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Abstract

The Discrete MultiTone system has been successfully applied to
Digital Subscriber Lines (DSL) system. For DSL applications, the
channels length are generally very long and a Time Domain Equalizer
(TEQ) is usually used to shorten the effective channel and mitigate
interference. On the other hand, the frequency response of the e-
qualized channel is crucial for determining transmission bit rate. In
particular, zeros in the transmission bands often results in a loss in
bit rate. In this thesis, we proposed a novel frequency domain based
TEQ design. Interference is minimized in the frequency domain. This
method takes into account the frequency response of the equalized
channel implicitly. We will use Very-high speed Digital Subscriber
Line system as an example to demonstrate the usefulness of the pro-
posed method. Simulation examples show that the frequency domain
based TEQ have very good bit rate.
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Chapter 1

Introduction

The Discrete Fourier Transform (DFT) based Discrete MultiTone (DMT) transceiv-
er has found important applications in Digital Subscriber Line (DSL), [1]-[2]. The
transmitter and receiver perform respectively «A/ -point Inverse Discrete Fourier
Transform (IDFT) and DFT comdputationpwhere /! is the number of tones or
number of sub-channels. At the transmitter“end; each block is padded with a
Cyclic Prefix (CP) of length L. If L is no'smaller than the order of the channel v,
then the Inter-Block Interference {IBI)'can be removed easily by discarding the
prefix at the receiver. As a result, anfinite impulse response (FIR) channel is
converted into M frequency non-selective parallel sub-channels. The sub-channel
gains are the M-point DFT of the channel impulse response. When the channel
is longer or much longer than L, which is usually the case in DSL applications, a
Time domain EQualizer (TEQ) is usually inserted at the receiver to shorten the
channel impulse response so that the equalized channel has most of the energy
concentrated in a window of L + 1 samples [3]. The samples outside the window,
however, will lead to IBI, which reduces Signal to Interference and Noise Ratio
(SINR) and thus affects transmission bit rate. The TEQ plays an important role
in the application of Discrete MultiTone (DMT) to DSL [1]-[2]. The bit rate that
can be transmitted are greatly affected by the design of TEQ.

If v 4+ 1 is larger than L, Inter-Symbol Interference (ISI) is raised to disturb
the transmitted signal. To combat the ISI, we will introduce TEQ to shorten
the equalized channel, which is the channel convolving the TEQ, within a length



L + 1 window. Then, the energy of the equalized channel outside the window is
reduced and ISI power is eliminated. In Melsa’s earlier work [3], he proposed a
TEQ, called Maximized the Shortening SNR (MSSNR), to maximize the energy
inside the window to energy outside the window ratio and exhaustively search
the optimal start point of window which the ratio is largest than others. This
solution of the cost function is an eigenvalue problem and channel coefficients
shall be known, it provides an optimal design method to maximize Signal to
Interference Ratio (SIR). For the solution is easily computed and optimal SIR,
this TEQ will be the benchmark to compare with other methods.

Differing from MSSNR method, the ” Multicarrier Equalization by Restoration
of RedundancY” (MERRY) algorithm is a blind channel shortening method [4].
This method uses the property of CP. If the channel length is smaller than CP
length and due to the CP is the repeat the last L samples in DMT symbol,
The receiving sequence where lo¢ation corresponding to the CP shall match the
last samples. MERRY algorithm is to minimize the-mean square error of some
samples in the position corresponding to"CPrand the last samples in an adaptive
way, then, channel shortening is achieved.

A semi-blind method to combat the ISI was proposed in [5], we called it
MFSIR in our thesis. This method needs not know the channel impulse response.
DSL systems use Frequency Division Duplexing (FDD) to separate upstream and
downstream and the null tones does not be assigned bit. In training phase, the
pilot tones are assigned the same Quadrature Amplitude Modulation (QAM)
symbol every DMT blocks. We can collect the output signals of FFT block in
the DMT system corresponding to the null tones and take average on them. The
averaged output signals will have nothing but interference if the channel order is
larger than CP length. When we cumulate large number of the output signals,
the power of pilot tones and the power of null tones interference can be obtained.
MFSIR design a TE(Q maximizing the power of pilot tones to the null tones
interference power. This optimal problem can be solved as a eigen problem.

In the ”Sum-square Auto-correlation Minimization” (SAM) algorithm [6], the

autocorrelation function of channel R, [n] will be zero Vn > L as channel length <



L+1,SAM algorithm is to minimize the power of R..[n| Vn > L. SAM algorithm
shall meet some conditions to be appropriate for DMT system, the author argued
the reasons and provided an example of Asymmetric Digital Subscriber Line
(ADSL) system to show SAM is appropriate for DMT system.

The methods mentioned above are designed for combating the ISI, the bit
rate performance will be improved as the ISI be eliminated. But the bit rate
and ISI have no direct relations. A method to design TEQ for maximizing bit
rate is proposed in [7] where the summation of used tones SINR is obtained. To
maximize the SINR is a nonlinear optimal problem and the convergence is not
guaranteed. In [8], a method design TEQ for each used tones for maximizing
the individual tone SINR. This method is also in the bit rate maximizing sense.
There are k, cost functions to be solved where k, is the number of used tones.
Although each cost function is easily:solved by a‘eigen problem. There are k, TEQ
to be implemented, it is too large complexity to implement. There are still many
algorithm [11] [12] to improve the DMT system performance, for comparison in
our simulations, MSSNR, MERRY. and MFSIR cost function will be derived in
following section.

On the other hand, the frequency response of the equalized channel is cru-
cial for determining transmission bit rate. DSL systems use FDD to separate
upstream and downstream transmission. If a zeros in the transmission bands,
the signal power will be down and resulting in a loss in bit rate. In this thesis,
we proposed a novel frequency domain based TEQ design. Some tones Interfer-
ence form other tones are minimized in the frequency domain. And observing
the equalized channel and magnitude response of TEQ, we will give a scheme to
shorten the equalized channel and avoid zeros of TEQ being in the transmission
bands. This method takes into account the frequency response of the equalized
channel implicitly.

The goal of above TEQ design is to shorten the channel, furthermore, reduce
the interference. Interference is smaller than noise in short loop length and getting
larger as loop length longer. In short loop length channel, TEQ is not important

for the bit rate performance. For long loops, the TEQ significant enhances the



bit rate performance.

Outline

In Chapter 2, we will derive equivalent discrete time channel with Discrete to
Continuous (D/C) and Continuous to Discrete (C/D) converter and the statistical
properties of D/C and C/D converter. The surveys of MSSNR and MERRY
TEQ algorithm will be presented for comparison with our proposed TEQ design
in Chapter 4. The proposed TEQ design method will be given in Chapter 5.
Numerical simulations and TEQ performance comparisons will be presented in

Chapter 6. A conclusion is given in Chapter 7.

1.1 Notations

e Boldfaced lower case letters represent: vectors and boldfaced upper letters

are reserved for matrices. The notation A’ denotes transpose-conjugate of
A.

e M is the DF'T size, L is the cyclic prefix length, N = M + L is the symbol
size, T is the sampling period, v is the channel order, T is the TEQ length, d
is the synchronization delay. The notation * represents convolution operator

and ¢* means complex conjugate of c.

e The notation W is used to represent the unitary DFT matrix whose ele-

ments given by,

1 - 27
Win = __~iiihkn for 0<kn<M-1

e The notation I is used to represent a K x K identity matrix.



Chapter 2

Transceivers with D/C and C/D

A complete communication system usually includes D/C and C/D operations. At
the transmitter, bit stream to be transmitted is mapped to modulation symbols,
which, possibly after some processing;is converted to an analog signal and sent
to the channel. At the receiver, an analogreceived signal is first converted to
digital signal before further processing. In this chapter, we will first present the
equivalent discrete time channelan Section 2.1.. Statistical properties of D/C and

C/D will be given in Section 2.2 and 2:3, respectively.

