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Abstract

With architectures such as fiber to the cabinet, the possible combination of shorter lines
deployed from the cabinet with longer lines deployed from the Central Office in the same
bundle can cause the far-end crosstalk from the transmitters located at the cabinet to
severely degrade the performance of the long lines. External interference (including
crosstalk) mostly couples to the twisted-pair line as a longitudinal signal, and then leaks
to differential mode because of the lack of ideal line balance. This thesis offers a possible
solution to mitigate crosstalk impairments worsened by the fiber to the cabinet
architecture. This thesis uses the longitudinal signal as a reference to an adaptive
wideband crosstalk canceller, aiming to decrease the crosstalk in the corrupted
differential signal. Simulations show that the canceller can substantially reduce the
crosstalk in the differential signal and evaluates three distinct adaptive algorithms for

convergence speed and complexity.
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Chapter 1

Introduction

1.1 Thesis Motivation

A major impairment in Digital Subscriber Line (DSL) technology is crosstalk
interference. With architectures such as Fiber to the Cabinet (FTTCab), the lines
deployed from the central office can share the same bundle as the shorter lines deployed
from a remote terminal located near the customer premises. Far-End Crosstalk (FEXT)
originating from the remote terminal transmitters becomes the major performance-
constraining factor as the transmission lines from the remote terminal become shorter.
This is due to the fact that when signal sources are originating at different physical
locations such as a Central Office versus a Cabinet (also referred to as a Remote
Terminal), the transmitted signals enter the final shared bundle at significantly different
levels. The useful signal of the long line is much more attenuated due to a longer
propagation distance to reach the customer. Therefore, the resulting higher level far-end
crosstalk caused by the shorter lines can severely interfere with the attenuated
downstream signal at the receiver of the longer line, implying a significant performance

degradation.

This situation will be analyzed with the deployment of ADSL or VDSL services from a
remote terminal and their detrimental effect on the long line deployed from the central
office carrying ADSL that shares the same final distribution bundle. Due to the nature of
twisted pairs, external interferences (including crosstalk) mostly couple to the twisted-

pair line as a longitudinal signal, and then leak to differential mode because of the lack of
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ideal line balance. Throughout the course of this thesis, the longitudinal signal will be

also referred to as the “common mode” signal.

This thesis offers a possible solution to mitigate crosstalk impairments worsened by the
FTTCab architecture. This thesis uses the common mode signal as a reference to an
adaptive wideband crosstalk canceller. The output of the canceller should produce a
signal similar to the crosstalk signal. The output signal is subtracted from the received
signal to reduce the actual crosstalk that is originating from the lines deployed from the
remote terminal, corrupting the downstream differential signal of the line deployed from
the central office. Simulations will be performed to evaluate the performance of the
canceller, to assess if it can substantially reduce the crosstalk in the differential signal.
The adaptive filtering performed by the crosstalk canceller will be implemented using
different adaptive filtering algorithms including the normalized least-mean-squares
(NLMS) algorithm, a fast implementation of the recursive-least-squares algorithm (Fast-
RLS), and the fast affine projection algorithm (FAP). The three algorithms will be

compared in terms of complexity and convergence speed.

1.2 Previous Work

Current DSL technologies, under the Static Spectrum Management (SSM) rule described
by the American National Standard Institute (ANSI) [SMLO1], are designed under the
assumption of worst case crosstalk scenarios leading to overly conservative DSL
deployments. DSL lines from Central Offices or Remote Terminals transmit signals using
only a fixed Power Spectral Density mask imposed by SSM. Enforcing the maximum
power level imposed by the mask on all the DSL lines limits the performance of all future
lines or new generation DSLs due to severe estimated crosstalk levels. Future DSL
deployments, under SSM rules, become excessively restrictive in terms of coverage and

data rate.
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To compensate for the SSM overly restrictive deployments, Dynamic Spectrum
Management (DSM) [SONO02] specifies that DSL modems should not transmit more
power than necessary to achieve their target data rates and should not transmit more
bandwidth than necessary for communication. DSM can be categorized into two modes:
autonomous or collaborative. Collaborative mode implies the presence of a central

control unit coordinating all the lines.

Autonomous DSM [SONO02] [YUO1] allows each modem to dynamically optimize its
transmitted power allocation (iterative water-filling), depending on the transmission line
(channel) and the crosstalk level on the line. Minimizing the transmitted power on each line
will allow a reduction of the crosstalk level emitted. However, the performance is bounded since

the crosstalk level, although minimized, is still a remaining factor and therefore presents a

limitation.

Collaborative DSM is much more complex as it requires knowledge of many of the
channel parameters of each line, and where each modem’s transmission parameters are
coordinated by a central processing unit. From [SON02], the autonomous DSM will give
a global performance essentially equivalent to the use of a complex central unit.

However, the knowledge of each line’s transmission characteristics, including cross-
coupling functions, allows a crosstalk cancellation for each line, also called Vectored
Discrete Multitone (Vectored DMT) [GIN02]. Vectored DMT uses a Multi-Input Multi-
Output (MIMO) interference identification technique [CIO01] to perform crosstalk

cancellation.

This prior technique is very interesting, but requires a major change in current DSL
topologies to incorporate a global central processing unit and each modem should return

extensive information to the processing unit.

Another interesting technique using an electronic device aimed at cancellation of Radio

Frequency Interference (RFI) is presented in [COM98]. The device is implemented to
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nullify any common mode signal but permits the differential signal to propagate. The
reasoning behind this technique is that RFI couples to the twisted pair line initially in
common mode and then leaks to the differential mode, corrupting the useful differential
signal. The drawback of using this technique is that it requires the knowledge of the exact
locations of the common mode leakage along the line and it requires personnel to be

deployed.

Previous work has been done using the common mode signal for RFI cancellation. The
cancellation has been done by several narrowband filters[ YEA], each canceling a single
narrow band radio interferer. The simulations were performed using a CAP modulation
technique for VDSL [YEAO03] [LEFO00].

1.3 Thesis Structure

Chapter 2 will present the loop plant DSL network architecture that will be considered in

this thesis and introduces the considered impairments associated with this architecture.

Chapters 3, 4 and 5 will describe the Discrete Multitione (DMT) modulation in ADSL.
Chapter 3 will detail QAM for DMT and the Reed-Solomon coding used in the
simulation. Chapter 4 expands the QAM technique to several parallel QAM encoders for
equally spaced narrowband subchannels and discusses the equalization of the
transmission channel. Chapter 5 will conclude the DMT discussion by explaining the
algorithm that decides the number of bits to be assigned to each subchannel (Bitloading

algorithm) and also how the power of each subchannel is adjusted.

Chapter 6 details the model for the differential mode propagation using two-port theory,
and follows by elaborating a common-mode model derived from the differential mode

model.
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Chapter 7 presents the modeling of crosstalk signals in differential and common modes as

well as the approach taken to model them for the considered DSL architecture.

Chapter 8 describes the adaptive wideband crosstalk canceller, discusses the measure to
evaluate the performance of the canceller, and briefly introduces and compares three

adaptive algorithms.

Chapter 9 evaluates the performance of the crosstalk canceller under different conditions

using simulations of the considered architecture.

Chapter 10 provides the general conclusions from the previous chapter and discusses any

possible future work.

1.4 Thesis Contributions

The original research work is located mainly at the end of the thesis. The main
contributions are:

- in Chapter 5, the bitloading algorithm developed from an adapted version of a
known algorithm for the simulation;

- the mathematical model of the gain scaling applied to each tone for power
adjustment;

- in Chapter 7, a novel model of the crosstalk in differential and common modes
created for the FTTCab architecture, more specifically, the generation of NEXT
and FEXT time domain signals in common mode and the transfer to differential
mode;

- 1n Chapter 8, the integration of the crosstalk canceller as an attempt to solve the

specific problem caused by the FTTCab architecture;
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- in Chapter 9, the convergence speed of each algorithm evaluated for the FTTCab
architecture;
- and also the evaluation of the canceller’s ability to reduce the effect of the

crosstalk interference;
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Loop Plant DSL Network Architecture

The following chapter will present the loop plant DSL overlay network architecture that
will be considered in this thesis and introduces the considered impairments associated
with a particular architecture. The first section will cover the Fiber to the Cabinet
(FTTCab) architecture, including the deployment of DSL services from a cabinet also
referred to as a Remote Terminal. The second section will cover the DSL technologies

considered in this thesis that are deployed from the cabinet.

DSL technology transforms an ordinary telephone twisted pair line into a broadband
communications link. The loop plant refers to the twisted-pair infrastructure connecting,

for example, customers to the telephone company’s central office (CO) network.

The most easily recognized deployment for ADSL services is from the Central Office and
can be seen in the following example, where Customers C; and C; have DSL services,
and Customer Cj; is located at a distance that precludes DSL service. This example is

represented in Figure 2-1:

Centrai Office

~ADSL senvice C, Customer C, Customer C, Customer C,

ADSL service C,

Twisted pair lines

POTS G, Splitter

POTS C,

Figure 2-1: Example ADSL service delivery problem
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This situation occurs most often in rural areas where customer’s premises are sparsely
located and therefore the loop length differences between customers can be substantial.
When a significant number of customers are located at a distance precluding the delivery
of data services, the construction of a Remote Terminal (i.e. Cabinet) along the bundle,
containing ADSL line cards, might be warranted. To minimize the cost of the transitional
infrastructure, the POTS delivery is sometimes kept at the CO. Other reasons could
require the installation of a cabinet in the field, like the development of new housing too
far to be serviced from the CO. The POTS for these new houses would most likely be
serviced from the cabinet, and the existing customers would still be serviced from the

CO, but going through a cabinet, which is covered in the next section.

2.1 Fiber to the Cabinet Architecture

A Cabinet (remote terminal) enables an easy access point to the loop plant in the field,
offering the possibility to place equipment iﬁside it that would have normally been at the
Central Office. To resolve the issue stated above to reach outlying customers, the Fiber
to the Cabinet (FTTCab) architecture was devised. The device housing the DSL line card
modems (for Customer Cs in the example of Figure 2-2) is connected to a device called a
DSLAM (Digital Subscriber Line Access Multiplexer) also located in the cabinet. The
DSLAM is a device, which takes a number of DSL subscriber lines and concentrates
these to a single ATM line, i.e. a fiber optical line that connects to the Central Office
equipment. The DSLAM can drive several ADSL line cards, including VDSL line cards.
The deployment of DSL technologies from the Cabinet allows the delivery of higher bit
rates due to shorter loops, implying lower signal attenuation. Thus, this is another driving

force of a FTTCab architecture.



Chapter 2 9

Central Office

ADSL service C,

DSLAMSs not shown Customer C, Customer C, Customer C,
POTS G,
shared bundle

: LAl {common distribution cable)\
ADS'LS' ) c""» Twisted pair lines RS TA

POTSC, —| Spliter [
) g plmer o
POTS C4 """"'"""'"""'l - »“—————Fiber-——-—->“ l:asx_selm;cet':2 '1
S 5 DSLsimtec ‘ /
POTS 04 - - i e Spllltev s L
Remote Terminal
{cabinet)

Customer C,

Figure 2-2: FTTCab architecture

As mentioned previously, the addition of DSL services from a Remote Terminal does not
preclude DSL services delivery from the Central Office. As space is often limited in the
Remote Terminal, DSL service delivery from the remote terminal is often reserved to
customers requiring it, either due to distance limitations (i.e. out of reach), or because the
customer demands a higher bit rate not available if the DSL service is deployed from the

Central Office as demonstrated with customer C; in Figure 2-2.

However, deploying DSL services from a remote terminal and still having services from
the Central Office present challenges when it comes to interference, that is when both the
twisted pair lines deployed from the Central Office and the twisted pair lines deployed
from the Remote Terminal are sharing the same bundle (i.e. common distribution cable).
The signals transmitted from the Central Office to the CO-based customers will
experience stronger attenuation due to longer loops. The signals originating from the
transmitters located in the remote terminal radiate onto the CO-served lines in proximity
causing some interference since all the twisted pair lines are sharing the same bundle.
This interference, also called crosstalk, presents serious problems to the receivers
(customers) that have their DSL service from the Central Office since the radiated
interference is relatively strong (i.e. not negligible) in comparison to their weakened
received signal, thus resulting in possibly serious performance degradation. The exact

manner in which the interference occurs when Central Office based DSLs and Remote
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Terminal based DSLs are co-existing in the same bundle will be covered in greater detail

in Chapter 8.

Several DSL literatures [RIC03] [CRT02] [SONO02] [JAC99], recognize that DSL
systems deployed from both a Central Office and a Remote Terminal in a common
distribution cable can increase the likelihood of crosstalk interference. The deployment
issues faced by carriers today are for instance ADSL services from Remote Terminals
and their detrimental effect on CO-served ADSL services sharing the same bundle and

also the same issue is present when VDSL services are deployed from Remote Terminals.

2.2 ADSL

From Figure 2-2, the CO-served lines (i.e. the long lines deployed from the Central
Office to the customers) are serviced with Asymmetric Digital Subscriber Line (ADSL)
technology. The data-rate of ADSL strongly depends on the transmission line
characteristics connecting the end-user to the central office such as the length, the noise
level including crosstalk and background noise and impulse noise etc. Typically, the
upstream data flow is up to 640 kb/s while the downstream data flow is between 1.5 and
8 Mb/s for shorter loops.

The standard [ITU99] specifies that the asymmetrical full duplex transmission can be
done using frequency division duplexing or by frequency overlap with echo canceling.

In this thesis, the FDD-ADSL (Frequency Division Duplexing ADSL) technology has
been covered in the presence of disturbers from the Remote Terminal i.e. the lines
deployed from the Remote Terminal carrying either FDD-ADSL or VDSL services.

The upstream signal occupies a frequency range from 25kHz to 138kHz and the
downstream signal is from 138kHz to 1.104MHz. To limit the interference with other

services, the PSD Mask (Power Spectral Density) defines the absolute upper bound



Chapter 2 11

power for spectrum management compliance. The upstream and downstream PSD masks
are defined by equation 2.1. These are taken from “Test procedures for digital subscriber
line (DSL) transceivers” [ITU02] and plotted in Figure 2-3 for a frequency range from 0
to 1.104 MHz.

[sin(fz j—ﬂ
2 /. y 1 1 o1

PSD s, =KAL)SLX']7">< 02 IR o
0 [ﬂ_f_] 1+[ S } 1+(fHP3dB]
fo Jipsas f

0<f<w®)

where:

-For downstream transmission:

finHz, f,=2.208 x 10°Hz, f,pyqs = -é‘l , Jupsas =138 x 10° Hz,

N=16, K pg 4= 0.1104 Watts

-For upstream transmission:

finHz, f,=276 x 10’ Hz, £, py g5 = 138 x 10°, f;psn = 25.875 x 10° Hz,
N =8, K pg; o= 0.02187 Watts
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FDD-ADSL PSD masks
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Figure 2-3: Upstream and Downstream FDD-ADSL PSD masks

Any transmitted signal must respect either one of these PSDs depending on the data
stream direction. FDD-ADSL transmitted signals have been modeled using the ADSL
protocol stack with Discrete Multitone (DMT) modulation presented in Figure 2-4. To
create the transmitted signal, Transmitted Output Signal, a Matlab program has been
written to simulate the ADSL protocol stack as in Figure 2-4. Each block of the ADSL
protocol stack has been programmed and will be explained in chapters 3, 4, 5 giving the
literature background and the implementation. The twisted-pair channel modeling and the

crosstalk canceller will be explained in chapters 6 and 8.
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2.3 Considered Technologies Causing Crosstalk

As briefly explained in section 2.1, when a remote terminal is present in the architecture
sharing a common distribution cable, it causes an increase of crosstalk interference
corrupting the signals received by the CO-served customers. The crosstalk interference
signals are categorized into two types, namely NEXT and FEXT (explained in Chapter
7). When all the twisted pair lines in the distributions carry the same DSL technology, the
originating crosstalk signals are referred to as Self-NEXT and Self-FEXT.

