
MSSNR method is better and the impulse response energy is more concentrated. This is

obvious when we measure the achieved SSNRs, which are given later.

Figure 5.22 gives the achieved bit rates using the TEQ designed by applying MSSNR
method to different loops. Compared to the previous two methods, we observed that the
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mf)erformance of MSSNR method is better than the modified MMSE method and is much
better than the MMSE method. The achieved bit rate of MSSNR method is more than
7TMbits per second.
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Figure 5.22 Achieved Bit Rate of MSSNR Method

5.4 Simulation Results of MRZISI Design Method

Simulation of MRZISI method is also conducted on the CSA Loops. All the CSA Loops

are tested in the simulation and the detail results of Loop3 are presented here.

With the MRZISI method, a major problem is the length of the TEQ. If we use an
interpolation factor of 2, according to Equation 4-19, we need to use a TEQ with more
than 1000 taps, which is not practical and increases the hardware complexity.
Fortunately, we found in the simulation that most of the TEQ taps is almost zero so that
we could truncate the TEQ by discarding those near zero taps.

- The channel impulse response of CSA Loop3 is shown in Figure 5.23.

60



x 10

Amplitude
w

.1 L A -l 'l L
0 20 400 600 600 1000 1200
Taps

Figure 5.23 Channel Impulse Response of CSALoop 3

Using MRZISI method, we obtain the TEQ with 1024 taps as in Figure 5.24.
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Figure 5.24 TEQ Designed with MRZISI Method

The impulse response and frequency response of the shortened channel is given

separately in Figures 5.25 and 5.26.
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Figure 5.26 Frequency Response of the Shortened Channel
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“The impulse response is perfect, impulse duration is confined into one symbol and zero
intersymbol interference is achieved. The channel frequency response is also perfect. It is
perfectly flat and introduces no phase distortion. The SSNR achieved is tremendously
high: 282.30 dB.

The only problem is that the length of the TEQ is too long and we need to truncate it.
Truncation will decrease the achievable SSNR but as we discussed before, this almost has
no influence on the achievable bit rate. We have two choices to truncate the TEQ:
truncate the channel first and then calculate the TEQ using the truncated channel or
calculate the TEQ using the original channel and then truncate the TEQ directly. From
simulation, we find that the later choice has a better performance. Following is a

truncated TEQ with 64 taps:
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Figure 5.27 Truncated TEQ Taps

Using the truncated TEQ, the shortened channel impulse response is given in Figure 5.28,
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Figure 5.28 Impulse Response of Shortened Channel

We notice that the impulse response of the shortened channel is near zero ISI and there
are only some very small ripples in the response. The frequency response of the

shortened channel is given in Figure 5.29:
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Figure 5.29 Frequency Response of Shortened Channel

The frequency response of the shortened channel is almost flat except for some small

ripple. The achieved SSNR is 59.83.



Observe that there are still some near zeros in the TEQ taps; we could continue to

truncate the TEQ. Following is the TEQ with 16 Taps:
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Figure 5.30 Truncated TEQ Taps

The impulse response and the frequency response of the shortened channel are given in

Figures 5.31 and 5.32,
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Figure 5.31 Impulse Response of Shortened Channel

65



il

Magnitude (dB)
RS

~
n

R N
0 01 02 03 04 0S 06 07 08 09 1
Nermafized Frequency (xx rad/sample)

8

5§ .

Phase (degrees)

g 8

. N .
. . N
1 1 1

R
0 01 02 03 04 05 06 07 08 09 1
Normalized Frequency (xx rad/sample)

Figure 5.32 Frequency Response of Shortened Channel

It can be observed that the impulse response of the shortened channel is no longer zero or
near zero ISI. But the TEQ still did a perfect job to constrain the impulse response into 32
taps and achieved SSNR of 41.07 dB which is good enough to be used in DMT system.
The frequency response of the shortened channel is also good compared with the other
methods. Figure 5.33 gives the bit loading result:
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Figure 5.33 Bit Loading Result
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"The achieved bit rates using the TEQ (64 Taps) designed with MRZISI method on
different loops are given in Figure 5.34:
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Figure 534 Achieved Bit Rate of MRZISI Method
The achieved bit rate on some loops is good approaching 8Mbit per second. On the other

loops, the achieved bit rate is acceptable which is around 7Mbit per second.