2.1 Equivalent Discrete Time Channel

A D/C converter and its equivalent block diagram is shown in Figure 2.1. A
D/C converter can be viewed as the interconnection of 2 blocks. The first block
converts a discrete time sequence to a continuous time signal x,(t) of impulse
train with impulses separated by an underlying period 7. The signal z4(t) can

be expressed as
o

zs(t) = D s[n]é(t — nT). (2.1)

n=—00
The second one is the reconstruction filter h,(t). The output reconstructed con-
tinuous time signal z(t) is given by,

o

z(t) = Y s[n]h.(t —nT). (2.2)

n=—oo

For a C/D converter shown in Figure 2.2.(a), the output discrete sequence



y[n] is related to the input continuous time signal 7(t) by y[n] = r(nT). Usually
a antialiasing filter h,(t) is included before C/D as shown in Figure 2.2.(b) to

obtain a bandlimited waveform a(t). In this case, we have

a(t) = r(t) * hy(t)
yln] = a(nT) = (r(t) * ha(t)) |t=nr- (2.3)

s[n] x(t) S[n} Sequence to :L’s(t)
p/c impulse train

Reconstruction z(t)
filter

h.(t)

Sampling T
period
T

Figure 2.1: The bloc¢k diagram_ ef a’D/C converter.

r(t) yln]
— C/D ——
T
(a)
r(t) Antialiasing a(t) y[n]
- filter C/D —
ha(t)

Figure 2.2: (a) The block diagram of a C/D converter, (b) a C/D converter with
antialaising filter.

Convolving the reconstruction filter h.(¢), continuous channel h(¢) and the

antialiasing filter h,(t) in Figure 2.3, we have

c(t) = hy(t) x h(t) * hy(t).

6



Ci = C(t)|t:iT

c(t)

a(t)

st Sequence to a(t) Continuous | 7(t)
7 impulse train ‘ h.(t) chantnel 1 hg(t)
C
T

C/D

T

Figure 2.3: Continuous-time processing represented as discrete-time equivalent

channel.

The equivalent discrete time channel is

ci = c(t)|i=ir-

Assume the D/C is ideal reconstruction, X(j€2) and A(j€2) will be zeros for
|2] > w/T. Thus, A(j€?) is no aliasing. The output. of D/C and C/D converter

can be expressed as

= sin[a(t= nT)/T)]
w(t) = 27l 7(t =nT)/T

and
> sin[n(t —nT)/T]
)= 2 v T

n=-—oo

The frequency domain relationship for Figure 2.3 are

n=—0oo

X)) = /_o:o i s[n]h,(t — nT)e 7Mdt

= Y sl (R)e T = H, (GRS

= TS Q] < /T,

A(JSY) = H.(jQ) - H(j) - X&) |9 <=/T,

(2.4)

(2.5)

(2.6)

(2.8)

y[n]



From Equation 2.6, 2.7 and 2.8, the overall system can be modeled as a equivalent

discrete time channel, ¢;, and the frequency response of ¢; is

C(e) = H,(j lw| < 7. (2.9)

2.2 Statistical Properties of D/C Converter

In this section, we will derive the PSD of input signal s[n| and output signal z(¢)
of the D/C process, the detail is in Subsection 4.4.1 of [10]. Suppose the input
sequence s[n| is Wide Sense Stationary (WSS) with autocorrelation function R;|[k]
and mean my. From Equation 2.2, the autocorrelation of z,(t) is

R, (t,t+7) = FElz(t)z(t+ 7)]

o0

= i > Els[n]slnillbr(6=aT)h,(t + 7 —mT), (let m—n=k)

n=—00 Mm—=——0o

— S RJK S (b= i@k (B kT — nT). (2.10)

k=—00 n=-—00
We can verify that z.(t) is a Wide Cy¢loStationary Sense (WCSS) process, that
is,
Elz(t+T)] = Elz(t)]
R,(t+T,t+7+T) = Ry(t,t+ 7). (2.11)

The mean and autocorrelation function are periodic function with period 7. The
PSD of the WCSS process z(t) is a two dimension Fourier transform of R, (¢, t+7).

It depends on two variable t and 7. The time average autocorrelation function is

_ 1 1%
Ro(r) = 7 C Ry(t,t+7)dt
2
[e'¢) e’} 1 r
= Y Rl Y = _T hy(t — nT)h,(t + 7 — kT — nT)dt
k:ogoo nzo;oo ) %_nT
- kz Rk > T/inThr(t)h,(Hr—kT)dt. (2.12)
=—0Q n=—oo 2

We define the deterministic autocorrelation of A, as

Ry (1) = / " by ()he (t + 7).

—o0



Then Equation 2.12 can be expressed as

Rr) =% Y RKR,(r— kD). (213

k=—00

The average PSD of z(t) is defined as the Fourier transform R, (7).

1 oo X .
5.9 = 7| % RlKR,(r—kT)edr
T k=—00

1 & :
= = 3 R[HeH, ()P
k=—o00

Gt (2.14)

We can conclude that the output of D/C converter is a continuous WSCS process
when the input is a discrete WSS process. From Equation 2.14, we have the
relation between PSD of s[n] and ayerage PSD 6f .z (¢). The mean square of z(t),
i.e., E[z%(t)] can be obtained from Si(;j§) using

Ela*{l)] < f78:(0) g

If the sequence is white, then R,[k] = R;[0]8[k] and E[z?(t)] = R”T[O] T2 | H(52)[2d.
The signal x(t) is a voltage signal and measured across a terminated resistor R,.

Then the measured PSD at the output of D/D converter can be expressed as

S:(j)/R, (Watt/Hz).

2.3 Statistical Properties of C/D Converter

Suppose the input signal r(¢) is WSS with autocorrelation function R,(7) and

mean m,.. The autocorrelation function of the discrete sequence is
Ely[nlylm]] = E[r(nT)r(mT)] = R.((m — n)T).

The autocorrelation function of y[n] can be obtained by simply sampling the

autocorrelation function of r(¢). Also the mean function of y[n] is
Elyln]] = Elr(nT)] = m,,

9



i.e., my = m, and therefore the discrete time sequence y[n] is also WSS with

autocorrelation function R,[k] = R,(kT). The PSD of y[n] is

S(e) = 4 > SGEE). (215)

In practice, an antialiasing filter h,4(t) is included before the C/D converter as

shown in Figure 2.2(b). In this case, we have

569 = 1 % SUEE)
= 2 SGET) G (216)

10



Chapter 3

DMT System

3.1 DMT System Model

The block diagram of a DMT system _is,shown in Figure 3.1. The channel is
modeled as continuous time LTT filter h.(£) plus noise n(t). The input isa M x 1
vector s|i], consisting of QAM modulation symbols; where M is the number of
sub-channels. Each input vector-is passed-throngh an: M x M IDFT matrix. The
P/S operation (parallel to serial €onversion)-eonverts each M x 1 vector into M
serial samples. The Cyclic Prefix (CP) operation adds a CP of length L to each
block. The output sequence g; is sent to the D/C converter and to the channel
he(t). At the receiver, the received signal v(¢) is first sampled. For the received
discrete time sequence, prefix is removed and Serial to Parallel (S/P) operation is
performed to convert the sequence to M x 1 vector y[i]. An appropriate delay d
is included for symbol synchronization before CP removal. For the convenience of
formulation, the value of d is allowed to lie positive. This does not affect actual
implementation. Finally, DFT is applied on each y[i] to obtain the receiver
output vector uli].

From g;, the input of the D/C at the transmitter, to v; output of the C/D at
the receiver, we can represent it as a equivalent discrete time channel model as
we did in section 2.1. The resulting DMT system block diagram is as shown in
Figure 3.2. To have real transmission signal g;, the modulation symbols in the

input vector s[i| are not completely free. In particular, for real g;, s[i] need to

11



have the conjugate symmetric property, sg[i| = s3,_.[i]-

X[Z] / gi U(t) Vi T'i [Remove y[z] .
s[i]|IDFT — EPS —>D/C—> h(t) Halaﬂ C/D|—> Zd > (S?/I; —prr/—) Ul
Figure 3.1: DMT system block diagram.
X[i] 575 9 v; ri [Remove| Y7l '
S[’L] — ) IDFT —— cp C; — Zd > (S:/P ——>DFT—> U[’L]
P

Figure 3.2: DMT system block diagram with equivalent discrete time channel.