In this thesis, the two technologies that are considered to cause crosstalk interference are
ADSL and VDSL. This thesis focuses on the performance degradation to the CO-served
customer when ADSL and VDSL are deployed from the Remote Terminal. The situation

is better illustrated in Figure 2-5.

DSLAMs and POTS

not shown

| ADSL CO-served line

shared bundle
{common distribution cable)

Interference

T

AANAR R
!

\f.x'/,\/.
] ]

il S

N

et~ — — — Fiber— — — —p»

RT-served lines
RT-based ADSL, VDSL

Remote Terminal
{cabinet)

Figure 2-5: CO served customer receiving crosstalk interference from RT-served lines

For the simulation, the important information required regarding the disturbers is
primarily their respective emitted PSDs depending on their transmission direction.
Therefore, the two following subsections cover only the essential details required as part
of the modeling of the disturbance signals (i.e. crosstalk interference signals) as explained

in chapter 8.
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2.3.1 ADSL Disturbers

The standard specifies when ADSL is deployed from the Remote Terminal, the
transmitted PSDs are the same as those deployed from the central office. Therefore, this
thesis considers the PSD masks specified in equation 2.1 is what is emitted from the
respective transmitters. This assumes full-rate ADSL on all Remote Terminal served lines

causing crosstalk interference.

2.3.2 VDSL Disturbers

The standard for Very high bit rate Digital Subscriber Line (VDSL) is not definitive yet
(draft). It does not reflect a consensus of Committee T1-Telecommunications and it may

be changed or modified.

Similar to ADSL, VDSL is designed to operate on a single twisted pair. It offers
downstream data rates up to 52 Mbps and up to 6 MbpS upstream on shorter lines and can

operate on loops up to 6000ft at lower data rates.
VDSL transceivers also use frequency division duplexing to separate the upstream and

downstream transmissions. Figure 2-6 illustrates the VDSL band allocation for upstream

and downstream transmissions [ITU03].

Optional Band

1 ® o0

i
L
0.026 0.138 3.75 52 8.5 12 frequency (MHz)

1st Downtream ‘1st Upstream 2nd Downstream 2nd Upstream

Figure 2-6: VDSL band allocation
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The use of the optional band shall be either for the upstream transmission, the
downstream transmission or not used. However, it is reasonable that for spectral
compatibility with FDD-ADSL, the VDSL optional band shall not be allocated for the
downstream transmission to reduce crosstalk interference with upstream ADSL
transmission. For the simulations, the optional band from 25kHz to 138kHz has been
chosen for the upstream transmission in order to have an identical frequency band
allocation for upstream and downstream transmissions as ADSL for common frequencies
that is between 0 and 1.104MHz. However, in contrast to ADSL, the VDSL standard
specifies different PSD levels for deployment of VDSL from a central office (FTTEXx) or
from a cabinet (FTTCab). For VDSL deployed from the cabinet, the downstream PSD
level at the frequencies common with ADSL is subject to further study for spectral
compatibility and management. For the frequencies common to ADSL and VDSL,

-60 dBm/Hz (instead of — 40dBm/Hz for ADSL) is a provisional value pending future
specification in spectrum management standard [ITUO3]. Figure 2-7 illustrates the PSD
masks for VDSL deployed from a cabinet (remote terminal). It should be noted that the
PSD levels are shown just up to 1.104 MHz since ADSL does not transmit at higher

frequencies.

VDSL PSD Masks
-30 T

Upstream PSD

Downstream PSD

dBm/Hz

-110
i}

1 . s L \
0.2 0.4 0.6 0.8 1

Figure 2-7: Upstream and Downstream VDSL PSD mask
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Quadrature Amplitude Modulation in Discrete

Multitone

The ANSI T1E1.4 committee has standardized Discrete Multitone (DMT) modulation as
the line code to be used for ADSL transmission system [ITU99]. This chapter will detail
QAM for DMT and the Reed-Solomon coding used in the simulation. The two

subsequent chapters will complete the discussion of DMT modulation.

DMT is a form of multicarrier system that is a set of independent single carrier
Quadrature Amplitude Modulation (QAM) subchannels, and is based on the discrete
Fourier transform. A DMT system transmits data in parallel over several equally spaced
narrowband subchannels, also called tones. Each subchannel is QAM-encoded and uses
different carrier frequencies. The main advantage of multicarrier modulation is that it is
able to adapt fairly easily to the system environment, the noise environment or other
technology design limitations, such as permitting other telephone services like Basic Rate

ISDN and POTS to be used on the same twisted pair line as DSL.

3.1 Single Carrier QAM Analysis

The analysis of a single QAM encoded channel is important to understand the intricacies
of the modulation, most notably how to calculate the capacity of one QAM encoded

channel (i.e. tone).
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3.1.1 QAM Encoding and Modulation

In a QAM digital transmission system, the input bit stream is partitioned into blocks of b
bits. Each block represents a message m that can then have values from 0 to 2°-1. The
encoder maps each message, m, into a constellation point. Each constellation point
represents a QAM encoded data symbol, x,, Each data symbol is a two-dimensional
vector. A message, m, can then be mapped to one of the M = 28 possible constellation
points (i.e. one of M vector assignments) after encoding. Following the encoding is the
modulation process, which converts successive encoded data, x,,, into continuous analog

signals, x,(f). This overall structure can be illustrated as in Figure 3-1.

message

M-QAM m
Message | | QAM
bbitslength | '7I > Encoter — Modulator > x,(1)

Input Data Bit Stream

m=0,..M-1 |

Sympol Period T
=T

Figure 3-1: QAM transmitter system

The QAM modulator consists of two orthogonal unit-energy basis functions as the

following:

Quadrature function: ¢, (¢) = %cos(Zizfct) 0<t<T

In-phase function: 0,() = —jz;sin(2nfct) 0<rsT

where T is the symbol period and f, is the carrier frequency. The transmitted signal has

the form [PROO01]:
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X, (1) = 1/3?-(%,( cos(27f, 1) - X, , sin(27f,)) 0<t<T

where x,,/E, and x,,E, are the magnitude components of the QAM encoded data

Xn for the £ message m (ie. the £ symbol period 7) and E, is the energy over one

symbol of the signal with lowest amplitude. Figure 3-2 shows as an example the 16-

QAM constellation where d is the minimum distance between 2 constellation points and

2-JE.

¢
A
° e | o ®
d
° e i1 e °
” > ¢
3
® ® ® ®
L] [ ] [ ®

Figure 3-2: Example of 16-QAM constellation

3.1.2 QAM Demodulation, Decoding and Detection

Considering the typical case with an additive white Gaussian noise (AWGN) channel as

x) —= TR % )—> ¥

Figure 3-3: AWGN Channel

in Figure 3-3:
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If the channel A(7) is ISI free with |H(f)| = 1 and zero phase, the use of equalization is not
required. But with nonzero channel noise, the demodulator and detection can be
implemented as in Figure 3-4. The QAM demodulator uses N=2 parallel matched filters
with impulse responses ¢, (~¢) and @, (~t). The demodulator outputs are sampled at time
= T giving the output vector y = [y; y2]. Since y does not necessarily equal the data
symbol vector x sent because of the noise disturbance, a symbol-to-symbol detector has
to be implemented. The optimum detection is the maximum likelihood detector where the
decision is made by taking the demodulator output vector y and by comparing it with the
closest symbol vector x,, with m = 0, ... , M-1 in the M-QAM constellation. The term
“closest” is referred to the smallest vector length, which verifies the following

conditional equation:

Iflly-xi||<lly—xj||forallj#i j=0,...,M-1;i=0,...,M-1

then the index is m = i, giving the detection X, -X;

ol At Yy
-y (T —)— N~ : A
Maximum X m
v | LiKelinoOd e l")"‘Q‘;;M —
Dectector ecoder if no detection error occurred
ol Y2 then m=m
> 0, (T —1)]

Figure 3-4: QAM demodulator, detector and decoder

The decoder block does exactly the reverse of the encoder mapping. It takes the detected
QAM encoded data vector received and converts it back to the corresponding message m

or the associated group of bits.
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3.1.3 Probability of Symbol Error

The probability of symbol error on the previous AWGN channel (ISI-free) can be

approximated with the following example: the QAM encoded message xyis sent as in

Figure 3-5.
Transmitter Receiver before detection
e ® ® e @ ® e ® Yo
. S — i
// X, sent : rect:l;/r;eﬁ) gAM

@ @ ®

_______ Decision
. . ot Pp-o Region

dmin

. . ° .

Figure 3-5: Transmission and Reception of 2 QAM symbol over an AWGN channel

An error will not occur if the received symbol, yg, was lying inside the decision region of
xg and the Maximum Likelihood Detector would have made the correct corresponding
detection. Since the received signal lies outside the decision region due to the fact that the
noise is greater than half of the distance between the closest two constellation points (dyn
as in Figure 3-5 for example), then the detection fails and a symbol error will occur. On
an AWGN channel with noise variance ¢” and with zero mean, the probability that the

noise is greater than d,;»”2 can be approximated by [STA99]:
dmin
P, =N, O(=™) (3.1
20 ,

where N, is average number of nearest neighbours, and the Q-function Q(x) is the
probability that a zero-mean Gaussian random variable with variance o> =11is greater

than x given by:
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O(x) = j\/;_; e 2dv

Equation (3.1) will be useful to calculate the SNR gap in section 3.4.

3.2 QAM Constellations Used in ADSL

Each subchannel can use different QAM-constellation sizes depending on the bitloading
algorithm (refer to Chapter 5 for more details). The ADSL standard [ITU99] specifies the

constellation mapping and shape to employ.

For b; = 2, 3, 4 and 5 bits, the constellations have the shapes represented in Figure 3-6
[ITU99]. The decimal value numbers represented in the graphs are the mapping of the
corresponding binary messages of size b; bits, for a given constellation size of M= 2" .

4. QAM 8- QAM

4

16 - QAM 32 - QAM

24 26 20 22

8 10 [ 2 18 8 10 [ 2 16

25 27 2 23

Figure 3-6: Constellation maps for =2, b; =3, b; =4 and b, =5
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For b;> 4 and odd, ADSL uses the cross QAM constellation as in Figure 3-7.

Zbi -3 points

B=3 .
2b’_3points O O+ 0 O 2ﬂ poinis

.

Inner Square

+~ + —P B 2b,-——3
at{ta o+0 0§06 Constellation Points
O ] 0O+ 0O O [
0D oOto o
"y 2bi —3points

Figure 3-7: QAM cross consteliation map for b, > 4 and odd

However, for b, > 5, the next odd-bit cross QAM constellation can be found by replacing
each constellation point represented by a decimal value of the previous odd-bit cross-

constellation with the following 2x2 block:

dm+1 dm+3

4m dm+2

where m represents the decimal value encoded

The same procedure is applied to construct larger square expansions for even-bit square

QAM constellations, for b; >4 from the previous even-bit QAM constellations.
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An example of a QAM square constellation with b; = 6 (64-QAM) obtained by

transforming the 16-QAM constellation using the 2x2 block is shown in Figure 3-8.

4dm+1 4m+3 4m+1 4m +3
A
4m 4m+2 9 M1+ 1 3 4m 4m+2
8 roBF 2
13 15 ) 7
12 4 T 4 6
4(10) +1=[4(10)+3 = 40)+1=] 40)+3=
43 43 1 3
410)= {4(10)+2= 40)= |4(0)+2=
40 42 0 2
o o0 oDzo o g oo
0D oOhnO OO0 O/0 O
o O o Mo ] O |
O 0 0 O+ 10 [ ] 0
O O O O+ d ;| O
O O ] Oi+0 O Od O
/ "\
O ¥ O O{o0 0O g O
00 O 0410 O OO
4(15)+19403)+3= a 4(5)+1=‘ A5)+3=
61 63 g "M o+ 1 3 21 23
4(15) = [4(15)+2 45)= | 45)+2=
60 62 s 10 1 o ) 20 22
1ol BT
""""""""""""""" -,
dm+1 | 4m+3 o 4 8 am+1 | 4m+3
4m 4+ 2 4m 4m+2

Figure 3-8: 64-QAM square-constellation design
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The resulting 64-QAM constellation by using the 2x2 block expansion is shown in Figure

3-9.

64 - QAM

37 39 45 47 5 7 13 15

36 38 44 46 4 6 12 14

31 35 41 43 1 3 8 11

32 34 40 42 0 2 8 10!

513 55 61 63 21 23 29 3'1 ]
52 54 60 62 20 22 28 30

49 51 57 59 17 19 25 27

48 50 56 58 16 18 24 26

Figure 3-9: Resulting 64-QAM square-constellation corresponding to b, = 6 bits

Note that for all the QAM constellations, the X and Y values are on =1, +3

[ITU99]. Thus, the distance between two closest constellation points is d = 2.

3.3 QAM Constellation Energy

... grid

The average energy of the transmitted signal can be calculated in two ways [PRO01]:

1) in the continuous time domain as the average integrated squared value of x(¢) over all

the possible signals:
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E, 2_1\1;2 [EXOIE (3.2)

2) in the discrete time domain as the average squared length of the data symbol vectors

Xm 1n the M-QAM constellation:

E, =7\ZZ” ol (3.3)

3.4 SNR Gap

The ANSI T1 committee for ADSL [ITU99] requires that the BER should not exceed 107
for DSL applications. Taking equation (3.1) and assuming the number of nearest
neighbours to be 4 [STA99], then the probability of symbol error in QAM is closely
approximated by:

d_
P4 Q(—zi“;‘—) (3.4)

A symbol error occurs when a single bit or more in the symbol is wrong. Since equation
(3.4) gives the probability of symbol error for any QAM constellation size M, then one
should consider all the sizes allowed for ADSL by [ITU99]. The standard allows
constellation sizes from 2 to 2'°. All the constellation sizes should have the same
probability of symbol error. Taking the worst case, as a 2-bit or 4-QAM constellation ,
the probability of symbol error is then:

2 (2 ; y 1
P, =Z(i jP,, (1-P)" =2R(-2R)=2P, (3.5)

i=]
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Equating equations (3.4) and (3.5) gives Q(dmin )= %Ph where P, is the probability of bit

20
error that should not exceed 107[ITU99][STA99]. Consequently, by looking at the Q-
function curve of Figure 3-10,

20- log(ﬁm—i) =14.5dB (3.6)
20

Q-function curve
T

L i d. ]
10 11 12 13 14 15 16
argument (dB)

d_.
Figure 3-10: Q-function curve as a function of 20 - log(—f‘-m——)
o)

With an AWGN channel with a channel gain |H| (the assumption taken here is that the
channel has a constant gain [H| over the operating transmission frequency band).
d2

min

=d’|H| G3.7)
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where d is the Euclidean distance between constellation points at the input of the channel

(transmitter side). Defining a convenient quantity, the SNR gap I"[CIO91] as

d. 2
ir=| /= 3.8
(%= 68)
giving then:
10-log(377)=145dB => [I'dB =9.8dB 3.9

As mentioned previously in section 3.3, the average energy shown in equation (3.3) for a
QAM system can be simplified with [PRO01]:

E-M-1

L= d’ (3.10)

This simplification is accurate for QAM systems with a number of bits 5 > 2 and even,

and is also a quite good approximation when b is odd [CIO91].