Since the TEQ used in MRZISI method is longer than the TEQ used in other methods,
especially when we need a perfect zero ISI channel where a TEQ with more than 1000
taps is required, we concern about the delay introduced by the TEQ. If the delay is too
long, it may nullify the whole system. Figure 5.35 described the achieved SSNR with

different delay on CSA Loop2:
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Figure 5.35 Achieved SSNR with Different Delay
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Tt is obvious in the figure that a high enough SSNR can be achieved with a delay of about
30 taps. The delay is almost the same for other loops. Considering that the working
speed of the TEQ in MRZISI method is doubled, the actual delay is roughly 15 taps. This
is acceptable compared with the delay introduced by other methods (about 10 taps).

5.5 Comparison of the Simulation Results with Accurate Channel
Information

In the previous sections, we showed the simulation results of the different TEQ design
methods. In this section we compare all the design methods especially MSSNR method,
modified MMSE method and MRZISI method.

First we take a look at the SSNR results listed in Table 5-1:

CSA Loop MMSE Modified MSSNR MRZISI
16 Taps MMSE 32 Taps 64 Taps
16 Taps
1 29.51 37.72 54.68 57.34
2 20.23 35.52 62.50 58.93
3 26.11 36.81 59.27 59.84
4 26.33 32.99 54.41 51.72
5 22.49 29.01 60.49 50.72
6 22.30 35.18 5733 5291
7 25.42 30.93 68.20 63.15
8 28.12 31.90 77.51 59.61

Table 5-1 SSNR of Different Methods

In Table 5-1, the achievable SSNR of MRZISI method and that of MSSNR method are
around 55dB which is higher than achievable SSNR of the modified MMSE method and
much higher than that of MMSE method. In fact, the SSNR of MRZISI TEQ could be
infinity since the ISI is totally eliminated. In the MRZISI simulation, the TEQ is
truncated in order to employ a shorter TEQ, which introduce some ISI to the system and
the SNR is no longer infinity.
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“Since the achieved SSNR of the MMSE method is really poor, we expect that the
performance of the MMSE TEQ will be poor and also the performance of the modified
MMSE TEQ. The performance of the MSSNR TEQ and the MRZISI TEQ will be much

better. The simulation results of the attainable bit rate are given in Table 5-2.

CSA Loop MMSE Modified MSSNR MRZISI
16 Taps MMSE 32 Taps 64 Taps
16 Taps
1 5496 6100 7100 6912
2 4992 6964 8428 8184
3 4728 5920 6856 6884
4 5040 4968 7164 6888
S 4656 5728 7504 7296
6 4436 5772 6832 6852
7 4636 5256 6672 6380
8 4196 4860 5952 5800

Table 5-2 Transmission Rate (kbps)

Figure 5.36 gives us a more direct view:

TR

DT~

LR ¢ 3

e

Bit rate (kbps)
SITEEIEET

jrice Joer [o eluan)]

[T Daoiald

Loopt Loop2 Loop3 Loopd LoopS LoopS Loop? Loops
[OMMSE @ Modified MMSE COMSSNR O MRZIS! |

Figure 5.36 Comparison of Achieved Bit Rate of Different Methods

In Table 5-2, we notice that the transmission capacity of the MMSE method is much
lower than that of the other three methods, which is less than SMbits per second. The
transmit rate of modified MMSE method is around 1400 bits per symbol. This means we
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“could transmit data at the rate of 1400X4000 per second, which is about 6.4Mbits per
second. The transmit rate of MSSNR method and MRZISI method is around 1800 bits
per symbol, which means that we could transmit data at the rate of 1800X4000 per
second, which is about 7.2Mbits per second.

It is also showed that even the SSNR of MSSNR method is higher than that of truncated
MRZISI method, the transmit rate of the two methods are almost the same. In my
opinion, this is because both methods have achieved a high SSNR ratio, continuing to

increase SSNR will not influence the transmission rate dramatically.

Until now, all the simulations are conducted with a cyclic prefix of length 32 and all
these methods could shorten the channel impulse response effectively into a time span of
32 samples. If we shorten the CP length, the MRZISI method will show more advantages.

We have explained in Chapter 4 that MRZISI method could lead to a zero ISI channel but
other methods cannot. If we shorten the length of the cyclic prefix, we could expect that
the performance of the MRZISI method will not change much but the performance of the
other methods will deteriorate. Table 5-3 shows the achieved SSNR and transmit rate of
the MMSE method, the modified MMSE method and MRZISI methods with different
cyclic prefix length on CSA Loop4.