Matrix Representation. The vector x[i] in Figure 3.2 passed through the

cyclic prefix and P/S blocks to beia sequencé g;.* The P/S block can be imple-

mented using expander and delays as shown in Figure 3.3. We can collect N

samples of g; to form a N x 1 vector g[i]

gkli] = Gintk,

(3.1)

where gx[7] is the k-th elements of vector g[i]. The relationship of g[i] and x][i] is

eaouli]

glil = ”;’().[i][i] :[ " ]xm,

_.TM,l[Z.]_
and define

B 0 I,
oo o8]

The sequence r; in Figure 3.2 is r; = ¢; * gi1q + Nira, 1-€.,

N-1

r; = Z Ck * Ji—k+d T Mitd
k=0

12

(3.2)

(3.3)

(3.4)



j> » TN » »
Azl
x|i] gi » N >
— CP PS>  — CP Az!
» | N >

Figure 3.3: The representation of P/S block using expanders and delays.

This can be written in matrix form.

B Cd o i Co 0 = .. O ;
TiN : T ZiN
TiN+1 _lena o 0 RiN+1
. - 0 CO .
TiN+N—1 : "o . ZiN+N-1
L 0 - P et - g
r 0 « e CN—I « . cd+1 T
. Z(i—1)N
Z(i—1)N+1
+ CN-1 X
O 0 R(i—1)N+N-1
0 0
. R(i+1)N NN +d
+ C‘o - 0 Z(i+1-)N+1 + niN—f—d—l—l
Cd*l PR CO .. 0 Z(i+1)N+N_1 niN+d+N_1
= Cogli] + Cig[i — 1] + Cogli + 1] + nd]. (3.5)
Let’s define the block C(z) as
C(z) = Cy+ 27'C + 2Cy, (3.6)

13



to represent the operations of convolution with equivalent channel and the syn-
chronization delay. Cg represents the amplitude of transmitted symbol s[i] and
brings the Inter Carrier Interference (ICI), C; and C; bring the Inter Block In-
terference (IBI). The input of remove CP and S/P block r; is a serial sequence
and be discarded the guard band and collected to an M x 1 vector y[i], the

relationship of the input and output can be expressed as

. Tr41[1]
Yol ri2[i]
yili] | = . =[0 Iy]r[d, (3.7)
Yar—1[] .
’I"N_l[l]
and define
Fi1=[0 Ty]. (3.8)

From the derivations of Equations«3.2, 3.5 and 3.7, the operations in Figure 3.2
can be represented as matrix operationsand redrawn in Figure 3.4. From the

matrix representation, the received output vector ufi] can be represented as

ufi] = WF,CFyW's[i] + WFiCF W' s[i <1+ WF,C,FyW's[i + 1] + WF;n[i]
S—— S— e S—— N——

Bo B B> eli]
= Bgs[i] + Bis[i — 1] + Bgs[i + 1] + WF;e[i]. (3.9)

If the channel order v is smaller than L and synchronization delay d is zero,
we have

B1 = B2 = O, (310)

x|i] gl

-
ke
g
El

C(z)

Figure 3.4: DMT matrix representation.
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and

o 0 o 0 e, - 0
cl Co 0
: . .oCL
F1Co(2)Fo = |e1 cp o 0 0 2Cur.  (3.11)
_ . .
) 0
_0 0 ¢ cpq --- €0 | arwnr

The matrix C,;, is independent of z, then, the IBI vanishes, and C,;, is a circu-
lant matrix. It is known that circulant matrices can be diagonalized using DFT

matrices,

WC,, Wi =A, (3.12)

where A is a diagonal matrix with diagonal elements C}, which are the M-point
DFT of channel coefficients cg, ¢j -~ teg) In-this case the whole system can be
considered as M parallel sub-channels as shown in figure 3.5.

If the channel order is larger than ‘Ls;-usually the case in DSL applications,
a TEQ is introduced to shorten the channel. In Figure 3.6, a TEQ is included
in the DMT system, Let h; = ¢; *x t; be the effective channel impulse response.
Similar to the above derivation, the overall system can be represented using

matrix representation as shown in Figure 3.7. The matrix H(z) is given by

eol1]
Co
so[i] = Jﬁ up[i]
o, eq[1]
s1t] B—@ > uq 7]
61»171[2]
Chrr-1
$nr—1l1] B upr-1[d]

Figure 3.5: Equivalent M parallel sub-channels.
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" hg v e+ hy oz lhy_y o0 2 thgi ]
: z thy_y
H(2) = | hyo he . (3.13)
Zh() ' :
| 2hyy -+ zho hn_q ha o

The derivation of Equation 3.13 is similar to that of Equation 3.5. If the channel
order is larger than prefix length L, received symbol will be affected by ISI. From

matrix representation, the equalized channel matrix H(z) can be expressed as
H(z) = Hy + 2 'H, + zHy, (3.14)

where Hy, H;, and H, are independentiofsz.. The relationship between input

signal vector s[i] and received vector u[il.is

ufi] = WF,HF,W's[i] + WFH,FoW's[i — 1]+ WF,H,F;W's[i + 1] + WF n[i]
~ ~~ d ~ ~~ - S—_— N———

A B C eli]
= As[i] + Bs[i — 1] + Cs[s+ 1]+ e[i]. (3.15)

n;

/S 3 Remove
s|i] =IDFT == p > i H%H 2 b (SZ/I; —DFT —> u[z]

Figure 3.6: The block diagram of a DMT system with TEQ.

n|i]

s[i] — wt F, H(z) F, W — uli]

Figure 3.7: Matrix representation of DMT system and TEQ.
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3.2 Output PSD of a DMT Transmitter

The DMT transmitter can be implemented as Figure 3.8.(a). Let us define the

matrix G as
G =F,WT. (3.16)

As G is a constant matrix, we can exchange G and the expanders and redraw
Figure 3.8.(b) in 3.8.(c). The M-input-one-output system from pli] to g; is LTI.
Let’s call the M x 1 system f(z) with

f(z) = [Fol2) Fi(z) -+ Fu(2)]. (3.17)

Then
f(z) =[1 2t ... 7@ V]G (3.18)

N-1
The k-th transmitting filter fix[i}is defined by Fi(z)-= > 2z 'Gi, with impulse
i=0
response

1 (i=
filil = e Wi = 0 N -1 (3.19)

The DMT transmitter can be implemented by the filter bank defined above and
shown in Figure 3.8.(d).
Assume the input si[i] of the expander is a WSS process and zero-mean. The

mean and autocorrelation of the output of expander v[i| are

Epli]] = o,
Rl = Bl o
_ { [SkHNJO]’SkHN“]’ n/N an O:”lbl/e | ame InLCBSIS:(3.90)

where |z| denotes the largest integer smaller or equal to z. From Equation 3.20,
we can conclude that the output of the expader is a WCSS process with period
N if the input is a WSS process. And the average PSD of the WCSS process
pili] is

Sy () = 151, (7). (3.21)
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soli] j L LY x(t)
> » ‘ ‘> TN > ) » D/C ——>»
sifi] R Az!
—> » TN >
. Wi Fo Azl
sy—li]
— > >
» | N —>
(a)
. pli] 9i x(t
soli] v
> TN > > D/IC —>»
s1li] A !
—» N > >
G A Z*l
SMfl[i]
—> [N
—
(b)
soli] pli] woli] x(1)
— > | N Fy(e?) » D/C —>»
s1[] : wyi]
—> | N > Fi(e) >
S]\[fl[i] wA\Jfl[i]
— TN ‘Fl\lfl(ejw) »
(c)