Re-arranging the equations 3.7, 3.8 and 3.10 => M=1+ —g’-‘——IZH—‘
20°-T
and taking the log base 2 gives:
b =log,(M)= 10g2(1+§¥) (3.1D)
2
where SNR = —E—x—l—{f——l— [CIO91].
o

Hence, equation 3.11 provides the QAM constellation size M (i.e. M=2") that can be used
to transmit over the channel with a respective SNR to ensure a BER of 107. Also, the
SNR gap is then an important factor that varies in regards of the coding and modulation

methods as represented in equation (3.12).
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I =9.8dB +yndB -7 dB (3.12)

7. is the coding gain of any applied code such as Reed-Solomon or trellis, and y, is
referred to as the margin, which is the amount of extra performance to make sure to have
the required performance in the presence of unexpected channel impairments such as
crosstalk, extra attenuations etc. With an uncoded QAM system (3. = 0) and with no
margin (%, = 0), equation 3.12 becomes 7" = 9.8 dB.

A good coding gain can reduce the gap of 9.8 dB to 3 to 5 dB, consequently increasing
the capacity.

3.5 Coding

Forward error correction is employed in communication systems to achieve a coding gain

in order to increase the system margin and the maximum achievable data rate [ZHAO1].

There are typically two coding methods implemented.in ADSL: Reed-Solomon forward
error correction (RS-FEC) and trellis coded modulation (TCM). The optional Trellis
coded modulation of the ADSL standard was not implemented in this simulation, but it is
used to increase the coding gain to maintain a given data rate at a lower SNR. Typically,
the combination of Reed-Solomon coding with Trellis would provide a coding gain of

approximately 5 dB [STA99].

3.5.1 Reed-Solomon Parameters

Reed-Solomon FEC increases the coding gain, but when combined with the interleaving,

it permits the correction of large error bursts caused by impulse noise. Interleaving is
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optional in the ADSL standard and it has not been implemented since the simulation does
not consider impulse noise but crosstalk noise. Also, it is mentioned in [STAQ2] that

major service providers have 99% of their ADSL lines operating without interleaving.

In ADSL systems, Reed-Solomon code words can be up to 255 bytes long. The exact
amount of overhead and code word length depends on several factors, including the
transmission direction and the target bit rate. Unfortunately, the simulation using Matlab
does not permit highly variable code word length since the Matlab RS encoder function
used to achieve the coding allows only code word lengths of 2"-1. Therefore, a fixed
value of 255 bytes has been chosen for the code word length, with 22 bytes of overhead
giving an overhead percentage of about 8.6%. This percentage falls within the 6 to 10 %
given for a maximum error-correcting protection against Gaussian noise when the system
is operating near capacity [STA02], therefore the chosen values are reasonable for ADSL

simulation.

The RS decoder is able to correct error bytes up to half the length of the overhead in the
entire code word. Assuming that the most probable case is when only one bit is likely to
be wrong per byte error, then with the parameters chosen, the RS scheme used can

22/2

correct a probability of bit error up to 2 =5.39-10"° in the code word. Also, this

value falls within the range of the ADSL allowed bit error rate per code word given with
6 to 10% of overhead, since with 6% of overhead the RS can correct up to a probability

(+)
of 6%/2

=3.75-10"* bit error in the code word, and with 10% a correction up to

10%/2

=6.25-107° bit error rate in the code word.
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3.5.2 Reed-Solomon Coding Gain

Using [STAQ2], an approximation of the Reed-Solomon coding gain and the BER before

and after RS coding can be estimated. Assuming that the probability of byte error, P,

yle 3
is small, then for the chosen parameters, the probability of code word error is closely
approximated by the probability that 22/2 +1 = 12 byte errors occur [STA02]. When 12

byte errors occur, the RS decoder will declare a failure giving then a probability of bit

error in the code word of =5.9-107, assuming again a single bit error per byte

error.

Since the standard specifies a maximum BER of 107 for an ADSL system after all error

correction schemes used (here it is assumed that only RS coding has been used), then the

-7

required probability of code word error is: 39.00%

In backwards reasoning, the probability of code word error is approximated by the

probability of having 12 bytes in error in the code word, thus:

255 12 255-12 10—7
P 21-P =
(12 } byte ( byte) 59 . 10“3

Solving the equation iteratively gives: P,,, = 0.00105

Therefore, a system with a probability of byte error of P,

yie

=0.00105 would give an

overall probability of bit error of 107 with an RS coding of 22 bytes overhead and 255
bytes word length.

For an uncoded system, a probability of byte error of 0.00105 would give a probability of
bit error (BER), P, , of:
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P,

byte

8
= (JP,}@-P,,)*” =8.P,(1-P,)" =0.00105

Solving this equation gives as a result: P, =1.4-107.

Consequently, the SNR Gap for a QAM system as explained in section 3.4 for

P, =1.4-107is determined by finding the argument in the Q-function, which verifies:
O(x) = %Pb =7.0-10"*

Looking at the Q-function curve, the argument is x =10.9dB. Therefore, instead of
requiring 14.5 dB as in section 3.4 for an uncoded system to get a BER of 107, the

system, with coding would require only 10.9 dB resulting in a coding gain of:
14.5dB - 10.9dB = 3.6 dB

The SNR Gap would be then reduced to:

I =9.8dB -y.dB=6.2dB
The coarse calculations done to get the coding gain are in fact an upper bound result since
the extra parity overhead was not taken into account [STA02]. The coding gain should be
slightly less.
Also, with chosen parameters, the Reed-Solomon scheme is then capable of correcting

BER in the order of 107 before correction and can reduce it to at most 107 after

correction as required by DSL standards [ITU99].
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Discrete Multitone Modulation and Channel

Equalization

The previous chapter presented the necessary basics in QAM to pursue the study of
DMT. This chapter will expand the QAM technique to several parallel QAM encoders
for equally spaced narrowband subchannels, and then modulate each QAM symbol at its
own respective carrier frequency by the use of the inverse discrete Fourier transform. In
the following sections, a detailed DMT transmitter implemented as in Figure 4-1 will be

described.

The first section generalizes the use of QAM to several parallel subchannels, followed by
the description of the IDFT modulation block in more detail, and its corresponding DFT
demodulation block. The second part of the chapter discusses the equalization of the
channel, and how to counteract the effect of inter-symbol interference (ISI). The next
chapter will conclude the DMT discussion by explaining the algorithm that decides the
number of bits to be assigned to each subchannel (Bitloading algorithm) and also how the
power of each subchannel is adjusted to get the desired overall transmitted Power

Spectral Density (PSD).
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Figure 4-1: DMT transmitter

4.1 Generalization of QAM to Several Subchannels

One can re-write the capacity per subchannel equations in section 3.4 for each subchannel

with corresponding index i as:

b, =10g2(1+—SNTRL) 4.1)

E =2i""g? 4.2)

Each subchannel i, is characterized by a corresponding SNR; and a corresponding total of
number of bits b; that can be supported. Therefore, each subchannel can have different
QAM constellation sizes. DMT modulates the QAM encoded data using the Inverse
Discrete Fourier Transform (IDFT) and demodulates it using the DFT. For a given
subchannel (subcarrier), the ADSL standard [ITU99] specifies 0 or 2 to 15 bits for QAM
constellation sizes and 256 tones from 0 to 1.104 MHz. Each subchannel has then a
4.3125 kHz bandwidth. The downstream system uses a sampling rate of 2.208 MHz. A

more detailed QAM encoder block is represented in Figure 4-2.
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Figure 4-2: DMT-QAM Encoder block

As illustrated in Figure 4-2, the input bit stream is partitioned. The partition size depends
on b; and represents the input of each QAM encoder for each subchannel i. The encoding
process is similar for the single QAM encoder as explained in section 3.1.1 but applied
for each subchannel i. Each subchannel (i = 0 to 255) is QAM encoded using

M = 2" -QAM constellation. The QAM constellation size chosen for each subchannel
represented by b, is set by the bitloading algorithm (refer to section 5.3) during
initialization. The total number of bits transmitted corresponding to each k” instant or the

K" symbol is given by:

bTmaI = bi (4 . 3)

The output of the encoder for each subchannel is represented by a complex

value, X, +jY,, . Xix and ¥, are the magnitude component of the encoded data for each

subchannel i combined into a single complex element instead of a 2-D vector.
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In addition, Figure 4-2 also shows the product of three gain factors Geonstentation.i » GPSDievel i
and Ghinoading; that represents the gain scaling g;, that is applied to each complex encoded
data prior to the IFFT modulation block. The gain scaling will be explained in more

detail in Chapter 5.

4.2 IDFT Modulator

Figure 4-3 illustrates a more detailed IDFT modulator block implemented.

ZoJ - x()k -
Zl.k -~ xl k
Zii o g Xk g
Ty
t —~
E 7 N - IDFT
N, N-th :
L Zup Modulator . Parallel Xk
: 10 pe——
Zyap o [ Serial
)
P ; M
N Hermitian '
; symmetry E
‘ X
» ZN—-I - N-Lk |
» -

Figure 4-3: IDFT modulator

The constellation encoder of the previous section generates QAM-encoded data symbols
for each of the N = 256 subchannels. The input to the IDFT modulator can be
represented by a series of complex values, Z;;, where the real part is the scaled X-
coordinate and the imaginary part is the scaled Y-coordinate of the QAM-encoded data
giving:

Zix=8i (Xix+jYir) (4.4)
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The index i represents the respective subchannel and g; is the scaling factor applied to all
the constellation points for i subchannel (see section 5.1 for more details). The subscript

k indicates the k™ IDFT symbol transmitted that will be explained shortly.

DMT modulation is performed in the discrete-domain instead of the continuous-time

domain. The modulation is produced by the Inverse Discrete Fourier Transform (IDFT):

j2m-ni

N-1 f27 ~
xk(n)=—1]v—-2e N Z for n=0t0o N -1 4.5)
. i=0

In practice, the IDFT is replaced by the Inverse Fast Fourier Transform (IFFT). The
constellation encoder combined with gain scaling generates only 255 complex values Z;.

In order to generate real time-domain output values xx(n) after modulation, the number of

input values Z; is increased to N=2N by taking the complex conjugate of the N -1
previous input values, placed in mirrored positions to produce Hermitian symmetry in

the following manner:

1

Z =1 ~
Z,, i=N+L.,N-1

1

Z, i=0,.,N-1
(4.6)

Note that the Nyquist frequency at 7 = 256 should not be used and should be real valued
for Zy = Zs6. Also, i = 0 (i.e. DC) should not carry any information so Z; is set to 0, (no
input bits should be assigned [ITU99] at DC since QAM modulation cannot transmit

using DC). The set of N real time-domain samples at the output of the
N - Point IDFT : x;, for i =0 to N -1 represents the k& symbol, sometimes called the
K" IDFT symbol. The N samples representing a IDFT symbol are serialized to produce
x, (n) and then applied to a Digital-to-Analog converter (DAC) giving the continuous

time signal x, (t). It can be proven with the following calculations that DMT is a form of
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multicarrier modulation. Note that the calculations have been undertaken for a single

IDFT symbol transmission, thus, the subscript & has been purposely omitted.

Using equation (4.5):

1 N-1 J2znwi
x(ny=—=-»e ¥ -Z,  for n=0to N-1
N i=0
j2mn0 j2mnl j2an2 j2m ()
1 le ¥ Zy+e ¥V Zi+e VN Z,+4e N Z +.4
=< Z ,
= 2
N - -
j27n(N~-2) j2mn(N-1)
N N
te Z;, te VA i

Regrouping the subchannels together and simplifying:

BN

( “}‘2‘7}}#0 j27jz\7-n-1 127;7;1]\7 _.jfv,,.n
€ q, Ly+le Zite e s |+
1 1
=3 . 5 F
N J2m-n2 J2r-nN  —j27-n2 ]‘2\77'1'1'(’2—)
N N N W
e Z,+e ‘16 Ly, (+te Zﬂ
('1 )n 2 J

b

|

Since the Hermitian symmetry has been applied, then each complex element Z has a

=

1 j27£~n<1 -—j2NJrAn j4iz-n -_jliﬂ-n
== ZO+[e N Z te ¥ -Zﬁ_]}{e Nz ve ¥ -Zﬁ_2}+---+(—1)"-z

(4.7)

corresponding complex conjugate as indicated by equation 4.6:
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Z = Z%_i equivalent to Z,.* =Z5._, (4.8)
Re-writing the complex element in their polar form:

L2, —
Zi=|ZileJ and Zﬁ—i_lz]v—i|e

j4zy
N (4.9)

-j4zZ,
and using equation 4.8, then Z i | Z i |e ’ (4.10)
Note that the frequency 0 Hz, or DC (the subchannel at index i=0), should not be used,

N

and no energy is allocated, then Z, = 0. Also, at the Nyquist Frequency at i = 5 , the

input value should be real or null, the value was chosen asZ; =0. Using the relation
2

found in (4.10), equation 4.7 is simplified further:

jzf'" =j2zn jann - jdzn
N Z|eP e ¥ | Z |e e N 1Z, e’ e ¥ +|Z, e e N |4

It

=] —

1 ]27rn +27) _J(jZﬂn +22) 4ﬁ'n +27.) _1(47in+42)
=—],—\7—-{|le(6 T te V12, | “te Y+

e/l +e/?
Using the identity: 008(9)=—-——£——— gives
Z, |-cos "7 + Z, |-cos +AZ + e
N{I |- ( 5 D)+ 1Z, - ( fy 2) }
To generalize:
v,
x(n)—— Z 12,1 cos( +42,) for n=0r0N-1

i=1
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Chapter 4
From this result, it can be seen that the modulation using IDFT corresponds to a

27 and a phase of £Z,, and all the

—

multicarrier modulation since the information carried by each subchannel i is modulated

by a cosine with a specific distinct frequency w =
The frequency spacing between subcarriers is

carriers are summed together.
=4.3125 kHz since the sampling frequency, f,, is 2.208 MHz and

27

N =—=——"
4 N-f 2x
N =512. In addition, the result x(n) is real as expected since the Hermitian symmetry

has been applied, and considering the properties of the IDFT.

4.3 Cyclic Prefix

The IDFT modulator outputs a symbol block k of N real samples, which will be

serialized. Each symbol block is added a Cyclic Prefix (CP). The ADSL standard
[ITU99] specifies a cyclic prefix length, v, of 32 samples. The last v samples of each
IDFT symbol are taken and copied to the beginning of the symbol block forming a DMT

symbol as in Figure 4-4.
/Ms
K symbol transmitted

Cyclic
Prefix
N = 512 samples

Vv

(k -1)™" symbol transmitted

3

K" DMT symbol (N + v)

Y

Figure 4-4: cyclic prefix added

The cyclic prefix is considered as guard band to combat ISI introduced by the channel. If

the channel memory (length of the channel impulse response) is less than the guard band,
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v, then the ISI would corrupt only the cyclic prefix samples, which will be discarded
(Cyclic Prefix Drop as in Figure 4-5) at the receiver side before the DFT demodulation.

Considering an AWGN channel as in equation 4.11,

y=Hx+n 4.11)

the transmitted samples are indexed x_,,...,x,,%,,...,X5_, , the corresponding outputs are

N-12

YosY1s--» V5, and the channel H in a convolution matrix form is defined as:

h, h, h,b 0 0 0 0 0 0
0 h, h, h, 0 0 0 0 0
H= 0 0 h, h h, 0
0 0 00 h h L0
(0 0 00 0 0 h h h, |

The dimension of the channel in matrix form H is Nby N +vwhich corresponds to

outputs y of length N , meaning that the receiver ignores the guard band samples because

they contain interference from previous DMT symbols.