CP Length 32 28 24 20 16 12 8 4

MMSE SSNR 26.33 | 23.76 | 14.56 | 14.77 | 12.18 | 7.2 - -

Rate (kbps) | 5044 | 4248 | 2520 | 2520 | 1884 | 608 - -

Modified SSNR 3299 | 29.24 | 25.60 | 21.57 | 17.74 | 11.76 | 5.57 -

MMSE Rate (kbps) | 4968 | 4900 | 4128 | 2844 | 2264 | 1004 | 408 -
MRZISI SSNR 69.39 | 69.39 | 69.39 | 69.39 | 69.39 [ 69.39 | 69.39 | 69.39
(256 Taps) | Rate (kbps) | 6964 | 6948 | 7068 | 6936 | 6740 | 6876 | 6832 | 6368

Table 5-3 Comparisons of Different Methods with Different CP Length

From Table 5-3, It can be easily seen that the resulted SSNR of modified MMSE method

and MMSE method decreased as the cyclic prefix length decreased, but the resulted
SSNR of MRZISI method is almost unchanged. Adopting MRZISI method, we could
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shorten the length of the cyclic prefix or even abandon the cyclic prefix that directly
results in the increase of the data transmission rate by about 5%.

We could also say that the MRZISII method can deal with physical channel with longer
impulse response. In a real system, the length of the cyclic prefix is fixed, but the impulse
response is different from one channel to another. Some channel has extremely long
impulse response. The system performance using other design methods will degrade
dramatically on these channels. If we use MRZISI TEQ), the system performance will not
be influenced.

Actually, the MRZISI can be used not only in DMT system but many other systems. The
MRZISI could lead to a perfect zero or near zero ISI channel that is preferred in most
systems, especially the frequency response of the equalized channel is linear and no

phase distortion is introduced.

5.6 Simulation Results with Estimated Channel Information

In the previous sections, we compared the performances of the TEQ designed using
different methods. All these results are based on the assumption that we know the

channel impulse response exactly.

However, it is most likely that the precise description of channel impulse response is not
available in a practical system. The channel information can be only obtained from
channel estimation where the estimation error is unavoidable. There is no doubt that such
kind of estimation error will influence the performance of the TEQ, as presented in the

following sector.

The initialization routine of the ADSL system begins with a transmit request and several
test patterns in order to make sure the channel is in operational conditions [55].
Afterwards some test patterns are exchanged, timing and synchronization is established.

Then, predefined periodical pseudorandom sequences are transmitted in order to estimate
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“the channel transfer function and the spectral noise distribution. As the receiver knows
the test sequence and its spectrum, the channel transfer function can be computed using
Equation 5-1 [44].

AT
]

1
H, "Z'.-Z?. (5-1)

Figure 5.37 gives the actual channel impulse response and the estimated channel impulse
response of CSA Loop 2.
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Figure 5.37 Actual and Estimated Channel Impulse Response

It is obvious on the figure that there are some estimation errors. Let’s revisit the four
design methods and see how such errors could influence the TEQ performance. Note that
the MMSE design method does not directly use the information of the channel impulse
response. Therefore, MMSE design method will not be influenced by the estimation
error. The modified MMSE design method also does not use the information of the
channel impulse response in TEQ design but uses the information of the channel impulse
response to choose the best TEQ. The modified MMSE design method will be influenced
slightly by the estimation error. In both the MSSNR and MRZISI design methods, the
TEQ design is based on the information of the channel impulse response. Therefore, we

expect that these two methods will suffer significantly from the estimation error.
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"The simulation result based on the estimated channel impulse response is given in the
Table 5-4.

CSA Loop MMSE Modified MSSNR MRZISI
16 Taps MMSE 32 Taps 1024 Taps
16 Taps
1 5496 5132 2928 4828
2 4992 7056 5668 4732
3 4728 5036 2228 3576
4 5044 6172 3268 3144
5 4645 5584 4308 3192
6 4436 4296 2548 2488
7 4636 5164 2312 3180
8 4196 3564 2464 2780

Table 5-4 Transmission Rate (kbps)

Table 5-4 shows that the performances of the MSSNR design method and MRZISI
design method are poorer when precise channel information is not available. The
performance of the modified MMSE design method is better than MMSE method in most

loops. Figure 5.38 gives us a more direct view.
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Figure 5.38 Comparison of Achieved Bit Rate of Different Methods
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'5.7 Additional Remarks on SSNR and ISI Shaping

In TEQ design, SSNR is used as a very important reference parameter to evaluate the
performance of the TEQ. However we aiso notice that with the presence of estimation
error, the performance of the MSSNR method and MRZISI method is really poor
although the achievable SSNR is still high. Consider two cases:

Case 1: A TEQ designed with accurate channel information of CSA loop 6.
Case 2: A TEQ designed with estimated channel information of CSA loop 6.