Figure 3.8: DMT transmitter.
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As the input of the transmitter filter F(e’*) is a WCSS process, the output wy|1]
in Figure 3.8.(d) is also a WCSS process and the average PSD of wy[i] can be

obtained,

Suele) = 2y o (3.22)

In DMT system, the inputs are in conjugate pairs, sx[i] = s3,_.[7]. Let us ex-
pressed si[i] in terms of real part ax[i] and imaginary part by[i] as

And assume aifi] and bi[i] are uncorrelated, joint WSS with autocorrelation
functions R, [i] = Ry, [i] = 0i]es, /2, where the scalar 1/2 is included so the
e[|sk[?]|?] = €s,. Notice that the k-th and the (M — k)-th transmitting filters are
also in complex conjugate pairs, fgli} = fi;_plil: Express fi[i] in terms of real

part fi req (] and imaginary partsf imaegli} as
fk [l] = fk,'real [Z] - jfk.imag [7'] (324)

The the output of the transmitting filter wy[i] and wys [i] in Figure 3.8.(d) are

complex conjugate of each other. Define
wi[i] = wgli] + war—li], (3.25)
then w;, = 2Real{w[i]} and it can be written as
w[i] = 2 ;(ak (1] frreatli — N1 = bk[l] fr,imagli — N1]) (3.26)

as the ag[i] and bg[i] are uncorrelated, we can obtain the average PSD of wy,

2¢g,

N

§wk’(ejw) = (|Fk,real(ejw)|2 + |Fk,imag(€jw)|2)a (3-27)

where Fy, reqi(€7%) and Fy jnqy(€7) are respectively the Fourier transform of f eq]1]
and fi imag|i]- On the other hand, notice that Fy(e/*) = F rea(€7“) 47 Fk imag (€7%)-
With far—k[i] = ferearlt]—J fr,imagli], we have Frr_i(€7%) = Fi rear(€7”) =7 F imag (€7%).
We can verify that,

Fu(e”)* + [Far—r(€™)* = 2(| Frear(€™) * + | Fiimag (6™) ) (3.28)
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As a result
_ . € v ‘o
Sut (") = T F()P + | Fu—e(e™)[?). (3.29)

The transmitted average PSD Sy(e’*) is the summation ofS, (¢/), plus Sp(e’*)

and Su/2(e?) if M is even. Therefore, we have

M-1

— . 1 .
Sy(e) = 5 X calFr(e) (330
k=0

As a result, the output signal z(t) of the D/C converter becomes a WCSS process
with period NT as g; is a WCSS process with period N. The PSD of z(t) is
1 M-1

S.(9Q) = NT :

<€sk|Fk(€jm)\QIED(J'Q)|2 (3.31)

3.3 Transmitter PSD for DSL System

In DSL system, FDD is used to separate the upstream and downstream data. For
example, Figure 3.9 shows the PSD for upstream and-downstream transmission of
Very high speed Digital Subscribér Line (VDSL) system. Then, the tone indexes
for upstream and downstream are listed in Table 3.1. The tones with indexes

5,6---32 are reserved for optional upstream transmission.

Table 3.1: Tone index of upstream and downstream band.
Upstream | 5,6---32,871,872---1205,1972,1973 - - - 2783
Downstream 33,34 ---870,1206,1207 - --1971

In downstream transmission, the upstream tones are not used and are referred
to the null tones. Similarity, the upstream transmission the downstream tones are
used the null tones. In VDSL system, M = 8192, L = 640 and % = 35.328 M H z.
Fy(e’'T) is a narrow band filter, we show the The magnitude response of F,(e’)

in Figure 3.10. The samples of S,(j€)) can be written as

S0 lamgzs = e F(e ) 2 Hy (o0 P (332)

M

N
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Figure 3.9: PSD template, (a) upstream, (b) downstream.
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normorlized to = w107
Figure 3.10: Magnitude response of Fy(e’*).
We have |Fi,(e/57)| = |Fy(e??)| = \/LM and assume the reconstruction filter

|H,(jQ)? = T?, || < 5. Equation 3.32 can be expressed as

_ 1 N2
SI(JQ)‘Q:% ~ ﬁe% . ﬁ . T2
€s, NT
- M 3.33
M ( )

Assume the amplitude of the transmitter PSD is —60dBm/Hz = —90dBW/H z
in the used bands, and the signal power is measured across a terminated resistor
R, = 1000hm. The k-th tone belongs to used tones signal power can be obtained
using Equation 3.33,

MS,(9)
€5, T‘”:—m (V?), (3.34)
with
—, .21k
——)~10"°-R,=10"" 2y
S(j MT) 07°-R,=10"" (V?)
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We can calculate the signal power as following,

107°M
€ = (Watt)
0% RM 107M , ,
= ~T = NT (V?). (3.35)

Therefore the output PSD of the transmitter is shown in Figure 3.11.

-ED T T T T T T T T
- 70 [—— (R
-80
o
A=)
~ -H0
L
o
-100
-10F
_*IZD 1 1 1 1 1 1 1 1
0 2 4 B 8 1a 12 14 18 18

f[HZ] w 106

Figure 3.11: PSD example: VDSL downstream transmission.

3.4 Generation of Noise for VDSL System

In this section, we will give two noise generating examples, one is white noise and
other one is Far-End crosstalk (FEXT) noise in VDSL system [2]. The Near-End
crosstalk (NEXT) noise can be generated using the same step as FEXT noise. In
VDSL system, T is m, block size M is 8192, and CP length L is 640.
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3.4.1 White Noise

For example, The continuous white noise PSD is —170dBm/H z in VDSL system
and it is measured across a terminated resistor R, = 1000hm. The continuous

white noise PSD is
Sec (]Q) — 10—170/10 A 10—3 . Rv — 10—18 (V2) (336)

Assume the magnitude response of antialiasing filter before the C/D converter

|H,(jQ)* = 1V|Q| < Z. The discrete white noise PSD is
S.(e’) = 107'% . 35328000 - 1 = —104.5 (dB).

The continuous white noise PSD, frequency response and discrete white noise are

shown in Figure 3.12.

3.4.2 FEXT Noise

The FEXT noise PSD in VDSL system camberobtained in [2]. The FEXT noise
generator is shown in Figure 3.13,dn-which ¢(#).is generated as the alian cross

talk noise. The PSD of g(?) is

Se(iQ) = Su(jQ)-10°% (V) (3.37)

and it is measured across a terminated resistor R, = 1000hm. The PSD S,(j2)
is the PSD S, (j€2) adding 8dB, the addition of 8dB approximates the power
generated by the sum of 20 VDSL systems operating in a multi-pair cable. The

magnitude square of the crosstalk transfer function Hy(j<2, L) is

[Hy (5, L)|* = [H(GQ - Kjear - (1/49)™° - L+ (Q/27)?, (3.38)

where H(j€2) is channel frequency response, the coefficient K jepy = 2.44 x 10722
and L(feet) is the length of twisted pair loop. From Equation 2.16, the PSD of
discrete FEXT noise e[n] is
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Noise 9(t) Crosstalk ec(t) Antialiasing e[n]
generator transfer I filter C/D N
function ha(t)
ho(t)
T

Figure 3.13: FEXT noise generator.