However, the use of a cyclic prefix as a guard period in Discrete Multitone (DMT), that is

H

X X

L =x5_ fori=1,...,v leads to an important observation. When a cyclic prefix is used,

the matrix H becomes a square “circulant” matrix as the following:
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(N +v)x1
H —> Nx(N+v) X1
—yﬁ—xj _ho h, h, 0 0 0 O 0 O 1 *a-2
V-2 0 hy h h, 0 0 0 0 O .
y, |= 0 0 h, h h, 0 0 o |™
v 0 00 h K I
: .. -- .' xN
Yo | LO 0 00 0 0 h k.. k| N\ o
- - - . prefix
\-—,// X~
convolution matrix form LNy
~ ~ —X~ i
Nx(N +v) xN“l T
_yﬁ—l ] ho h1 ees hv 0 0 0 0 00 ]V:—z <
Vi 0 h, h, ... h O 0 0 0O x
. . . . . . . Step 1:
- = N K : 5 E 0 00 ' same input value etc.
¥, =0[o 0 h b .. [A] 0 0 0™
Yo | B0 0 0 By im0 0 0]
: o s 00 0\ T
X 1€
Yo | LA - B, 0O 0 0 h 0 0 O DR
Step 2: é——]—)-——)
from step 1, the coefficient of the _x N-v ]

channel can then be rearranged in a
circulant manner etc.

After rearranging all the coefficients of the channel, the matrix H becomes circulant and

the size of the matrix can be decreased to an N by N matrix:
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Vi hy h, ... h, 0 0 O X5,
Vi, 0 h, A, ... h, 0 0 jxz,
y, I1=10 0 h, h, h, X,
Yoa h, 6 0 0 hy hyy | %,
Yo | LA h, 0 0 0 A || x |

H = N x N circulant Matrix

It should be noted that the first v output samples of each transmitted DMT symbol are
ignored. Circulant matrices have the property that they can be decomposed as [STA99]:

H=0'AQ (4.12)

where Q is a matrix corresponding to the discrete Fourier transform (DFT) and A is a

diagonal matrix containing the N Fourier transform values for the sequence A, that

characterizes the channel.

In DMT, the transmit symbol vectors are generated by x = Q"X where X is a frequency

domain vector. The vector X corresponds to the vector Z, which is the input of the IDFT
modulator as explained in the previous section, but for convenience the variable name X
has been used here instead and the complex elements of the vector X corresponds then to

the QAM encoded data of each respective subchannel.

At the receiving end, the received symbol vector y (channel output) is demodulated by
taking the Discrete Fourier Transform (which will be also explained in the next section)
giving:

Y=0Qy=0(Hx+n)=0HQ'X+N =AX +N (4.13)
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From the result obtained in equation 4.13, it can be seen that in the DMT system (as long
as the length of the channel is less than the guard period), the channel output vector y
behaves in the frequency domain as a simple element-by-element product of the DFT of
the channel represented by the diagonal matrix A and the DFT of the transmitted signal
X. Each DFT element (complex number) of the channel corresponds to a gain and phase
distortion that would be then directly applied to the corresponding subchannel. In order to
reverse the effect of the channel, a single coefficient equalizer per subchannel (FEQ) can

then resolve the issue as explained in the following section.

However, in ADSL systems, the transmission channel length is higher than the guard
period v. It can easily be over hundreds of coefficients depending of the loop length etc.
(refer to section 4.5 for details). Consequently, the need of an equalizer such as a TEQ as
explained in section 4.5.1 is required to shorten the length of channel to less than or equal
to the length of the cyclic prefix. In practice, decreasing the length of the channel with a

time-domain equalizer (TEQ) is simpler than trying to achieve an ISI-free channel.

4.4 DFT Demodulator

On the receiver side, the channel time-domain output samples are equalized with the
time-domain equalizer, TEQ (refer to section 3.4). Each block of 544 samples (N+v)is

reduced to N =512 samples by discarding the cyclic prefix represented by the CP Drop
block as in Figure 4-5. Taking the output of the serial to parallel block, the demodulation
is produced by the Discrete Fourier Transform (DFT):

Y, =%e ¥ -y(n)fori=0toN-1 (4.14)
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In practice, the DFT is replaced by the Fast Fourier Transform (FFT). The DMT receiver
has been implemented as in Figure 4-5. The sampling frequency (f;) is at 2.208 MHz.

A Yo o Yos . Zoy L
l Yk R Y, Z,
| N-DFT - o transmitted
y(2) | Anti-Aliasing o Serial B T p-| Detecti signal
—p»| LowPass | ADC oro to : ¥ =512 H FEQ : with -
Fiter P Paralfel i = ! : QAM Decoder
! YN—l,k 5
Vs Z,v-l,l.A
M-tk
Yi(m) Lt

Bitloading and
Gain Scaling

Figure 4-5: DMT receiver

The DFT of the time-domain samples brings back the frequency domain output Y;, Only
the first N=256 outputs (i = 0 to N) are kept due to the Hermitian symmetry as explained
in section 4.2. Y;; corresponds to the complex element of the respective subchannel i for

the #* DMT symbol transmitted. Each complex element of each subchannel is fed to the
frequency-domain equalizer, FEQ (refer to section 4.5.2) giving Z .« followed by the

detection module. The detection module is implemented with a maximum likelihood
detector as in section 3.1.2. Once the detection has been completed, the inverse mapping
is performed by the QAM decoder to recover the initial message transmitted. It should be
noted that both the receiver and transmitter must have prior knowledge of the bitloading
used as well as the gain scaling (refer to section 5.1) applied on each subchannel i during

the data transmission.
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4.5 Channel Equalization

In practice, the AWGN channel is not ideal and causes different attenuation and phase
distortions over the frequency spectrum. As a result, successive symbol transmissions
would most likely interfere with one another. The interference between successive
transmissions is called Inter-symbol Interference (ISI). ISI can severely complicate the
implementation of an optimum decoder. Therefore, the use of an equalizer will help
combat ISI to obtain an AWGN channel that exhibits no ISI and, for instance, a lower
complexity decoder as in section 3.1.2 can be implemented. ADSL DMT systems require
some kind of equalization. The ADSL standard [ITU99] does not provide a specific
implementation of the Time-domain Equalizer (TEQ) or the Frequency-domain Equalizer
(FEQ) as in Figure 4-5.

45.1 TEQ

As mentioned previously in section 4.3, a cyclic preﬁk is used to eliminate inter-symbol
interference between successive DMT symbols. The purpose of the equalizer, TEQ, is to
shorten the length of the channel impulse response to less than or equal to the length of
the guard period v, the cyclic prefix, before demodulation. Increasing the length of the

cyclic prefix instead would perhaps help but meanwhile the channel throughput will be

then reduced by a factor of N/ (]f\7 + v). One can also raise the number of subchannels
N, and thus increase v to maintain the same performance loss. However, with larger N,
the system would need more memory allocation, more delay and also additional

coefficients for the Frequency-domain Equalizer (FEQ) (refer to section 4.5.2).

For the simulation, a non-adaptive FIR equalizer has been designed since prior
knowledge of the channel impulse response is already known and the channel

characteristics for the simulation have been kept constant over time. This thesis
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emphasizes crosstalk cancellation (Chapter 8) and the need for an adaptive equalizer is
not really necessary. The TEQ implemented as shown in equation 4.15 is a modified

frequency inverse of the channel.

*(f)
Wi (f) = ——— L — 4.15
o (f) | (f)l N (4.15)

[ is a very small valued parameter to help compensate when |H(f)| is near the noise floor.
On longer loop lengths, at higher frequencies, the attenuation can be very high (|H(f)| is
small) and the output signal would be comparable to the noise floor, and therefore
inverting |H(f)| would be a pointless exercise. At those higher frequencies, the inverse

| Wiz (f) | would have a very high gain, which would in turn amplify unwanted noise. Its

effect can be better seen when equation 4.15 is rearranged as follows:

1 e
WTEQ ()= e/ (4.16)

B
H JUNE A
| (f)|+lH(f)|

In the equation above, if at a given frequency fy, |H(f)| is small and in the same range as £,
then the denominator will be in the range of unity, and consequently |H(f)| would remain
approximately at unity. Therefore, at frequency fj, no magnitude equalization would be

performed.

Once Wy, (f)has been designed, the IDFT has been performed on it to get the
corresponding impulse response wy,(n). To equalize the channel distortion, the

optimum theoretical equalizer impulse response should be non-causal. Hence, a causality

delay has been introduced to make the TEQ equalizer causal and practical.



Chapter 4 48

Theoretically, the product of W, (f)with H(f) should a give a unity magnitude
frequency spectrum. However, the procedure of inverting the channel directly in the
discretized frequency domain corresponds to a circular convolution in the time domain

and not a linear convolution. Thus, only the circular convolution of w,;,(n) with h(n)

results to a unity magnitude in the frequency domain if f =0. When the linear
convolution is taken, the magnitude frequency response is not totally flat because the

equalizer wyy, (n) obtained does not fully invert the channel as shown in Figure 4-6.
Consequently, the design parameters for wy;, (n)such as f, the numbers of coefficients,

the delay, have to be chosen to produce an appropriate inverse at the frequencies where
the transmitted signal has been distorted. The channel SNR has been calculated using
equation 4.17 to verify the quality of the equalizer. It refers to the squared difference
between a signal of unit magnitude and zero phase across the entire frequency band and
the frequency response of the equalized channel obtained by the linear convolution of

h(n) and wy, (n) . For this example, the equalizer has been adapted for a 15kft, 24-gauge

twisted-pair channel and the channel SNR obtained is shown in Figure 4-7.

Channel SNR(i) =-10- log({] FFT(Id(i)) - WH (i) |}2) 4.17)
where the vector Id is the ideal delayed Dirac impulse response and |WH(i)| represents

the magnitude frequency response for the i" tone (subchannel) of the equalized channel.

Figure 4-6: Magnitude frequency response of the linear convolution of k(n) with W, (n), with =0
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Channel SNR with TEQ combined

80 " T T T T N
: ' . . '

L ; i 1
0 50 100 150 200 250
Subchannels (Tones)

Figure 4-7: Example channel SNR

A high channel SNR is required at the frequencies (tones) assigned by the bitloading
since only those tones have been used to transmit the information signal. For this
example, tones from 35 to 113 have been assigned by the bitloading algorithm. Also, the
lower frequencies have a low channel SNR because the equalizer has been purposely
designed not to efficiently invert the lower frequencies for this example, therefore
reducing the noise enhancement, since the equalizer increases the gain of the frequencies
that have been attenuated by the channel but also simultaneously increases the noise at

those same frequencies.

45.2 FEQ

The frequency-domain equalizer, FEQ, is performed after the FFT demodulation. If the
guard period was sufficiently large (i.e. greater than the duration of the channel impulse
response), then the FEQ would be only a single complex coefficient on each subchannel

output after the demodulator. The FEQ deals with the different gains and phase delays
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that the channel introduces over the different subchannels. Therefore, equalizing each
subchannel output sample by multiplying with the corresponding complex coefficient

will re-adjust the magnitudes and phase positions as in Figure 4-8.

# Real # Real

Figure 4-8: Example of a subchannel demodulator output before and after equalization with the
corresponding complex coefficient.

The FEQ can be combined with the TEQ if needed to shorten the channel impulse
response. If the TEQ is necessary, then the FEQ coefficients are the inverse of the

equalized channel frequency response at tone i, WH(i), as shown in equation 4.18.

1

Wi (D = WHD @ (4.18)

where Wrro(i) is the complex gain of the equalized channel frequency response for the i

subchannel. The FEQ will be then applied as in Figure 4-9.

e FFT demodulator pemeefip-  FEQ el 7 > Z,,

WFEQ )

Figure 4-9: FEQ
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If the channel SNR is quite high over the transmission tones, implying that the TEQ has
reduced the channel memory substantially, then the combination of the implemented

TEQ with the FEQ will only provide a slight improvement over the use of the TEQ alone.
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Bitloading and Gain

The two previous chapters discussed important aspects of the DMT modulation; this
chapter concludes the discussion of DMT by explaining the gain scaling that can be
applied to each tone individually, briefly talking about the scrambler and lastly describing
the bitloading algorithm. The bitloading algorithm allocates the number of bits to assign
to the available subchannels and consequently determining the QAM constellation size

for each subchannel.

5.1 Gain Scaling

The simulation undertaken for this thesis considers the gain scaling as being the product

of three gain factors: Gcanstellation,ia GPSDlevel,i and Gbitloading,ia hence,

g =G

constellation,i X GPSD[evel.i X Gbil/oading,i (S . 1)

The QAM encoder output of each subchannel i for the ¥" DMT symbol is represented by

a complex element X,, + j¥;, and adjusted via the gain scaling, g; resulting: Z,, as

shown in Figure 5-1.
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Figure 5-1: Gain Scaling

Each gain factor: Geonseetiation,i» GPspievel,i Ot Ghitioading,i» has a particular purpose:
- For Gconstellation,i :

All QAM constellations regardless of their size have to be normalized to the same
average energy. Each subchannel is assigned a constellation size set by the bitloading
algorithm. Geonstetiarion,i 1S the gain factor to normalize the complex value to the same
average energy of a reference constellation size. The average energy of each constellation
for M = 2% to 2'* has been evaluated accurately using equation 3.3 in section 3.3 or
equation 3.10 when b>2 and even. Also, the symmetry for odd-bit constellation for
ADSL eases the calculations. The reference constellation taken is the 4-QAM
constellation which has an average energy of 2. The normalization gain factor,
G consteliation.i, for all the ADSL constellation sizes has been calculated and shown in tables

5-1 and 5-2.
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Table 5-1: Gain scaling for 2 to 8-bit constellations

#bits/const. 2 |3 4 5 6 7 8
Avg. Energy 103 5 10 21 41 85
(multiple of &*/2)

GCZOM Jation P13 1 1/5 [ 1/10 | 1721 1/41 1/85

Table 5-2: Gain scaling for 9 to15-bit consteilations

#bits/const. 9 10 11 12 13 14 15

Avg. Energy 165 341 661 1365 2645 5461 10581
(multiple of &°/2 )

Gfonste”mmn 1/165 | 1/341 | 1/661 | 1/1365 | 1/2645 | 1/5461 | 1/10581

54

- For Gpspieveri:

During initialization, the ADSL standard [ITU99] specifies that the transmitted training

sequence should have a power spectral density (PSD) of about — 40 dbm/Hz as shown in

Figure 5-2.

In order to set the training sequence to have the specified PSD level, the following

calculations have been made to find the magnitude of Gpspiever; :
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Zok 3 x()k B f
Z o~ X :
= N-IFFT L l
———e g Paraliel x
; N =512 ; to " .  DAC +—= ToChannel
: i Serial L3 Signal should have an average
7 : g N PSD of -40dbm/Hz
Y X AN
Nk g Rtk g, N

x(n) should have an average PSD
(in discrete time domain ) of

~40dBm | Hz
10 °  .f v?
10° cycle/ sample

Figure 5-2: Simplified DMT modulation with initial PSD level output of — 40dbm/Hz

In order to have a power spectral density (PSD) output of — 40 dbm/Hz, with a sampling
frequency, f, =2.208 MHz , the sequence at the output of the IFFT modulator should

also have a PSD of -40 dBm/Hz i.e. in discrete time domain of

~40dBm | Hz
.l 0 * Js in v’
10° cycle | sample
FFT(x, )| 2
with PSD of x,, _! (N"")| in v (5.2)
| N cycles | sample

And considering that FFT(x,,)=Z,, then,

~40dBm | Hz

|Z, P10 © .f &
Average = = 3 =~ in|——mmm—
N 10 cycle / sample

and
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—40dBm/ Hz
Gliea; 10 © . f
Average(GE . (X2, + Y2 —T2ll = ‘"
g { comellanan,:( ik r,k)} N 103
e
Ei
From which, it can be found that:
~40dBm | Hz
~ 10 10 - f.
Gy B, =N —— s
PSDlevel 103
—40dBm / Hz
~ 10 1  .f
As a result: G rspiever, = N - "“‘1‘65‘?']:2" (5.3)

Since all the QAM constellation sizes have already been normalized by G onstetiarion; then
E; in equation 5.3 can be replaced by the average energy of the reference QAM

constellation (which is E; = 2).

Figure 5-3 shows the PSD output from the IDFT modulator including the cyclic prefix
(for more detail refer to section 4.3) generated by the simulation program. The
transmitted signal was set to —40dBm/Hz i.e. Z, =G G pspiever,; (X, +Y) witha

constellation i

PSDleve] = - 40dBm/Hz.