Figure 5.39 gives the shortened impulse response of the CSA Loop 6 in case 1 where the
TEQ designed is using accurate channel impulse response. The achieved SSNR in case 1

is 57.39 dB.
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Figure 5.39 Shortened Impuise Response with Accurate Channel Information

Figure 5.40 gives the shortened impulse response of the CSA Loop 6 in case 2 where the
TEQ is designed using estimated channel impulse response. The achieved SSNR is 42.96
dB.
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Figure 5.40 Shortened Impulse Response with Estimated Channel Information

In both cases, the effective impulse response is shortened effectively and the achieved
SSNR is comparably high. But the achieved transmission rates in these two cases are
different. Figures 5.41 and 5.42 give the bit loading results of the two cases respectively.
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Figure 5.41 Bit Loading Result in Case 1
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Figure 5.42 Bit Loading Result in Case 2

The achieved transmission rate in case 1 is 1700 bits/symbol and 620 bits/symbol in case
2. Further study shows that this difference results from the shape of the ISI. Figure 5.43
and Figure 5.44 give the ISI spectrum and the signal spectrum in both cases.
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Figure 5.43 ISI and Signal Spectrum in Case 1
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Figure 5.44 ISI and Signal Spectrum in Case 2

In case 1, we get a better ISI spectrum shape, which changes according to the changes in
signal spectrum. But it fails to do so in case 2.

Comparing these two cases, we find that higher SSNR only means lower ISI power and
does not guarantee higher transmission rate. Only when it is combined with a good ISI
spectrum shape, high SSNR can promise a high transmission rate.
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wChapter 6

Conclusions and Future Works

Conclusions:

In this thesis, we investigated various TEQ design methods in DSL transceiver system.
Two prevailing design methods, MMSE and MSSNR, were discussed and compared.
Two new design methods, modified MMSE method and MRZISI method, were presented

and compared with two current methods. Based on the computer simulation, some

conclusions are made:

1.

SSNR is an important reference parameter to evaluate the performance of TEQ.
Optimization of SSNR in the design method is directly related to the optimization
of the channel capacity. However, the channel capacity is not only determined by
the SSNR but also by ISL

Compared with the other three methods, the performance of MMSE method is not
satisfactory. The MMSE method minimizes the difference between the TIR and
SIR, but not the impulse energy outside the TIR. This is the reason why the
resulting SSNR is lower than that in the other three methods. However, the
MMSE method is simple and easy to implement especially. When the accurate
channel information is not available, the MMSE method is a good choice.

The Modified MMSE method adopts the SSNR as the criterion instead of MSE,
and as a result, its performance is better than the MMSE method. It is simple and
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easy to implement. The modified MMSE method is not sensitive to the accuracy

of the channel information.

4. Unlike the MMSE method, the MSSNR method is trying to minimize the impulse
response outside a TIR and to maximize the SSNR. This optimization leads to
higher channel capacity. However, MSSNR method is complex and requires

accurate channel information.

5. The MRZISI method could totally avoid the intersymbol interference and provide
perfect channel response. However, it is complex and requires more FIR taps than
the other methods. The MRZISI method could shorten or even eliminate the
cyclic prefix. It could also combat physical channels with long impulse response.
MRZISI method is robust and can be applied to many other telecommunication
systems besides DSL system. But due to the numerical nature of MRZISI method,

inaccurate channel information will deteriorate the MRZISI TEQ performance.

Future Works:

1. Multirate method can be also applied to MMSE and MSSNR methods. Perhaps
more interesting result can be found since it is possible for us to find a design

method that is not only robust and flexible but also not sensitive to estimation

error.
2. Adaptive technique can be applied to multirate method.
3. Shaping the spectrum of ISI residue still needs some more research work.

MRZISI method may be used to compress or extend the spectrum using different

interpolation factors.
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