. 1 w
Se(e™) = 7S (i), wl <, (3.39)

as the h,(t) = sz::% To generate a random sequence with PSD S, (e/*), we can
pass a white sequence through a FIR filter hs[n|. The FIR filter is obtained
from 32768-point IDFT of the 32768 samples_of S.(e’*) over w = {0 ~ 27}. To
shorten the length of hs[n], we will add_a length 257 Hanning window on the

impulse response of 8192-point IDFT of the 8192 samples of S,(e’¥), i.e.,
hln] = I [0] < ZDETELS. (€355 )}, (3.40)

where S, (e757s ) are the 32768 samples ofgS(€#%) over w = {0 ~ 27}. With

0.5 — 0.5 cos(2mn/257), 0<n <257

fihan|n] = { 0, otherwise (3.41)

Figure 3.14.(a) shows the PSD of S,(j2), 3.14.(b) shows the magnitude re-
sponse of channel |H (j€)|?, 3.14.(c) shows the magnitude response of hy(t) filter
|Ho (592, L)[?, 3.14.(d) shows the PSD of continuous time FEXT noise S, (jS2),
3.14.(e) shows the PSD of discrete time FEXT noise S.(j€2) and 3.14.(f) shows
the FEXT noise generated by a white noise sequence passing through the filter
h¢ln].
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Figure 3.14: (a) The PSD of S,(j€2), (b) the magnitude response of channel
|H(j2)?, (c) the magnitude response of hy(t), (d) the PSD of continuous time
FEXT noise S, (7€) (e) the PSD of discrete time FEXT noise S,(j$2) (f) the
PSD of FEXT noise generated by a wjgte noise sequence passing through the
filter hg[n].



Chapter 4

Previous TEQ Designs

This chapter is a survey of 2 TEQ designs that we will compare with our proposed

TEQ.

4.1 MSSNR Algorithm

In DMT system, we have known:that the channel canbe considered as M parallel
sub-channels if the channel orderis smaller than L. If channel order is larger than
L, ISI raised. We can shorten the channel into-a length L+ 1 window with starter
point d, then, the ISI power be eliminated. To measure the channel shorten effect,
we can define the SIR, it is the energy inside the length L + 1 window over the
energy outside the length L + 1 window.

d+L

> h?

1=d

d S B2
i=0,i#£(d,-d+L)

max

SIR = (4.1)

In [3], a maximal SIR TEQ be proposed, it derived the SIR as a quadratic form
and solve the optimal solution by Rayleigh principle.
The equalized channel coefficient, h; = ¢;*t;, can be represented as two matrix

multiplying, and t is a T, X 1 vector represents TEQ coeflicient.
ho

hy

hequ = .

hu—l—Te —1
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—C() 0

C1 Co

Cy—1

0

CufTe—|—2

Cy

cl/*Te—I-l
cufTe—|—2

lo
t
. (4.2)

tr,—1

The coefficients inside and outside the window can be expressed as A, and Aq-

ha

hay1
hwin - .

| hatr

Cd+1

LCd+L
= Cwint7

hwall =

Cd—1
Cd+L+1

L 0

= Cyaut.

Cd Cd+1

Cd

Cd+ L1

Cq—2
Cd+L

Cd+T.—1

Cd+0="T.+1

C4d—T,
Cd+L-T.+2

Cy

The SIR defined in Equation 4.1 can be expressed as

ttc!

win

SIR = ]f‘””
hwallh

The optimal TEQ shall be chosen to maximize h! h,,;, while h!

win

wall tTCLalleallt .

to
t
tr, 1
(4.3)
to
ty
tr, 1
(4.4)
(4.5)
wallhwall = 1. The

matrix CLallea” is Hermitian and positive semidefinite typically, however, we



can assume it be a positive definite matrix. Because the eigenvalue of CLa”Cwa”
equals zero means there exists ISI free TEQ but it is rare the case. If CLa”Cwa”
is positive definite, we can perform Cholesky decomposition on it, CLallea” =

R'R and Rf = R~!, since CLaquau is full rank, R is invertible. Then,
t'Cl _,Cuant = t'RIR. (4.6)
For finding the solution of cost function, let v = Rt, the optimization problem

now is

maz  viRCl, CumR~'v. (4.7)

v viv

According to Rayleigh principle, the solution v is the eigenvector corresponding
1.

to the maximal eigenvalue of (R™!)'Glsi@ymR " and SIR equals the maximal
eigenvalue. Solving

t=R'v, (4.8)

the optimal TEQ t obtained. The {[EQ is dependent on delay d, we should
exhaustive search the optimal TEQ as the maximal SIR on possible delay ap-
pears. MSSNR provides a solution for'maximal SIR, it is appropriate for TEQ
performance comparison. In Figure 4.1, the impulse responses of VDSL loop 7
and the equalized channel using MSSNR algorithm are shown, we can see that

the channel be shortened. The SIR of the original and equalized channels are
35.79dB and 76.06dB.

4.2 MERRY Algorithm

After CP block, the first L transmitted samples is repeating the last L samples.
Convolving the channel, the relationship be destroyed because ISI raised. For

example,

L=2v=3and M =8,

T1:C()'.Tl+Cl'$0+02'x_1+03'$_2,
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Figure 4.1: MSSNR: VDSL loop'7; L = 640, d = 7.

T9g =Cy-Tg+CL-Tg+ Co-T7aFCs-Tg=Co=T1+C1-Tog+ Ca-T7+ C3 - T,
where 7; is the received sequence before' TEQ block. If ¢, and ¢35 equal zero,
rp = r9. MERRY [4], a blind and adaptive TEQ algorithm, is trying to force c,
and c3 to be zero, then, shorten the channel. The cost function of MERRY can
be expressed as

Jd = EHyd_yM—l—dP]a de (O,I/) (49)

where d is the optimal delay and same with synchronization delay and y; = r; xt;.

Based on the concept, we can modified the cost function for fast convergence.
Jamoa = O El|yari — yur+aril’], (4.10)
i

where 7 can be chosen as a continuous sequence and d + i € (0,---v). To solve

Equation 4.10, we can perform a stochastic gradient descent method. Getting

the instant cost function

Jainst = O [Yari — Ynrsdril s (4.11)
G
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and the gradient
aJd,inst

at, = Z(de — Yn+dti) (Tapit — TMtdyii)- (4.12)
i
Define
€ = (Ya+i — YM+d+i)
di = (Tasit—Tamrarit)- (4.13)

TEQ can be obtained by updating

tk+1 (l) — tk(l) . ManZ,(ilrsst
=t*(l) —ud é - d;. (4.14)

For avoiding trivial solution t = [0, -.+20]%, thé FEQ should be normalized as
tk+1

k1 |

In the gradient descent method, the optimal-delay should be given first, we prefer
setting the start point of the maximal SIR of original channel c; as the optimal
delay. In Figure 4.2, the impulse responses of VDSL loop 7 and the equalized
channel using MERRY algorithm are shown, we can see that the channel be
shortened. The SIR of the original and equalized channels are 35.79dB and
44.78dB.

4.3 MFSIR Algorithm

In training pahse of VDSL system, the pilot tones are assigned the same QAM
symbol every DMT blocks. The elements of received output vector u[i] shown
in Figure 3.6 will not be zero-mean. We can compute the mean of elements
corresponding to pilot d and null tones 1,

_ 1 Na

d = FZd[i]

a =1
1 e

n = ﬁZn[i], (4.16)

a =1
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Figure 4.2: MERRY: VDSL loop 7, L'= 640, d = 227.

where d[i] and n[i] are vectors whoese elements @re the elements of ufi] corre-
sponding to pilot and null tones respectively," N, is the number of collected block
u[i]. The averaged null tones elements 1 is mostly the interference caused from
pilot tones. The square of norm of d and . can be considered as power of pilot
and null tone signals. We will maximize the ratio of pilot tone signals power over
the null tone signals power and the cost function is
s- 39
n'n
From Figure 3.6 and the derivations of Section 3.1, the input vector of DFT block

y|[i] can be written in terms of the received sequence before TEQ r; and TEQ

coefficients t; as

TiN+L+d TiN+L+d—-1 ~°° TiN+L+d-T.+1 to
. TiN+L+d+1 TiN+L+d o TiN+L+d-T.+2 51
y[t] = : . . . (417)
T(+1)N+d—1 T@E+)N+d—2 “°°  T(@+1)N+d—T. lr,—1
A -~ s _;—4
R; t
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where R; is a M x T, matrix. The i-th pilot and null tone vectors d[i] and nl[i

can be expressed as

dlif = Wyli]
nli] = Wayli, (4.18)

where W1 and W, are the rows of M x M DFT matrix W corresponding to pilot

and null tones respectively. Using Equation 4.17, we can write d[i] and n[i] as
d[i] = W Rit, n[i] = W2R;t.