The signal is defined only over a certain range of frequencies since for instance some the

tones (subchannels) have not been used.
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PSD of Signal Input to Channel from TX
% T : ! T :

dBr/Hz

1
0 0.2 0.4 0.6 08 1
Frequency O - 1.104 MHz

Figure 5-3: Signal PSD output from IDFT modulator with Cyelic Prefix added with PSD level set to
- 40dBm/Hz

- Ghirloading,i 15 the gain applied to adjust the power level of the transmitted signal using

the bitloading algorithm (refer to section 5.3).

5.2 Scrambler

The scrambler is used to randomize the input bit stream in order to achieve an almost
continuous spectrum and continuous spread of energy at the output [FER97]. Since
binary sequences of zeros, ones or alternating sequences may occur in realistic data
transfer more often that other sequences, it is convenient to make those events less
probable because they may generate concentration of energy at a particular frequency
causing interference problems. Equalizers and echo-cancellers often benefit from the use
of a scrambler [STA99]. Also, for instance, the scrambler makes the data carried by each
subchannel to be different (randomized) each time i.e. each subchannel will eventually
carry data that cover all the possible constellation points with respect to the QAM

constellation size assigned. Thus, an average PSD level of - 40dBm/Hz via the gain factor
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Gpspiever i can be achieved since Gpsprever ; is derived using the average energy of the QAM

constellation for each subchannel i as shown in equation 5.3.

Figure 5-4 and Figure 5-5 show the scrambler [ITU99] and corresponding descrambler
for ADSL used in the simulation. The descrambler was not provided by the ADSL

standard but it was derived using a similar descrambler found in [FER97].

Byte input
data stream

Parallel to Serial

(LSB first)
”"é
= -t
d,
P 7l B 7 — e 77— e —pf 7]
., 4., & iy, i

Seriaf to Paraliel
(LSB first)

!

Scrambled byte output
data stream

Figure 5-4: Scrambler for ADSL

Scrambied Byte input
data stream

-

Parallel to Serial
(L.SB first)

dl’:
‘L d g d d; d,
17 S

% 23 Z_] Z_l gkl . £-18 Z—] l— ... — Z'1

Serial to Paraliel
(LSB first)

v

Descrambled Byte output
data stream

Figure 5-5: Descrambler for ADSL
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5.3 Bitloading

A bitloading algorithm is the process of assigning the appropriate number of bits to each
subchannel efficiently in a multichannel transmission such as DMT. The ADSL standard
does not specify a bitloading algorithm. There are several approaches for bit loading
algorithms for DMT applications found in [SONGO02] [CAM99]. The choice of the
appropriate algorithm depends on whether the transmission technology is total power
limited or PSD limited [BIN0O]. However, ADSL systems are PSD limited because it is
necessary to limit the crosstalk (refer to Chapter 7) induced to other adjacent pairs in the
same telephone bundle. PSD limitation implies that the maximum power used on each
subchannel is restricted to the PSD mask imposed by the standardization committee. On
the other hand, the total power limitation is the overall power allowed over all the carriers

i.e. the entire available bandwidth.

For any of the two constraints, the number of bits allocated in each subchannel is chosen
to achieve either a maximum data rate at a fixed BER or at a minimum BER for a defined

data rate.

The bit loading algorithm chosen for the simulation is a modified version found in
[KOU99], which introduces an iterative algorithm for assigning the appropriate number

of bits b; for each subchannel i, with the PSD limitation constraint.

5.3.1 SNR and Capacity

Since the transmission technology is FDD-ADSL and the downstream case is only
considered in this thesis, the FDD-ADSL downstream PSD as in Chapter 2 has been used
for the Power Spectral Density Mask (PSD).
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Knowing the maximum allowable PSD for each subchannel, considered constant over the
subchannel bandwidth, the SNR for each subchannel has been calculated as follows:

SDMASK (1) l H(i) ‘2

SR =~ PSD__ ()

where: PSD,, . (i) is the FDD-ADSL PSD mask value at subchannel i.
PSDy,is0(i) 1s the aggregate power spectral density of all the channel impairments
such as FEXT, NEXT, white Gaussian noise etc. for subchannel i.
| H(i)|? is the magnitude squared of the differential channel transfer function.

at frequency corresponding to subchannel i.

The capacity is represented by the maximum number of bits, C,4(f), per subchannel.

The maximum number of bits that can be placed in the subchannel i is represented by
Crax(i). The capacity of bits per subchannel, Cp,(i), can then be calculated, which
includes the SNR gap:

Coas () = {1og2(1 N SNI{“")M

where: T =9.8dB +y,dB -vy.dB

the brackets| | indicate the integer part

Since only Reed-Solomon coding (refer to Chapter 3) has been used, then the coding gain
is about . = 3.6 dB and the margin, y,, taken is 6 dB since DSLs are designed with a 6
dB SNR margin [UDSL].

Having a selected bitrate R, the total number of bits K to be assigned to the subchannels,

isthen K = 4 since N +v = 544 samples are transmitted at f, = 2.208 MHz .
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5.3.2 Bitloading Algorithm

The algorithm calculates the incremental power spectral density, PSD;, (i), required to
transmit an additional bit on each subchannel. The subchannel with the minimum
incremental power is assigned the additional bit by increasing its current bit load,

b(i) = b(i)+1, as long as b(i) is less than the total capacity C,_, (7) for the corresponding

subchannel. The algorithm repeats until there are no more bits to place. The maximum

N~1
number of bits to be assigned is restricted by the minimum between K and ZCW @.
i=0

The incremental PSD, PSD;,.(i), essentially scales the inverse of the subchannel SNR(i)

and is defined as:

PSD,,.. ()-T @24 1) = PSD,,.. (@) T

PSD._ (D)=
= onR) | H() [

(2b‘-+] _ 1)

Thus, the higher SNR(7), the lower is PSD;,(i). Subchannels with high SNVR(7) have more
bits allocated to them as long as their capacity is not exceeded. Figure 5-6 illustrates the

bitloading algorithm flow chart.
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Figure 5-6: Bit allocation algorithm flow chart

It should be noted that the ADSL standard [STA99] specifies that the number of bits per
subchannel cannot exceed 15 and the subchannels cannot carry a single bit.
Consequently, if C_,, ({)>15 then C_, ())=15andif C  (i)<2then C_, (i)=0.

max max

In addition, depending on the DSL transmission technology, some subchannels are not
used. For example, for FDD-ADSL, the downstream transmission from the central office

to the customer premises does not use the first 32 subchannels, the algorithm is quite

flexible by just imposing C__ (7).}, = O as an initial constraint.
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Once the bit allocation is completed for the first time, some subchannels may only have a
single bit assigned to them i.e. 5(:)= 1. However, as mentioned above, the standard does
not allow a single bit constellation. To resolve that, each bit from each single-bit
subchannel is reallocated to another subchannel one at the time. For instance, the first

subchannel i carrying a single bit will not be used by setting C_, (/)= 0 and the

bitloading algorithm is executed again in order to reallocate the bit to another subchannel.
The same steps are undertaken for the next subchannel carrying a single bit. The

algorithm is repeated until all the single-bit subchannels have been reallocated.

As an example, Figure 5-7 shows the SNR(i) obtained using a downstream FDD-ADSL
PSD mask over a 15kft 24-gauge transmission channel with some crosstalk noise. Figure
5-8 illustrates the bitloading allocation obtained for the subchannels corresponding to the
downstream FDD-ADSL transmission at 1.5Mb/s. It can be noticed that only the
subchannels from 45 to 126 have been used and the tone number 64 is not used since
ADSL uses it as a pilot tone [ITU99]. The bit allocation is consistent with the SNR(7)

since higher number of bits has been allocated to subchannels with high SNRs.

-160

L ) 1 L L
0 50 100 150 200 250
Tone Numbers [0-255)

Figure 5-7: SNR per subchannel ( SNVR({))
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Figure 5-8: Bitloading allocation example for an FDD-ADSL transmission at 1.5Mb/s

5.3.3 Bitloading Gain Factor

Once all the bits have be allocated to the corresponding subchannels, the minimum

required PSD signal to transmit the allocated bits for each subchannel i, PSD_,, 1.me: ()

is evaluated as follows:

PSDnoise(i)'r .

2% ~1
|H(D) [ ( )

P SD subchannel (l) =

As mentioned previously, during initialization, the power of the transmitted signal

training sequence is set to — 40 dBm/Hz by the gain factor G,g,,,,,; for each subchannel.

The initial - 40dBm/Hz PSD level for each subchannel can be increased, decreased or

maintained depending on PSD,,,. ., (i)and is adjusted by the 3" and last gain factor

implemented, that is the bitloading gain factor Ginoading,i-
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From the bitloading algorithm, if the PSD of the i subchannel, PSD,,, ... (i), is lower

than - 40 dBm/Hz then, Grinoading: = 1, thus, the PSD of the i" subchannel remains the
same at — 40 dBm/Hz, according to static spectrum management [SML01].

If PSD,,pame (1) 1S higher than —40dBm/Hz, the subchannel PSD signal should be

increased by 2.5dB [ITU99], thus G,,0une; = Jloz57m0

If — 40dBm/Hz is higher than PSD, ., (i) , then the subchannel PSD signal is decreased to

the PSD, 5, (i) , thus G = PSP @)

bitloading,i ~40

1010
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Twisted Pair Transmission Line Modeling

DSL systems use the existing telephone lines to transmit the data signal over the copper
twisted-pair line. The two copper wires of a telephone lines are named Tip and Ring and
the useful DSL signal is transmitted in differential mode. Differential mode signal
transmission is when the Tip and Ring have equal but inverted voltage amplitudes, where
both the Tip and Ring voltages are measured to ground. To get a better understanding of
the different propagation modes on the twisted-pair line, this chapter starts by giving a
brief explanation of the two modes of propagation, the differential and common modes,
and their interaction. It then details the model for the differential mode propagation using
two-port theory, and follows by elaborating a common-mode model derived from the

differential mode model.

6.1 Propagation Mode Introduction

To produce a differential mode signal in the telephone line i.e. over the twisted-pair
wires, the telephone system contains a hybrid circuit. A hybrid circuit is used to remove
the voice signal echo from the duplex signal transmission. However, in order to transmit
the desired signal in differential mode, each hybrid circuit contains a transformer on both
ends, at the transmitter side and at the receiver side at the end of the transmission line. A
simplified transmission system as in Figure 6-1 is shown to illustrate the differential

current flow.
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Figure 6-1: Simplified transmission system.

Vr is the voltage between Tip and ground and is the equal to -%K, V.is the voltage

between Ring and ground and is equal to :2—V— , resulting in a differential voltage V. The

VT —(VR) =£/_

differential currentis: I, = 2

where R is the reflected impedance R;.

Without any source of noise, the common mode signal that is defined as being the
average of the Tip and Ring wires would yield a null voltage. Therefore, the common

mode current /. is zero, which is easily verified by Kirchoff’s current law at node A, the

centre tap:

j = Vim0 Va0
R/2  R/2

= %[V +(-")]=0

In a telephone bundle, there are a certain number of telephone lines (twisted-pair wires)
grouped together and each line is dedicated to a specific subscriber. Each line in use
generates an electromagnetic field causing interference on other adjacent lines. This form
of interference is called Crosstalk (Chapter 7). An additional current due to the

electromagnetic field is induced on each wire of the pair of the subscriber’s line creating
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an undesired crosstalk signal. Each wire of the line, Tip and Ring, are tightly twisted
together to allow any external noise such as crosstalk coming from adjacent twisted-pair
lines located in the same bundle to couple with the line equally on both Tip and Ring

wires. The coupling can be over a small portion of the line or the entire line.

As a simplified example shown in Figure 6-2, Iy is the crosstalk current signal induced
on each wire of the pair since the pair is tightly twisted together. In an ideal case, a
perfectly balanced line, results in an unchanged desired differential signal passed to the

receiver and the differential current /,, would remain the same as in Figure 6-1.

R
VN =]N'~i—
14 14
—+Vyl1=[-=+V
] :[VT+VN]—[VR+VN]=[2 w1l 2 N]z_V_
D R 7 R
o |
Ve+Vy | I, Receiver End
- > > -
e o A e >

Iy !
Crosstalk interference

Node A

Figure 6-2: simplified circuit with crosstalk interference

However, with the presence of noise, the common mode signal will not be null anymore.

The common mode current would be then:
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_ V-0 [V +V,1-0_ 4,
¢ R/2 R/2 R

Unfortunately, in practice, the lines are not perfectly balanced, causing the common
mode signal to leak into the differential mode and therefore corrupting the desired

differential signal intended to/from the customer, as explained in the next section.

It should noted that from Figure 6-2, the conceptual way to extract the common mode
signal from the twisted pair transmission line would be the average of Tip and Ring
signals [SHEOQ3] as shown in Figure 6-3.

Tip wire Receiver end

Differential
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Ring wire

Twisted pair
Transmission line

/
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Common mode
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|
!
s
!
; |
i |
; ‘
|
.
|
|
|
|
|
i
|
|
|
|
|
|

Figure 6-3: Differential and common mode signal extractions

However, the twisted pair cannot be considered ideal and therefore conforms to
transmission line theory, having attenuation loss, phase distortions and reflections. In
this case, the transmission line requires proper termination in differential mode and
common mode to be able to efficiently extract both these signals from the twisted pair
transmission line at the receiver end. This chapter is dedicated to modeling a twisted pair
in both differential and common mode taking the above limitations into account. An

example circuit to terminate the line and extract both signals is shown in [CO093].
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6.2 Transmission Line Balance

As mentioned above, if the line (copper twisted-pair) was perfectly balanced and tightly
twisted, then the desired differential signal intended for the subscriber would be barely
affected with the presence of crosstalk noise. The term “balance” for a transmission line
refers to the capacity to prevent differential signals from coupling (leaking) into the
common mode and also the corresponding common mode signals from leaking into the
differential mode [STA99].

Various factors can affect the transmission line balance such as the impedance
imbalances to ground along the two wires of the pair, the number of twists per unit

length, and the transmitter and the receiver hybrid circuits design [LAO02][COM98].

Therefore, along the transmission line, the signal traveling towards the receiver could
encounter one or more major imbalance points and then could leak into the common

mode and also a signal traveling in common mode could leak into the differential mode.

In the presence of noise, since the noise mostly couples in common mode [COM98], then
a common mode current is induced on each wire of the pair, which corresponds to the
crosstalk signal (i.e. common mode signal) that could leak into the differential mode if
one or more imbalance points are encountered. Consequently, the original differential

signal transmitted is corrupted by this unwanted crosstalk signal.

It is difficult to find mathematical models for a transmission line balance. [STA99]
proposed a model for Category 3 twisted-pair lines. The magnitude of the balance is a

function of the frequency and is defined as follows:
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10° 0< [ <150kHz
B(f)=
\/105 _(150kHz

15
) 150kHz < f <30 MHz (6.1)
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Figure 6-4: Magnitude of the balance function B(f)

The magnitude of the balance function has been used to represent the degree of
attenuation when a signal traveling in one mode is coupled (leaked) to the other mode.

Thus, a signal traveling in differential mode is attenuated by B(f) when coupled to
common mode or a signal traveling in common mode such as an induced crosstalk signal
is attenuated by B(f) when leaking into the differential mode. As mentioned previously,
the signal can encounter one or more imbalance points along the transmission line. In this
model, B(f) is assumed to be the resulting magnitude of the transfer from one mode to the
other This means that B(f) will be applied at the receiver end on the received signal in one

mode to get the corresponding signal that coupled (leaked) into the other mode.
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It can be seen from the plot of B(f) as in Figure 6-4, that as the frequency increases, the
magnitude of the signal leaking from one mode to another is higher, implying that at high

frequencies, the line balance gets poorer .