Then Equation 4.16 can be expressed as
d[i] = W ;Rt, mfi] = W,Rt,

where

Therefore we have

dd = A RWIW, Rt =tAt
A N ——

A
an = t'RIWIW.Rt = t'Bt. (4.19)
B

The cost function can be expressed as
tTAt

tiBt’
The optimal problem can be rewritten as

max
T
g AT (4.20)
subject to t'Bt =1

Solving Equation ?? leads to a TEQ that satisfies the eigen problem
At = \Bt.

The optimal solution t is the eigenvector corresponding to the largest eigenvalue
of B 'A. In Figure 4.3, the impulse responses of VDSL loop 7 and the equal-
ized channel using MFSIR algorithm are shown, we can see that the channel
be shortened. The SIR of the original and equalized channels are 35.79dB and
58.28dB.
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Figure 4.3: MFSIR: VDSL loop 7, L = 640, d = 0.
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Chapter 5

Proposed TEQ Design

In Section 3.2, we derived the relation between the receiver output vector and

the transmitter input vector. We repeat it here for convenience.
uli] = Asl[i]+ Bsfi— 1]+ Cs[i + 1] + €[i]. (5.1)

Notice that the diagonal terms of A represent; the sub-channel gains, while the
off-diagonal terms represent interference form other tones of the same block.
Also the nonzero elements in B and € contribute to interblock interference. To
facilitate our analysis, we write A as A = A + A, where A is a diagonal matrix
containing only the diagonal elements of A and A, contains only the off-diagonal

elements of A. Then, we can write
ufi| = As[i] + Ags[i] + Bs[i — 1] + Cs[i + 1] + e[i]. (5.2)

The elements of A, B and C can be expressed in terms of the TEQ coefficients.
In particular,

Ag = agt, By = bgt, Ciy = cpt, (5.3)

where t is the vector of TEQ coefficients. The derivations of the row vectors
ay;, by, and ¢y are given in Appendix A. We would like design the TEQ such
that interference from all these sources can be minimized. For instance, we can
design the TEQ ¢; such that a particular coefficient Ay, ;, is minimized. The term
| Ago.to|? Tepresent the interference from the ly-th tone to the ko-th tone. From

Equation 5.3, we know Ay, ;, = ay,;,t- Therefore

2 _ 4toT
|Ak0,lo‘ =t ako,loakO;lot’
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which is a quadratic form of t. The TEQ t that minimizes |A,;|* can be
found by solving a eigen problem. Take VDSL test loop 7(sampling frequency =
35.328 M Hz) as an example. The impulse response of the channel is shown in
Figure 5.1. We use M = 8192, L = 640 and d = 0. Suppose we choose ky = 1500
and lp = 2000. The equalized channel h; in this case is shown in Figure 5.2. As
a measure of shortening effect, we compute the SIR of the original channel and
the equalized channel. The definition of SIR is as given in Equation 4.1. The
SIR of the original and equalized channel are respectively 35.8dB and 59.4dB.
As second example, we choose ky = 3500 and [y = 2500. In Figure 7?7, we show
the two columns of Ay, i.e., |[Agx|? for k = {0,1,---,4095}, k # | where the
two columns are [ = [y = 2000 and [ = 100. Although one tone interference
from other one tone be minimized, (|Agy | for k& = 4096, 4097, - - -,8191 is not
shown as each column of Ay is conjugate symmetric.) In Figure 5.4, we show the
impulse response of equalized channel. The SIR of equalized channel is 58.04dB.
We can see that the channel si also successively shortened. Therefore minimizing
one coefficients of A shortens the chanmel effectively. The reason for this is
that the element A, ;, is a linear eombination of equalized channel coefficients
ho---ha_1,harr - --hy_1- Minimizing the |Ay,|? is implicitly minimizing the
coefficients outside the windows and thus the channel is shortened. TEQ designed
for minimizing the interference of one tone to another tone can effectively shorten
the channel. Let us design TEQ for minimizing the several tones interference
from several tones be considered. That is, let us minimize the elements in several
columns of A, B and C. We design the TEQ by minimizing k%;le@[lj#k | Ago | +
kze:E 1§9(|Bk’l 7

2 + |Cky/?) when = and © are some chosen set of tones. As an
example, we choose = and © € {2500, - - -,4095}. The resulting equalized channel

is shown in Figure 5.5.(a). The magnitude response of TEQ is shown in Figure
5.5.(b). The SIR of equalized channel is 72.43dB. The equalized channel be
successively shortening and the zeros of TEQ are mostly in the frequency band
corresponding to = and ©. As another example, we choose the sets = and © €
{1500, - - -,2500}. The resulting equalized channel is shown in Figure 5.6.(a). The
magnitude response of TEQ is shown in Figure 5.6.(b). The SIR of equalized
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channel is 70.32dB. The equalized channel is also shortening and zeros of TEQ is
mostly in the frequency band corresponding to = and ©. To save the computation
complexity, we will give two examples where the interference of one tone to several
other tones of the same block and of different blocks be considered. That is, let
us minimize several elements in the particular column of A, B and C. We design
the TEQ by minimizing 3> |Ag | + | Bi,,
of tones. As an exampl(f,e;ve choose Iy = 2500 and = € {2501,---,4095}. The

2 4+ |Ck.1o* when = is some chosen set

resulting equalized channel is shown in Figure 5.7.(a). The magnitude response of
TEQ is shown in Figure 5.7.(b). The SIR of equalized channel is 58.98dB. We can
see that channel be shortened and zeros of TEQ are mostly in the frequency band

corresponding to the tones in Z. As another example, the equalized channel and

frequency response of TEQ by minimizing 3> | Ay jo|* 4| Bi,jo|>+|Ch1|*, we choose
E € {1501,---2500} and I, = 1500. Thekzaualized channel is shown in Figure
5.8.(a). The SIR of equalized channel i5:60.79dB.~The magnitude response of
TEQ is shown in Figure 5.8.(b).=We can see that channel be also shortened. The
zeros of TEQ are also mostly in the frequency band corresponding to set =. The
TEQ design for minimizing one column elements has good channel shortening
effect and the zeros of TE(Q are both mostly in the frequency band corresponding
to Z. The TEQ design can minimize one column elements of A, B and C to save
the computation complexity.

Remark. Intuitively, one natural cost function is the interference in the
tones used for transmission, i.e., choosing = to be the collection of used tones.
However, as we have seen in the previous examples, the zeros of TEQ are mostly
in the frequency band corresponding to =. Choosing = to be the collection of
used tones will lead to TEQ with zeros in the used tones. This has an adverse

effect on transmission rate. As a general guideline, we can choose unused tones

for =.
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Figure 5.1: VDSL loop 7, (a) impulse response, (b) magnitude response.
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43



- original
02t I — equalized ||
0.1} H
0 - "---,___‘____‘__
-0.1
-0.2 . . . . . 1
200 400 600 800 1000 1200
n
(@)

20

dB

0 0.2 04 06 08 1
normalized frequency

(b)

Figure 5.5: TEQ example on = and © € {1500, 1501, ---,2500}, (a) the original
and equalized channel, (b) the magnitude response of TEQ.
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Figure 5.6: TEQ example on = and © € {2500, 2501, ---,4095}, (a) the original

and equalized channel, (b) the magnitude response of TEQ.
45



- original
— equalized

015
01F
0.05p

_____________

-0.05p
-01F
-0.15F
-0.21

-0.25F

200 400 600 800 1000 1200

cB

0 0.2 04 0.6 0.8 1
normalized frequency

(0)

Figure 5.7: TEQ example on = € {2501, ---,4096} and [y = 2500, (a) the original
and equalized channel, (b) the magnitude response of TEQ.
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In light of the above examples, we propose the following cost function.

min

d ¢ = Trez Licoizk |Anl> + iz Xico |Bul® + [Cul?, (5.4)

where © denotes the set of tones whose interference to tones in = will be mini-

mized. From Equations A.8, A.14 and A.20, we have
A = ayt, By =byt, Cy = cyt, (5.5)

where the elements of Ay;, By, and Cy; are all related to synchronization delay d.

Then ¢ can be expressed as three parts,

Z Z |Anl? = tf(z Z aZlakl)t, (5.6)

k€= 1€0,l#k k€= 1€O,l#k
S S 1B = (D) bl b, (5.7)
keZ €O keZEdeO
Y X Il = 0 Y chent. (5.8)
k€= 1€® kEEIcO

Let

A= Y alau XY (blbu + cfien)

kEE 1€O,I#k kEZ 1€O
Then the cost function ¢ becomes
m;n ¢ =t Apt, (5.9)

which is a quadratic form of t. It can be minimized by finding the eigenvector
corresponding to the smallest eigenvalue of Ap. The optimal TEQ t is obtain by
exhaustively searching till the minimal cost function be found at a particular d.
Remark. Observing Figure 5.7.(b) and Figure 5.8.(b), we shall choose the
successive tones for =, Then most zeros will be in the tones belong to =. The
tones in the sets are chosen far away the used band for transmission and the most
zeros be in the null tone band and keep the edge of used band for transmission on
the height. For example, the proper sets for downstream transmission in VDSL

are = = {3001,3002 - --4095} and © = {3000}. In this case, = tones ISI from one
tone © = {3000} be minimized.
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Chapter 6

Numerical Simulation

In this chapter, the two performance measures used in our simulations, SIR and
bit rate, will be introduced first in Section 6.1. Simulation environment is given in
Section 6.2. A TEQ design example of:the proposed method for VDSL loop 7 for
downstream transmission are shown in Section'6.3." The results will be compared
with those of MSSNR method. The performance of the proposed TEQ in terms
of SIR is given in Section 6.4. Bit rate performance is given in Section 6.5. In the
simulation results of Section 6.4 and 65, we will:compare the proposed method

TEQ with MSSNR [3] and MERRY [4]:

6.1 Measures of Performance
We will use two performance measures:

e SIR: It is a good measure for evaluating channel shortening effect. The

definition of SIR given in Equation 4.1 is repeated here.

d+L 9
max Z |h"
SIR =" i=d : (6.1)
> ;|2

i=0,i#(d,d+L)

e Transmission rate: The number of bits allocated for the ith tone is

bi = lOQQ(l + SINR]

). (6.2)
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where SINR; is the signal to interference and noise ratio of i-th tone. And
n depends on desired error rate. For example, for an error rate of 10757 is
4.7863. Then the transmission rate is

M/2

1
ﬁgo b. (6.3)

For VDSL system, M = 8192, L = 640, N = 8832 and % = 35.328M Hz.

The maximum number of bits on each tone is 15.

6.2 Simulation Environment

We use VDSL as an example in our simulation [2]. The transmission media is
twisted pair loop. The DFT size M is 8192, and cyclic prefix length L is 640.
The sampling rate is % = 35.328 M.Hz. The transmitted massage is mapped into
QAM symbols. White Gaussian Noise (AWGN), with -170dBm/Hz and FEXT
and NEXT noise are considered: The channel is assuimed to be static. The loops
used in our simulations are listed in ‘Table 6.1. The magnitude response of the

first 7 loops are shown in Figure 6.2

Table 6.1: VSDL test loop length.

Loop Length (feet)
VDSL-1L 4500
VDSL-2L 4750
VDSL-3L 4750
VDSL-4L 4800

VDSL-5 950

VDSL-6 3250

VDSL-7 4900
VDSL-1_2km 6562
VDSL-2 2km 6812
VDSL-3_2km 6812
VDSL-4_2km 6862
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Figure 6.1: Magnitude responses of the First 7 test loops, (a) VDSL-1L, (b)
VDSL-2L, (c) VDSL-3L, (d) VDSL-4L, (¢) VDSL-5, (f) VDSL-6, (g) VDSL-T.
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6.3 A TEQ Design Example

The channel used in this simulation is VDSL loop 7 of 4900 feet. The impulse
response and frequency response of loop 7 are shown respectively in Figure 6.2(a)
and 6.2(b). Downstrean transmission will be considered. We will design TEQ
using the proposed method and MSSNR method. For the proposed method, we
choose = = {3001,3002---4095} and © = {3000}. The TEQ in both cases are
of 40 taps. The impulse response of the two equalized channels are shown re-
spectively in Figure 6.3(a) and 6.3(b). We can see that both TEQ have effective
shortened the channel. The frequency response of the two TEQ are shown re-
spectively in Figure 6.4(a) and 6.4(b). For the proposed method, the zeros of the
TEQ are in the unused bands. The zeros of MSSNR TEQ are more uniformly
distributed in both used and unusedsbands asshown in Figure 6.4(b). We plot
for each individual tone signal power, intérference, noise due to AWGN and noise
due to crosstalk noise in Figuré 6:5: Figure6.6(a),-(b), (c) shows respectively
the bit loading for the case when thereis no TEQ, the case with the proposed
TEQ and the case with TEQ designed using MSSNR method. In Figure 6.6, we
can see that both TEQ have better bit rate ‘performance than the case without
a TEQ. For the MSSNR method, dips occur around the zeros of the TEQ in the

transmission band. This results in some loss in transmission rate.
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6.4 SIR Performance

The SIR of the equalized channels with TEQ using our proposed method are
listed in Table 6.2. The SIR of the original channels are also obtained by using
Equation 6.2. For comparison, we have also listed the SIR of channel equalized
using the MSSNR method [3], MERRY method [4] and MFSIR method [5] .
All algorithm have the channel shortening effect. The MSSNR method has the
largest SIR among the three. This is because the MSSNR method is optimal in

the sense of maximal SIR.

Table 6.2: SIR (dB) on VDSL test loops.

Loop Original | Proposed | MSSNR | MERRY | MFSIR
channel | method
VDSL-1L 47.68 83.19 101.17 54.02 80.69
VDSL-2L 49.86 71.87 91.10 53.94 72.08
VDSL-3L 43.36 85.84 90.55 50.31 67.64
VDSL-4L 28.63 52.18 67.10 35.57 61.22
VDSL-5 69.90 101.76 105.18 69.89 96.24
VDSL-6 53.01 91.85 94 .98 58.28 69.46
VDSL-7 35.79 99.52 76.06 44.98 58.28
VDSL-12km | 19.03 39.85 48.98 27.48 41.05
VDSL-2_2km | 27.79 56.48 65.89 45.55 60.02
VDSL-3_2km | 26.37 53.82 62.56 46.31 55.94
VDSL-4_2km | 17.00 27.77 41.19 27.80 36.39

6.5 Transmission Rate Performance

The transmission rate performance of the proposed TEQ for all test loops in Table
6.7 is listed in Table 6.3, For comparison, we have also listed the transmission
rates of MSSNR method, MERRY method, MFSIR method and the case when
no TEQ is used. The transmission rate performance of proposed method is
better than MSSNR and MERRY. For short loops, the TEQ is not important
for transmission rate. In this case, no TEQ is better. For long loops, the TEQ

can significantly enhances the bit rate performance. The bit rate performance for
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VDSL loop 1 of different loop lengths is listed in Table 6.4 and plotted in Figure
6.7.

Table 6.3: Bit rate (Mbit/Sec) on VDSL test loops.

Loop Original | Proposed | MSSNR | MERRY | MFSIR
channel | method
VDSL-1L 70.22 73.06 69.34 72.92 74.14
VDSL-2L 65.02 69.82 62.94 68.05 68.84
VDSL-3L 61.01 67.74 55.11 65.82 67.69
VDSL-4L 27.27 42.79 41.63 36.32 42.72
VDSL-5 94.26 94.18 90.92 94.25 92.15
VDSL-6 77.80 79.76 73.53 79.38 77.79
VDSL-7 39.39 54.17 53.01 49.42 54.71
VDSL-1_2km 15.46 27.8 25.03 22.86 27.16
VDSL-2_2km | 29.71 42.26 40.87 40.3 42.00
VDSL-3 2km | 29.12 41.34 39.97 39.74 40.85
VDSL-4_2km 10.22 16.97 16.01 16.08 16.73
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Table 6.4: Bit rate (Mbit/Sec) on VDSL loop 1 of different loop length.