6.3 Differential Mode Channel Model

Major problems in data transmission such as DSL are the physical line impairments. It is
essential to define the characteristic of a twisted-pair line in order to find a realistic
channel transfer function to model the attenuations and phase distortions degrading the

transmitted data signal.

6.3.1 Twisted-Pair Equivalent Circuit

A copper twisted-pair line is considered as a two-conductor transmission line that can be

described with the following equivalent circuit [CHE92] as in Figure 6-5.

[ ]

)7 i(x+dx)
o AANA— 1 °
"1 Rax Ldx I
+ ! I
V() | == SGdy V(x+dy)
_ i Cdx : _
!
| |
]
| |

Figure 6-5: Equivalent twisted-pair transmission line
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The circuit corresponds to a per-unit incremental section of a twisted-pair transmission

line characterized by four parameters:

R: the resistance per unit length in /m
L: the inductance per unit length in H/m
G: the conductance per unit length in S/m

C: the capacitance per unit length, in F/m

R and L are series elements and G and C are shunt elements. The quantities V' (x) and
V(x+ dx)are the voltages at distance x and x + dx, I(x) and/(x+dx) denote the

currents at distance x and x + dx where dx corresponds to the differential incremental
section of the transmission line. All the parameters: R, L, G and C are frequency-

dependent as: R(f), L(f), G(f)and C(f)and consequently all the derived quantities

from these parameters are frequency-dependent.
Applying Kirchhoff’s voltage law and current law to the incremental section of Figure
6-5, fundamental results and equations can be derived [CHE92].
The impedance per unit length is:
Z=R+joL where o = 27f
The admittance per unit length is:

Y =G+ joC

At any given frequency, the propagation constant y can be derived. It characterizes the

segment of the transmission line.

y=a+jB=yR+jol)-(G+joC) =VZ-Y (m™)



Chapter 6 74

The real part of the propagation constant y is called the attenuation constant « in Np/m
and the imaginary part § is called the phase constant in rad/m of the transmission line.

The ratio of voltage and current at any distance d is called the characteristic impedance of

Z, = R+ joL =\/Z Q)
G+ joC Y

The characteristic impedance depends only on R, L, G, C and the frequency o but it is not

the line:

a function of the length of line.

6.3.2 Two-Port Model

Having those fundamental results, the electrical properties of a transmission line at a
given frequency can be fully characterized by a two-port model [STA99] as in Figure
6-6:

@

A B o
SO B oA I AT

Source

Figure 6-6: Two-Port Model

cosh(yd) Z, sinh(yd)

where =

C D ZLsinh(yd) cosh(yd)

0
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The two-port model representation is defined as:
V A B\V, Vv,
= =d- (6.2)
I, C D|I, I,

or in another form: V=4V, +BI,

I,=CV, + DI,
where ¥V, I, are the voltage and current at the transmitter end of the transmission line
and V, , I, are the voltage and current at the receiver end for a given frequency fand a
loop length di.e. from x=0 tox =d. Therefore, V},I,, ¥V, and I, are the short forms
for: V,(f,d),1,(f,d) V,(f,d) and I,(f,d) respectively.

Note that the four frequency-dependent parameters 4, B, C and D depend only on the

network and not on external connections. The voltage and currents are dependent on the
voltage source V; and the load impedance R; but the matrix relationship shown in (6.2)

always remains valid.

Using the matrix relationship in (6.2), the following transfer function can be found for a

given frequency f'and a loop length d:

ppn=teo_ N 1
V, AV, +BI, | oL
VL
V
since  Z, =—f~ then:
L
Z
() 4Z, + B (6.3)

The magnitude of H(f) represents the attenuation of the transmission line versus the

frequency, also called the insertion loss.
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In a transmission line, the optimum value for load impedance Z, (meaning that half the
power is transferred to the load) is found to be the conjugate of the characteristic

impedance Z, of the transmission line as [CHE02]:

zZ,=7; (6.4)

An overall transfer function T'(f)as shown in equation 6.5 can be found between the
voltage supply V, (f) (with corresponding internal impedance Z_ ) and the output voltage
V,.

vV h__7%
T(f)—?;—Vl v Zl+Z‘H(f) (6.5)

X

s

14
with Z, = j,‘— the input impedance of the terminated two-port
1

However, in practice, equation (6.3) is mostly used since it uses the voltage at the
transmitter output and not the voltage at the source. The requirements of a
communication system are often towards the voltage level or power level restriction at

the transmitter end, on V| regardless of the voltage source V..

Furthermore, more complicated network models can be determined. If a two-port model
is found for each subsection and each subsection is in a cascade form then a global two-
port system can be derived. The cascade of several two-port systems is the matrix product

of everyone of them in following manner:

14 v, |14
! =0, -O,-O,---D,, | Mli_—@p.| ¥
‘[1 IM IM

where M is the last two-port subsection of the transmission line and ® is the resulting

two-port model].
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6.3.3 R, L, C, G Parameters

As mentioned previously, a twisted-pair transmission is characterized by the set of
parameters: R, L, C, G. All the parameters are a function of frequency. The R, L, C, G
parameters used have been taken from VDSL system requirements contributions of ANSI
[VAL97].

Resistance equation:

-For a 26-gauge twisted-pair:

R(f) =4/286.17578" +0.1476920 - £? Q/km

-For a 24-gauge twisted-pair:

R(f)= \/1 74.55888* +0.053073481. 1> Q/km

Figure 6-7 illustrates the resistance versus the frequency in differential mode for the 26-
gauge wire,

Resistance R
550 -

Ohm/km

150
0

i s L L L
02 0.4 0.6 0.8 1
Frequency up to 1.104 MHz

Figure 6-7: R vs frequency with 26-gauge wire
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The high frequency content of the signal propagating through the copper wire, the skin
effect makes the signal current flow mostly near the outer surface of the copper wire. So
the resistance increases significantly as the frequency increases leading to stronger loop
attenuations at high frequencies [COM98]. Also, a Jsmaller wire diameter (higher wire

gauge) implies an increase of the resistance R.
Inductance equation:

-For a 26-gauge twisted-pair:

675.36888 + 488.95186 - (T ___)0smwns

L(f) = 806.33863 uH/km
+ ( f )0,92930728

806.33863

-For a 24-gauge twisted-pair:

617.29530 + 478.97099 - (L __y115766

L(f)= 553.760 WH/km
f )1.1529766

1+—L
553.760

Figure 6-8 illustrates the inductance versus the frequency in differential mode for the 26-

gauge.
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uHkm

i L < ) L s s ' 5 L
il 01 02 a3 0.4 05 08 o7 08 09 1
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Figure 6-8: L vs frequency with a 26-gauge wire

The inductance is mostly a function of the distance between the wires, the diameter of the
wire and the frequency. As the frequency increases, the inductance diminishes because of

the skin effect.

The capacitance for the 26-gauge and 24-gauge AWG twisted-pairs are constant over all
the frequencies: C = 49nF/km and C = 50nF/km respectively since the capacitance is
mostly a function of the dielectric medium and the distance between the two wires.

Conductance equation:

-For a 26-gauge AWG twisted-pair:
G(f)=43-f" nS/km

-For a 24-gauge AWG twisted-pair:
G(f) =234.87476- 1*7 nS/km

The effect of the conductance on the attenuation is much less pronounced than the effect
of the resistance R [COM9S].
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6.3.4 Channel Transfer Function

Having the RLCG parameters defined in section 4.4.3 for the 24-gauge and 26-gauge
twisted-pair transmission lines, the ABCD parameters for each two-port model for any
frequency and loop length can then be determined. However, to get the impulse response

of each channel, the load impedance, Z,, has to be determined.

As mentioned in section 4.4.2, the characteristic impedance Z, is independent of the loop

length. Figure 6-9 shows the magnitude of the characteristic impedance Z, for the 26-
gauge and 24-gauge.

[Zol

250 .

200 |

150

Ohm

26-gauge

100 | \ =

24-gauge

50 -

Frequency Mi{z
Figure 6-9: Magnitude of the characteristic impedance Z, for 26 and 24 gauges

Also, as the frequency increases( >250 kHz), the R and G parameters become negligible,

the characteristic impedance Z, as in section 6.3.1 is then dominated by the reactive

parameters, therefore, Z, can be approximated by [STA99]:

- L
Z, = \/; | (6.6)
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The plot of Z, = L and the magnitude plot of Z, as in Figure 6-9 become very
*“Yc

comparable for frequencies higher that 250 kHz. Z; becomes then resistive, so as for the
simulation, looking at Figure 6-9, Z, varies between 100 Q and 110 Q, the load

impedance, Z,, chosen is 100 Q. The simulation was set purposely not to adapt to a

specific optimum load impedance for a specific transmission line as explained in section
4.3.2 since realistically, ADSL transceivers (modems) do not have a load impedance
matching the characteristics for every particular transmission lines that they are
connected to. Therefore, the value of 100 © has been chosen to be a compromise between
the 26-gauge and 24-gauge. Also, this value has been chosen because most US cables
have an impedance of 100 Q [STA99].

Finally, having Z, and the two-port models defined, the respective channel transfer
functions H(f)using equation 6.3 can be then calculated. The magnitude of a transfer

function gives the attenuation (insertion loss) versus frequency of the transmission line as
in Figure 6-10 for a 5 kft AWG 26-gauge loop and for a 15 kft AWG 24-gauge loop

respectively.

£ H H H H H H i H H H
01 02 o3 04 o5 as o7 08 09 1 Li%] 02 03 04 05 a8 o7 08 as 1 1t
Fraquency M2 Frocquancy Mgz~

Figure 6-10: Insertion Losses for 26-gauge Skft (left) and 24-gauge 15kft (right) differential channels
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It can be seen that the longer the loop length, the higher the attenuation, and also high
frequencies are much more attenuated than the low frequencies. The bitloading will most
likely not assign any bits to tones located at frequencies higher than 700kHz for the 15kft

loop because the transmitted signal on those tones would be attenuated by over 80 dB.

In order to find the impulse response of each channel, the complex conjugate values of

H(f)defined up to half of the sampling frequency (f, = 2.208Mhz), have been

appended to get Hermitian symmetry and by taking the IDFT vyields a real impulse

response as shown in Figure 6-11.

l}: :
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Figure 6-11: Differential Channel Impulse Responses for 26-gauge Skft (left) and for 24-gauge 15kft
(right)

Looking at Figure 6-12, the plot of the impulse response is not a single Dirac function (ie.
a single spike), causing some phase distortions on the transmitted signal. Both channels
will exhibit ISI. The sampling frequency being 2.208Mhz, the two plots help to see the
propagation delays caused by the two transmission lines. For the 5kft loop, the main
spike is at 18 time-samples, meaning a principal propagation delay of about 8.2 psec and

about 25 psec for the 15kft loop. Also, the length of the channels exceeds (mostly the
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15kft line) the cyclic prefix length, the guard period, consequently a time-domain

equalizer is needed at the receiver end as explained in Chapter 4.

6.4 Common Mode Channel Model

In section 6.3, the differential mode channel attenuation and phase distortion have been
modeled. It is also possible to find a two-port model for the common mode channel. The
purpose of finding a common mode channel will become evident in section 6.5 when it
will be used to calculate the propagation delay difference between the common mode and

differential mode.

However, since an accurate two-port model for the common mode propagation is not
readily available, an approximate model has been generated by adapting the differential
model parameters found previously. The exact value of each derived parameter is not
critical since the common mode channel will not be used to determine common mode

signal attenuation but only the phase information is necessary.

The criteria used to adapt the differential R, L, G, C parameters to obtain the
corresponding common mode parameters named: Reomm, Lcomm, Geomms Ceomm are described

as follows:

- FOI‘ Rcomm :

In contrast with the differential signal, in which the differential currents travel in opposite
directions, the common currents travel down both wires (Tip and Ring) simulitaneously in
the same direction as in Figure 6-2. The return path is considered to be through the cable
shield (bundle shielding). Therefore, the common mode signal sees the twisted-pair as a

single wire [COM98]. Thus, it is reasonable to say that the common mode resistance,
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R is approximately half the resistance of the differential mode, R, since the common

mode signal propagation travels half the distance of the loop. The current return path is
through the cable shield, which has much less resistance than the wire [COM98].
Therefore, the overall estimate of the common mode resistance could be about 0.55 times
the differential resistance R [FEN99].

- For Ceomm and Geomm:

It is also mentioned in [COM98], that the unit length capacitance is slightly less than
differential one and the conductance is usually negligible. So the capacitance, C.omm, has
been chosen to be 0.9 times the differential capacitance C and the conductance, Geomm, 1S

taken to 0.1 times the differential conductance G (adapted from [FEN99]).

= FOI' Lcomm:
Similar to the differential case, at high frequencies, the common mode characteristic

impedance Z was approximated by:

0 _comm

L
Z ~ comm

0_comm —
- c

comm

From [COM98], at 1 Mhz, for a 26 gauge, the twisted-pair characteristic impedance for

the differential mode, Z,, and common mode, Z were approximately 100 Q and

0_comm *
215 Q respectively. Knowing those values, it is possible to find the ratio between the

differential inductance and the common mode inductance.

Zy comm = Leonn =\/ x L =215 since Z, =\[_L—j=100
B Ccomm 09-C C

then L, =4.16-L (6.7)

comm
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Although this approximation is for a 26-gauge wire, for the 24-gauge, the same ratio has
been used. The resulting common mode magnitude characteristic impedance is shown in

Figure 6-12:

{Zo| Common Mode

400

350 -

300 -

24-gauge
200 + o

150 " L L ) s
0 0.2 0.4 0.6 0.8 1
Frequency MHz

Figure 6-12: Magnitude of the common mode characteristic impedance Z for 26 and 24

0_comm

gauges
-For the common mode load impedance, Z; .,
By the same reasoning as for the differential case, from Figure 6-12, the magnitude of

Z varies between 240 Q and 220 Q for the 24-gauge and 240 Q and 230 Q for 26-

0_comm

gauge, the common mode load impedance, Z chosen for the simulation is then 230

L_comm>

Q.

6.5 Velocity Difference between Differential and Common Mode
Signals

The characteristic impedance of the common mode is higher that the characteristic

impedance of the differential mode. Also the common mode signals are attenuated less
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than the differential since the common mode resistance, R is much lower than the

comm

differential mode R.
An important aspect is that the common mode signal travels much slower than the

differential signal along the transmission line (at about half the speed )[COM98].
The phase velocity is given by [CHE92]:

where w =27f and [ is the phase constant i.e. the imaginary part of the propagation

constant.

At high frequencies, the phase velocity can be approximated by:

<
n

= (6.8)

L ) .
since Z, = \/g at high frequencies

The capacitance C of the common mode transmission line is similar to the differential
mode and the inductance L of the common mode is dominant [COM98] (about 4 times)
compared to the differential mode as shown in equation 6.7. Clearly, the propagation

speed of the common mode would then be much less.

Using equation 6.8, at high frequencies, the velocity of the differential signal is then
about:

1 1 g
v, = = =2.04-10°m/s =0.68¢
Z,-C 100.49.10° I/ fm
1000

where C = 49 nF / km (for a 26-gauge cable, section 6.3.3) and ¢ = 3-10°m/s.
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From the differential impulse response found for a 5kft 26-gauge transmission line
(Figure 6-11), the propagation delay was about 8.2psec giving a differential signal
velocity of:

Skft -0.3048 km / kft 1000

- = 0.63¢
8.2-10

This result is consistent with the value obtained in [COM98] at 1Mhz with a 26-gauge

cable where the differential signal velocity was found to be 0.65¢.
To verify the common mode model designed by adapting the differential mode

parameters, the common mode impulse response of a 5 kft 26-gauge channel is plotted as

shown in Figure 6-13.
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Figure 6-13: Common mode Impuise response for a Skft 26-gauge transmission line

The main spike is at time-samples » = 36 giving a principal propagation delay of about

16psec at a sampling frequency of 2.208Mhz. The common mode signal velocity is then
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about 0.32¢, which is consistent with the velocity of 0.34¢ found in [COM98] for a 26-

gauge cable.