Length (feet) | Original | Proposed | MSSNR | MERRY | MFSIR
channel | method
1000 94.03 94.06 90.79 94.04 93.98
1476 91.80 91.70 88.94 91.77 90.92
1969 90.07 89.91 85.19 90.04 90.00
2461 88.74 88.59 82.23 88.73 87.95
3000 86.73 86.63 81.74 86.76 86.66
3445 84.81 84.49 84.32 84.82 84.09
3937 80.23 79.68 76.91 80.64 80.24
4500 70.41 74.09 69.42 72.9 73.94
4921 59.00 67.37 63.09 64.85 67.92
5413 45.31 59.23 55.44 54.11 59.83
5906 37.48 52.65 44.76 44.84 52.504
6562 15.55 27.8 24.97 22.77 27.17
‘. . . :
o0e) S SO S —+— original |
' : ~<4- proposed
V0] 2 o S S N -$-- MSSNR
-+-- MERRY
0] S S S U A -
L BOF------ ety e FE SRR -
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Figure 6.7: Bit rate for VDSL loop 1 of different loop length.
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Conclusion

The channel will be ISI free if the channel order is smaller than the CP length.
But the loops in DSL system are usually long and the channel order is larger
than the CP length. The TEQ is needed to shorten the channel and mitigate ISI.
The frequency response of TEQ also plays an important role in DSL system. The
zeros in the transmission bands often results in a loss in bit rate. In this thesis,
we minimize the interference in the frequency domain and observe the behavior
of proposed TEQ. We can see that the proposed I'EQ has the channel shortening
effect and the zeros of TEQ be almost in“the frequency corresponding to the
tones which IST be minimized. The simulation of /VDSL system in downstream
transmission is given in Chapter 6. We can see that all the test loops be shortened
using the proposed TEQ. The zeros of proposed TEQ are almost in the null tone
bands. The bit rate performance of proposed method is better than the MSSNR
and MERRY method.
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Appendix A

Elements of A, B and C Matrices

We will derive the elements of A, B and C in this appendix. From Equation 3.13

and ?7?, the received output vector can be separated into 4 parts,

ufi] = WF,HFW's[i] + WF HFoW's[i — 1]4 WF,H,F,W's[i + 1] + e]i].

(A.1)

The matrix Hy can be expressed as H;, #Hgyi, where H;,, depends on Ay, hgy1, -« -, harr

and H,,; depends on hg,---,hg_15hpiri1,---,Bx_1 but not other coefficients.

Then

ulij = WFH,,FoW/'s[i] + WF H,,,FoW/'s[i] + WFH,FoW' s[i — 1] + e[i]

Ain
+ WF H,FWs[i + 1]
~—_——

= Ajs|i] +CAms[z'] + Bs[i — 1] + Cs[i + 1] + e[i].

Aout

B

The equalized channel coefficients, h; = ¢; * t;, can be expressed as

Co
ho C1
h1 :
: - cy
hn-1
L CN+Te—2

0

Co
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0

Cy—T.+1

CN-1

(A.2)
to
t
. (A.3)
tr,—1



Notice that ¢; = 0,V: > v, where v is the channel order. Note that F1H;, F is a

circulant matrix,

[ hy 0 0 hatr hat1 ]
hd—|—1 dd 0
FH,Fo=| s
harr  harr—1 ha 0 0
0 ha+r . :
| 0 .. 0 hgrr hgrp— hq | MxM

(A.4)

The matrix H;, can be diagonalized using the DFT matrix and the diagonal

terms are the M-point DFT of coefficients hg, hgy1 - - - hgrr. The diagonal terms

of A;, can be expressed as

L
Ain,kk = Z h(d + p)e*j%kp
p=0
[ cj cg O 0
Cd+1 :
= [ei%m0 i 3mL] 0 "
(&)
L Cd+L  Cd+L—1 : Cd+L—-T+1 |
- 27 - 2 I;rl
= [edmm0 e Tuml]Pt. (A.5)
We can derive the coefficients of A,,; in a step by step manner.
Aout - VVFlHout]:T‘OVVJr
r 0 hqg—1 ho 0 0 0
ha—1 havr+1 :
: 0
ho + har—o4 havr+1
-W 5
0 ha—1 + haprgd—1 har—2d-1
0 : ho + har—24
hitp+1 0 hn-1 :
: ha—1 + harya—1
L Anvpa—1 hivr+1 0 0 hn_1 harta
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= WT.

The element of Y is

( 2mil

d
=3 hq_i€’

d—i€& M

VM = ’

27 (i+k)L

k
L( h, .eJ h el
i€ M+ d+L+k—i+1€

VM YT i=1

HHM&

2 (i+k)! k

Th =« Mk

—(
M i=k— M+d+2

—_

1=

1 M-1 h
.pJ
Y. hnia—ie
L VM

M—1
Then the elements of A,,; is given by Ay = ﬁ > Yue
i=0

expressed as

> hee T + > hd+L+k—

2w (M= L+i—1)l

M

i+1€’

2w (M—L4i—1)1
™M

Y

),

. 2m (M —L+i—1)1

M )

- 2mki

) 0 0 1
~ Cia—1 - Co 0 0
Aout,k:l = Zp t
Cd+L+1  Cd+1) Cd+L-T+2
L CN-1 CNE2 CN-T 1
Ps
= ZpPot,
when
zZw = [Z0 Z 0 Zwv-a)icu-n)
with
M—d+i—1 ork 27 (m4d—i)l .
ﬁ Y eI elT 0<i<d-1
35 = m=0
[ M—-1 onk 27 (m—L+d—i—1)l .
ﬁ S eI e = , d<i1< M -2
m=1—d+1
k] = ikle for k 75 {.
The matrix B in Equation A.2 can be simplified as
[0 --- 0 hy hayr41]
hy_
B =W M wl
0
1 0 0 |
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1<kE<M-d-1

k=M-1

77 . They can be

(A.10)

(A.11)

(A7)

M—-d<k<M-2



= WU. (A.12)

The element of ¥ is

M-—1 .
L h B 0<k<M-—d-—2
Wy = { VM T TR - -
0, M-—d-1<

M- - 2mki
Then, the elements of B is given by By, = ﬁ > Yue 27, can be expressed

=0
as
Ca+L+1 " Cd+L+T-2
Ca+L+2 ~°° Cd4+L+T-1
By = Ty . : t
L CN—-1 : CN-T 3
Ps
= f'klpgt, (A14)
when
Ty = [fo=f1 FM*d*Q]lx(Mfdfl) (A.15)
with
]_ : 2rkm  ;2n(m—i—1)]
Ty = —Ze_fl‘l/cf 6]2 . . (A.16)
Mm:O
b = I Ps. (A.17)

The matrix C can be simplified as

T 0 0 07
0
C = W wt
ho 0
\hgy -+ hy O --- 0O
= WQ. (A.18)

The elements of €2 are given by

27 (m+d—L)I (A.lg)

0, O<k<M-—d—1
_ k
o = S by M _d<k< M -1
=M—d

=

(3
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M- - 2mki

1
Then, the elements of C is Cyy = -~ > Que 7 . They can be expressed as
0

VM =
Co 0 0
Cou = O | St
Cd—1 Co 0 0
Py
= 6klP4ta (A20)
when
O = [00 01 - O41lixq> (A.21)
with
M-1 ,
0; = L Z e_j%I\IZMejh(m%_L_l)l (A.22)
Mm:M—d+i
Cril = O Pu. (A.23)
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