Superposing the plots as in Figure 6-14 shows clearly the delay difference between the
common mode channel and the differential channel. The delay difference is about 18
samples corresponding to 8.2us (half of the delay of the common mode channel being at
16 psec), therefore, the common mode signal travels about half the speed of the

differential signal as expected and consistent with [COM98].

From [COM98], the common mode insertion loss for a 26-gauge is 6.4dB/km at 1 MHz.
Figure 6-15 shows that the insertion loss for the same loop is 7.6 dB. The order of
magnitude appears to be consistent. Furthermore, as anticipated, the differential
attenuation is much greater than the common mode attenuation as shown in Figure 6-15

since one major factor is that common mode resistance, R is only half lower than the

comm 2

differential resistance R as mentioned previously.

Delay = 18 time-samples
<
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0.2r b
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Figure 6-14: Skft 26-gauge Differential mode and Common mode channel impulse response
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Figure 6-15: 1km 26-gauge Differential mode and Common mode channel Insertion loss
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Crosstalk Model

A major limiting impairment in DSL is crosstalk. A telephone bundle contains a number
of twisted wire pairs. Crosstalk noise arises because individual wires in a telephone
bundle radiate electromagnetically. Since the twisted pairs in the bundle are not shielded
from one another (UTP), the electric and magnetic fields created induce currents in other
neighbouring twisted pairs, leading to an undesired signal (called crosstalk signal) on
other pairs. A number of individual twisted pairs are wrapped together in a shielded
bundle and a number of bundles make up a telephone cable. There are typically 12, 13,
25, 50 or 100 pairs in a bundle. Crosstalk between pairs in the same bundle is much

higher than it is between pairs in different bundles [GALO1].

Two types of crosstalk can be distinguished: Near-End Crosstalk (NEXT) and Far-End
Crosstalk (FEXT).

In sections 7.1 and 7.2, NEXT and FEXT power spectral densities at the receiver will be
defined. However, to simulate the interaction of a DSL transmission line in the presence
of crosstalk impairments, the corresponding time-domain signals are required. In the up-
coming sections, the modeling of crosstalk signals in differential and common mode will
be described as well as the approach taken to model them for a considered DSL
architecture. The crosstalk canceller will be briefly introduced since it uses the common
mode crosstalk signal as an input reference to mitigate crosstalk. The crosstalk canceller

will be explained in greater detail in the following chapter.
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7.1 Near-End Crosstalk

Near-end crosstalk (NEXT) as shown in Figure 7-1 occurs when a receiver detects other
signals in the same bundle from transmitters that are located in proximity (i.e. from a
transmitter into a “near-end receiver”). In other words, the interfering signals coupling
into the line are traveling in the direction opposite to the received signal but in an

overlapping frequency band depending on the DSL technology.

TX, RX,
> Twisted Pair
RX, NEXT TX,
<

Figure 7-1: Illustration of NEXT

The level of NEXT detected at a receiver is dependent primarily on the number of
disturbers (crosstalkers), their proximity to the considered line and the relative powers of
the interfering signals and the frequency band over which NEXT occurs. For instance, as
in Figure 7-2, Transmitter 2 (TXj) is further from Receiver 1 (RX;), and so the NEXT
interference power level received by Receiver 1 is weaker than the NEXT power level
received as in the configuration shown in Figure 7-1where both RX; and TX; are in
proximity (co-located). The NEXT level as shown Figure 7-2 is attenuated by the
difference in length separating RX; and TX,.

TX, RX,

attenuated
RX, NEXT — X
b —

Figure 7-2: [lustration of attenuated NEXT
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If the same technology is used for all the lines sharing the same bundle, and also the DSL
technology uses frequency division duplexing such as FDD-ADSL, then NEXT (i.e. self-
NEXT) should not be a problem. The transmitted signal from TX, (causing NEXT)
should not overlap the frequency band of the useful signal received by RX; from TX.

DSL standards and theoretical studies with measurements have modeled NEXT crosstalk
in a 50-twisted pair bundle with a coupling function [STA02] referred also as the NEXT
Power Spectral Density model as shown in equation 7.1. It should be noted that the PSD
model is the resulting PSD of the NEXT signal at the receiver end.

PSDNEXT (f) = PSDDisturber (f)(%)06 '10-13 'f].s (71)

where PSDyisurier 1S the power spectral density of the adjacent transmitter (disturber) and

N is the number of disturbers in the bundle carrying similar DSL service.

Referring to Figure 7-1, Receiver 1 (RX)) will detect a NEXT signal having a power
spectral density (PSDygxr) defined by 7.1. The power spectral density of the transmitted
signal at Transmitter 2 (TX3) is considered as PSDpjsurber and N=1 since there is only one

disturber in this case.

7.2 Far-End Crosstalk

Far-end crosstalk (FEXT) as shown in Figure 7-3 occurs when a receiver detects other
signals in the same bundle from remote transmitters, which can be located at a Remote
Terminal (cabinet) or Central Office (i.e. from a transmitter into a “far-end receiver”). In
this case, the interfering signals coupling into the line are traveling in the same direction

as the received signal in an overlapping frequency band.
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TX, |
Twisted Pair
=) e — e
7 T
X, JFEXT -
ﬁ »»»»»» I ; :

Figure 7-3: Hlustration of FEXT

Similar to NEXT, the level of FEXT detected is dependent on the number of disturbers
and their proximity to the considered line, the relative powers and the frequency band
over which FEXT occurs. However, in contrast to NEXT, FEXT levels depend on the
length of the line over which the coupling of interference signals occurs. FEXT decreases
with increasing line length because the interference signals are attenuated since they have

to travel through the transmission line.

Another scenario is represented in Figure 7-4 when for example the transmitter TX is
located in a Remote Terminal, which is at a distance closer to the receiver RX, In
contrast to Figure 7-3, RX; will experience a much stronger FEXT signal originating
from TX, (amplified FEXT) since the distance d separating TX, and RX; is much shorter
than the distance in Figure 7-3. This scenario is encountered when for example ADSL
signals from a Central Office share a distribution cable with VDSL signals from a
Remote Terminal. The FEXT signal from a downstream transmitter (TX;) into a ADSL
receiver (RX;) may be severe [BINOO] since the transmitted signal from the central office
(TX)) gets more attenuated because the distance (loop length) to reach the receiver RX is
greater. Therefore, the higher level FEXT crosstalk signal from the remote terminal
causes signal interference with the lower level (attenuated) desired signal (from the CO)

at the receiver.
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Remote Terminal

Figure 7-4: Illustration of amplified FEXT due to shorter distance

FEXT modeling parallels NEXT modeling with the FEXT Power Spectral Density model

defined as:

PSD FEXT = PSD Disturber

H(f,d)[' (£)*¢-9.107 .d - f? (7.2)

where PSDjisurper 15 the power spectral density of the far-end transmitter (disturber), N is
the number of disturbers in the 50-pair bundle carrying similar DSL service, f is the
frequency, d is the distance between the far-end transmitter and the considered receiver
and H(J, d) is the differential channel transfer function for the considered line where the

coupling is occurring. It should be noted that the PSD model is the resulting PSD of the
FEXT signal at the receiver end.
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7.3 DSL Architecture Considered

The performance of DSL systems is severely constrained by crosstalk. With DSL
architecture using a central office (CO) and a remote-terminal (RT) (referred to as “CO-
RT architecture), crosstalk impairments are even more critical. Figure 7-5 illustrates the
DSL architecture considered with RT-served customers located within proximity to a

CO-served customer, and where all the transmission lines are sharing the same bundle.

This scenario has been chosen because it represents the worst-case crosstalk for the
customer attached to the line deployed from the CO, during downstream transmission. As
explained in section 7.2 and briefly introduced in Chapter 2, having this configuration,
the customer serviced by the CO will be prone to NEXT impairments from the RT-served
customers, but will also experience strong FEXT impairments from the Remote-Terminal

transmitters.

Customer Premise Equipment (CPE)

Cabinet

ADSL  CO-served line

>
Downstream
transmission

Central Office (CO) Twisted pair bundle
Remote -Terminal (RT)

RT-based ADSL only, VDSL only or both

Figure 7-5: DSL architecture with a Central Office and a Remote Terminal (referred to as “CO-RT
architecture”), with a shared bundle consisting of several ADSL and/or VDSL lines
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7.4 CO-RT Crosstalk Modeling

In the CO-RT architecture, the crosstalk signals, NEXT and FEXT, originated from the
transmission lines deployed from the Remote Terminal to the customer premise
equipments (CPE) i.e. the RT-served lines. The crosstalk signals as shown in Figure 7-5
are corrupting the desired received signal by the CPE connected to the line deployed from

the Central Office i.e. the CO-served customer during downstream transmission.

The following subsections will first elaborate the model for the NEXT time-domain
signals in differential mode and common mode that originated from the RT-served lines,
followed by the model for the FEXT. Finally, the modeling will consider the cases when
the disturbers (i.e. the crosstalkers) are from a single technology or mixed technologies
such as ADSL and VDSL sharing the same bundle.

7.4.1 NEXT Time-Domain Signal in Differential Mode

The text below will describe how to generate the NEXT time-domain signal in
differential mode. It is necessary to find a time-domain signal that would yield the NEXT
power spectral density as given by equation 7.1. Note that the given crosstalk PSD

equations of section 7.3 represent the PSDs of crosstalk signals at the receiver.

For the parameters of the NEXT PSD equation 7.1, PSDpisurber 1S replaced by the
upstream PSD mask of the technology serviced by the Remote Terminal such as ADSL
or VDSL (refer to Chapter 2). The number of disturbers, N, is the number of RT-served

lines in the bundle.



Chapter 7 97

In order to achieve this, a noise source has been filtered to produce an output signal,

NEXT pjf signas, that would give the NEXT PSD. The shaping filter H yzyr g ghaping () 18
represented by NEXT Differential PSD shaping as in Figure 7-6.

NEXT Differential

WGN PSD shaping

NEXT Diff. Signal

Figure 7-6: NEXT differential time-domain model

The appropriate shaping filter, Hypvr py aping (f) > 1S determined as the following:

In [KER93], the probability density of NEXT and FEXT have been studied and it turns
out that both NEXT and FEXT time-domain noise signals follow a Gaussian distribution.
Also, it is known that a Gaussian input to a linear system produces an output, which is
still Gaussian [HAY94.]. Thus, a White Gaussian Noise source (WGN) has been selected

as the source noise, with zero mean and variance, 6°= 1.

The relation between input-output PSDs in the system is defined as:

PSDNEXT (f) =] HNEXT__DiJj’_shaping 0. 12 'PSDWGN N

Since a white Gaussian distribution random process has the property that the PSD is
constant over the frequency and equals its variance [LEO94], then PSD,,, (/) =0’ =1.

Therefore, the magnitude of the shaping filter is found to be:

l HNEXT_Dijj"_shaping (f) l = 4 PSDNEXT (f)
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The Yule-walker design has been used to find H yz5r pyr shaping () - Yule-walker designs

IIR digital filters using a least-squares fit to a specified frequency magnitude response.

The function takes as a parameter the magnitude response over specific frequencies. In

this case, it would be: /PSD,;,,(f)and it finds the resulting filter coefficients, which

will be used for H pp 0 (f). The resulting filter has an arbitrary phase response,

shaping
but  matches  the specified  desired  magnitude  response. Having

Hyixr i shaping (f) defined, the NEXT time-domain differential signal NEXTpy signai

can be then generated.

7.4.2 NEXT Time-Domain Signal in Common Mode

The steps taken to model the NEXT time-domain signal NEXTp signas in common mode

are described as follows:

In DSL literature, the differential crosstalk PSD as in equation 7.1 or 7.2 is well defined
but the PSD characteristic of the common mode crosstalk signal is not readily available.
However, as mentioned in Chapter 6, crosstalk interference due to adjacent lines in a
telephone couples initially in common mode. The desired differential received signal is
corrupted by the process of the common mode crosstalk signal partially leaking to the
differential mode because of an imperfect transmission line balance. Using the overall
magnitude balance function of the line B(f) as a scaling function (refer to equation 6.1), it
is possible to model the reverse of the process by scaling the differential crosstalk model
designed previously to find the corresponding original common mode crosstalk signal
that has leaked. The scaling function, B(f), is represented by Scaling function from

Differential to Common mode in Figure 7-7.
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Figure 7-7 illustrates the model to generate the NEXT common mode time-domain

signal.
NEXT Differential »
PSD shaping > NEXT 5t signai
. . i
: . Scaling function .
NEXT Differential ‘ ; .
PSD shaping —»  from Differential —1————# NEXT ¢, signar
to Common mode :

'''''''' - NEXT Comm. PSD shaping —--—--

Figure 7-7: NEXT common mode time-domain model

The NEXT differential time-domain signal, NEXT pyr signa» and NEXT common mode
time-domain signal, NEXT comm. signai; have the same phase information since NEXT, as
opposed to FEXT, does not propagate through the transmission line. Consequently, the
B(f) scaling function applied to the differential NEXT signal should not introduce a

change in the phase information.

Scaling the magnitude frequency response of the previously found differential shaping

filter, Hyevr py (f) , by B(f) will yield the magnitude response of the common

shaping

mode shaping filtet, Hyzvr comm _shaping (/) ShOwn in equation 7.3.

‘ HNEXT_Comm_shaping (f) I = l HNE);T_D({fh.vhapt'r:g l : B(f) . (73)

The phase information of Hypr comm g (/) should be kept the same
a8 H vy Dy shamng () @S previously mentioned, consequently Hyuvr comn shaping () 18

found to be:

= ‘]4 H " _ Dy shapin; (f)
HNEXT_Comm_shaping (f) - l HNEXT“COmm_shapmg (f) l e NEXT _Diff _ shaping
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Having Hypyr comm_shaping (/) defined, the NEXT common mode time-domain signal

NEXT comm. signat can be then generated as in Figure 7-7.

7.4.3 FEXT Differential Mode Signal

The steps taken to model the FEXT time-domain signal in differential mode,
FEXT pig: signais as in Figure 7-8, are identical to the ones used to find the NEXT
differential time-domain signal. The difference is that the FEXT shaping filter,

H poxr i shapmg () » uses the FEXT PSD as in equation 7.2.

FEXT Differential

WGN PSD shaping

| FEXT Diff. Signal

Figure 7-8: FEXT differential time-domain model

However, as mentioned in section 7.2, the PSD equation contains the magnitude transfer
function of the differential channel as a parameter. As opposed to NEXT, the FEXT
signal propagates through the differential channel i.e. the transfer function of the line
deployed from the CO to the considered CPE. But the crosstalk is over a shorter distance
from the cabinet to the CPE as illustrated in Figure 7-9. Therefore, the magnitude of the

transfer function corresponding to the CO-served line channel, H(f,d,), should be

designed for a propagation distance from the cabinet to the CPE, d.
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CO-served line

RT-served line

' Terminal
Central Office (CO) Remote -Termina (R:T)

1 §
|

Figure 7-9: Channel transfer function definitions for the CO-RT architecture

Using equation 7.2, the FEXT PSD becomes then:

PSDFEXT.Cab = PSDDisturber H(fadz)lz(i%)o"s '9'10_20 'dz 'fz (7.2)

where N is the number of disturbers, i.e. number of RT-served lines in the bundle, and

PSDpisnrber 1s replaced by the downstream PSD mask of the corresponding technology.

Therefore the magnitude transfer function of the FEXT shaping filter,

Hivr b shaping (f), is calculated as:

lHFEXT*Diff_shaping (f)l = —\/PSDFEXT‘Cab (f)

As in the NEXT case, the Yule-walker design has been used to find the coefficients for

H oxr pi_shaping () taking as a parameter: \/PSDFEXT_CHI, (f) . The resulting filter has

then again an arbitrary phase response but approximates the specified desired magnitude

response. Having Hyzyr pig  snaping () defined, the FEXT time-domain differential signal

FEXT py signai can be then generated.
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7.4.4 FEXT Common Mode Signal

To model the FEXT time-domain signal in common mode, FEXT cComm. signal, 15 slightly
more complex than the NEXT time-domain signal common mode model. The modeling

is separated into two steps as in Figure 7-10.

The first step of the design is similar to the NEXT common-mode model and produces an
intermediate FEXT common mode signal, inter-FEXT Comm. signal, With the same phase

information as the differential FEXT signal FEXT pig signai.

The second step adds an additional phase element to inter-FEXT comm signa that yields
FEXT Comm signai- The added Phase element represents the delay incurred by the actual
common mode FEXT signal, with respect to the differential FEXT signal, since both
signals travel at different velocities as mentioned in Chapter 6.

Step 1 Step 2

FEXT Differential

PSD shaping P FEXT pir signat

e - Same phase
: : : Phase

. . . Scaling function :
. FEXT lefergntlal from Differential = > Transfey functl'on FEXT sl
J PSD shaping I from Differential
| to Common mode o Inter-FEXT oo signar to Common mode
-------- — FEXT Comm. PSD shaping~--~--4

Figure 7-10: FEXT common mode time-domain mode]

Step 1:

To produce inter-FEXT Comm. signai» the same assumption is used, being that the coupling
of crosstalk is being induced initially in common mode as previously explained with the

NEXT common mode signal case. Therefore, scaling the magnitude frequency response
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of the previously found differential shaping filter Hypyr 1 g () DYy B(f) will give

the magnitude frequency response of the common mode shaping filter,

H pxr Comm_shaping (/) shown in equation 7.4.

| HFEXT_Comm_shaping (f) I =l HFEXT_thf_shaplng ] : B(f) (74)

For the first step, the phase of Hipr comn smgumg(f) 1S kept the same

as HFEXT_DW'_S"“P""E (f) : Consequenﬂy’ HFEXT__Camm_shaping (f) iS found to be:

£ H gy, i _shaping ()
H tixr_comm_shaping\S) =V H ppxr_pigp _shaping * BCS) | g’ o e

£ H chaping )
= | HFEXT_Comm_shaping (f) l ej PR e

Having H piyr comm_shaping (f) defined, inter-FEXT comm signat €an then be generated.

Step 2:

In sections 7.4.1 and 7.4.2, NEXT differential signals and common mode signals have
been modeled with the same phase information since NEXT signals do not propagate
through the transmission line. In contrast, FEXT propagates through the line. Thus FEXT
differential signals and FEXT common mode signals cannot have the same phase at the
customer receiver because as mentioned in Chapter 6, it was found that the velocity of the
differential signal is about 0.63¢ and the common mode signal is about 0.34c. The
common mode signal travels then at about half the velocity of the differential signal.
Consequently, at the customer receiver, the common signal arrives with a delay with
respect to the differential signal. In step 1, the intermediate FEXT common mode signal
has been modeled with the same phase as the differential FEXT signal. In step 2, the
delay is now considered and will be used to modify the phase content of the intermediate
FEXT signal found. |
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In the CO-RT architecture presented, in theory, FEXT interference couples into the
common mode line along the entire CO-served transmission line, giving a resulting
common mode FEXT signal at the customer receiver. The resulting common mode FEXT
signal can be represented as the sum of signal components coupled at different locations
along the line towards the receiver as shown in Figure 7-11. The strongest signal
component of the resulting common mode FEXT signal is the one that has been coupled
in proximity to the Remote Terminal transmitter. If considering that the other signal
components are respectively negligible, then the resulting common mode FEXT signal is
represented by the strongest signal component. Consequently, it has to travel a distance
of d; to reach the customer receiver or in other words there is a certain delay at a speed of
0.34c.

[~ e e

I d t >‘|

! I

f

I Il 7T TTTT T ": Common
! CO-served : 2 RX _~mode view

co ~am— > ; v
TX [ / ."V PR

[ / ; ‘ Y
' ] :’/ / 4 _-_ _! \} FEXT common mode signat
. . ,’ H ( Z ..... > ¢ components => Resultmg FEXT
Strongest FEXT coupled into the ! : - 3o ¢ ) cOMMonR mode signat at RX
common made CO-served line §:- ; I," ees R !
— _r%’___——.l’__ — ———Ll—- —— ‘-_l";_:\ ~a
T
| ] :
R.T ER———F ‘ ==
T Crosstalk coupled to common

mode of CO-served line by
RT-served line

Figure 7-11: Resulting common mode signal in CO-served line at RX due to RT-served line causing
crosstalk interference

As mentioned previously, since the transmission line is not perfectly balanced, the FEXT
common mode signal leaks into the differential mode, giving the differential FEXT
signal. The leakage occurs along the entire transmission line towards the receiver as
shown in Figure 7-12. Therefore, the resulting differential FEXT signal is composed of
multiple signals leaked along the transmission line and each differential FEXT signal

component travels a different distance towards the receiver.
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Chapter 7
d=0
-
: Common
CO-served
line
= — s
X . .
Strongest FEXT leaked from Differential
common mode into the ; mode
Differential mode at 4 = \,', i

Leakage at different locations ;
due to low line balance Resulting differential
FEXT signal at RX

Figure 7-12: Leakage from the FEXT common mode signal to the differential mode of the CO-served
line

For simplicity, to model the delay of the resulting FEXT common mode signal with
respect to the resulting FEXT differential signal at the receiver, the strongest FEXT
common mode signal component has been compared with its corresponding differential
signal. It was assumed that the corresponding differential signal is the result of the
strongest FEXT common mode signal that has leaked within the proximity of the RT-
transmitter at d =0. Thus, as shown in Figure 7-13, both signals in differential or

common mode have to travel the same distance, d, towards the receiver, at respective

velocities of vpy = 0.63 and vcomnm = 0.34.

d=0 d, d=d,
bt~ e e e e — — -
! | . Common
b I\ mode
CO-served L el - S
line VComm = 0346’ " RX
L4 I
|
TX —
0.63¢ : Differential
| mode
|

Strongest FEXT leaked from
common mode into the
Differential mode at ¢ = (

Figure 7-13: FEXT common mode signal and respective FEXT Differential signal traveling a
distance of 4, towards the receiver at different velocities
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From above, it is then possible to find the delay difference between the differential mode
and the common mode signals at the receiver. However, in DSLs, the transmission line is
dispersive, so different frequencies travel with different velocities [STA99]. The
previously given velocities represented an approximation of the velocities of the signals
at high frequencies. So, simply applying a delay to the common mode signal with respect
to the differential signal is not quite accurate. A better implementation is to find the phase
transfer function from the differential mode to the common mode. It has been designed as

follows:

The given FEXT PSD of equation 7.2, is the crosstalk PSD at the customer receiver of
the CO-served line. From the latter, the corresponding FEXT differential signal and the

intermediate FEXT common signal have both been modeled with identical phase.

In Chapter 6, the differential channel transfer function, H; (), and the common mode

channel transfer function, H,.__(f), have been designed. The unity phase transfer

Comm

function from the differential mode to the common mode, @,/ comn(f), can be

determined by taking the difference between the common mode channel phase,

ZH ¢ (f>d,) , and the differential channel phase, ZH ,,, (f,d,), as in equation 7.5. It

should be noted that the common mode channel and the differential channel have been
designed for a distance of d, the FEXT common mode signal and FEXT differential

signal travel the same distance, d>, to reach the receiver.

Also, 8.5 7o comm (/) should not change the magnitude of the intermediate FEXT common

mode signal, inter-FEXT comm, signal. Therefore, a unity gain has been applied for the

deSign Of ¢Dljf To Comm (f) "

¢ (f) —_ 1 . ej(éHCamm(fadz)—éHDi/f(f,dz))
Diff To Comm -
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Having ¢Dl./f 10 comm (f ) defined, the phase of inter-FEXT comm, signai can be then modified

with respect to the differential signal and FEXT comm. signat can then generated as in Figure

7-10.

Figure 7-14 shows the differential and common channel impulse responses for a d; =
Skft, 26-gauge twisted pair and their respective phase responses. It can be seen that the
approximate delay difference between the differential channel and common mode
channel is about 18 time-samples. Figure 7-15 shows the phase impulse response

obtained from differential mode to common mode, ¢, 7, comm (/) - The main spike is at

18 time-delay samples as expected.

R-T to Customer Premise - Diff and Comm Channel impuise Responses

T ]
0.2 ' T time-delay samples 7
g o1t .
= : Comm. Channei
G
E 0 Z&WAVAVA
Diff.Channe!
<01+ h
| t
[ 50 100 150

T T T T T T T

Differential mode

50 F

Common mode

-100 -

Phase Response (rad)

1

L i i 1 i .
0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1
Normatlized Frequency (xr rad/sample)

Figure 7-14: Differential and Common mode channel impulse responses and respective phase
responses



Chapter 7 108
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"77--. 18 time-detay samples

0.6 1

Amplitude

0.2} 1

0.4 L t ‘. | 1 i | i L
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Figure 7-15: Corresponding impulse response of @, 1, comm (/)

7.5 Resulting Design Model with only ADSL Disturbers

In the previous sections, the common and differential crosstalk signals have been
modeled for the considered DSL architecture, which has a central office and a remote
terminal sharing the same bundle (CO-RT architecture). The overall system showing the
various signals involved is represented as in Figure 7-16. The crosstalk signals (NEXT
and FEXT) are caused by the lines deployed from the Remote terminal that provides DSL
services. The differential crosstalk signals are corrupting the desired differential signal
received by the Customer attached to the line deployed from the Central Office.
However, in Figure 7-16, NEXT and FEXT signals refer to the scenario when only one
type of disturber such as ADSL (originating from the remote terminal) is present in the

bundle.
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.................................. 1 signal '
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PSD shaping .
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i

———————— — FEXT Comm. PSD shaping —--—--

from Differential to
Commeon mode

T Thaceiver End 1

Receiver End

!

CO-served Customer '

Figure 7-16: Overall system representing the CO-RT architecture with only one type of disturber i.e.
ADSL present in the bundle.

In Figure 7-16, the Transmitter Output signal is the downstream desired differential

signal transmitted from the CO to the customer (CO-served customer). The desired signal

has been generated using the DMT ADSL protocol stack (transmitter side) shown in

Chapter 2.

NEXT and FEXT common mode signals are summed to produce the Resulting Crosstalk

Common Mode signal at the receiver end. The resulting common mode signal will be

used for the wideband crosstalk canceller as an input reference to mitigate the differential

crosstalk signal at the receiver. It will be explained in greater detail in Chapter 8.
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7.6 Resulting Design with ADSL and VDSL Lines in the Bundle

When considering more than one type of disturber, i.e. ADSL and VDSL in the same
bundle, the overall interference caused by each type of disturber must be combined.
There are several techniques to combine mixed PSD crosstalkers from mixed sources

[KER02a] [GALO2].

For each type of PSD crosstalkers (ADSL and VDSL) in the simulation, their respective
time-domain crosstalk signals have been generated using the same modeling techniques
as in previous sections and then summed in the time domain to obtain the overall
interference signal as shown in Figure 7-17. It should be noted that the white Gaussian
noise source (WGN) used to generate the crosstalk signals are independent to one

another.
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Figure 7-17: Overall system representing the CO-RT architecture with mixed technology disturbers
i.e. ADSL and VDSL present in the bundle.
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Wideband Crosstalk Canceller

This chapter will present the wideband crosstalk canceller performed by adaptive
filtering, the measure to evaluate the performance of the canceller (via convergence

level), and briefly introduces and compares three adaptive algorithms.

As briefly introduced in the previous chapter, the adaptive wideband crosstalk canceller
uses as input reference the resulting crosstalk common mode signal. The goal of the
canceller is to produce an output y, which closely resembles the differential crosstalk
signal that corrupted the desired differential signal. Figure 8-1 shows the implementation
of the adaptive canceller in the CO-RT system to reduce the differential crosstalk at the

- recelver.

Receiver End CO-served Customer

AWGN . |
(-140dBm/Hz) |

' - . . , Time I
Desnrec; iDg‘fac:;rentxal S | zP ——;@ » Equalizer —» T4 .
g signal g (TEQ) Demodulator |

Resulting Crosstalk Differential

signal |
. )4 |
| "~
: |
! .
Resuiting Crosstalk Common Mode . Crosstatk | | ]
signal [ ™1 Canceller w

Figure 8-1: Crosstalk canceller implementation in the CO-RT system
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The delay Z° is required to force the solution of the adaptive filter (canceller) to be
causal. The delay is mostly required to compensate for the phase Transfer Function from
Differential to Common filter since the FEXT common signal lags the FEXT differential
signal. Also, Additive white Gaussian noise (AWGN) of —140 dBm/Hz (single-sided) is
added at the receiver side in the simulation since background noise in DSL systems is

often presumed to be —140dBm/Hz [STA02].

It should be noted that the CO-served line considered operates a Frequency Division
Duplexing ADSL (FDD-ADSL) for upstream/downstream transmissions, therefore, an
echo canceller would not be required. During downstream transmission (from to CO to
Customer), only the desired downstream signal is present at the receiver end (customer)
as shown in Figure 8-1. The assumption made is that the hybrid circuit is assumed to be
fairly ideal; therefore, the upstream signal from the CO-served customer is mostly
removed by the hybrid circuit. However, if any residual upstream signal remains in
received signal due to line imperfections or echo, an echo canceller can be used to

remove any remaining signal components.

8.1 Convergence Level

The adaptive crosstalk canceller was trained until it had reached a selected convergence
level, where the convergence level is deﬁnedﬁ here as the power ratio of the initial
FEXT/NEXT levels over the remaining FEXT/NEXT components not removed by the
canceller. However, the achievable convergence depends on the power ratio between the
NEXT signal and FEXT signal in the system. The following will further explain the

concept.

From the interference (crosstalk) canceling system of Figure 8-2, the optimum solution is
the Wiener solution defined as [HAY02]:
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w=R!P_ = w=R"

(x] +Xy )-(x1 +x2) Ij(xl +X, )'(dl +d2 )

For simplicity of presentation, the useful signal (downstream transmitted differential

signal) and the AWGN have been purposely omitted (set to zero) in Figure 8-2.
d=d, +d,

/ +

X=X+ Xy ] W —

Figure 8-2: Interference canceling system

where: x = resulting crosstalk common mode signal as the input reference of w
x; = NEXT common mode signal component of x
x2 = FEXT common mode signal component of x
d = resulting crosstalk differential mode signal as the desired signal
d; = NEXT differential signal component of d
d, = FEXT differential signal component of d
y = canceller output predicting d;+ d>
R,. is the auto-correlation matrix of the input x and Py, is the cross-correlation

vector between d and x

By expanding the cross-correlation vector P,

1)(x1+x2)‘(d1+d2) = E[(x, +x,)-(d, +d,)]
=E[(x, +x,)-d ]+ E[(x, +x,)-d,]
=P

(xl +X2 )dl

+P

(xy+x,)d,

the optimum Wiener solution can be expanded as follows:
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w= R:+x2 Hxy+25) . (1)(x1+x2 )-d, + })(x1+x2 )dy )
w= R(_x:+x2)'(xl+x2) 'P(x1+xz)'d1 + (_"1“2)‘(*1”2) -P(xl“”x2)'d2
w= R;:+x2)-(x1+x2) ' f)(xl +%) ) d; + R:“‘z Haxy+xy) . P(x1 X3 )d;
~——— Thee——
system 1 system 2

Thus, from the above expansion, the optimum solution is the sum of two systems:

d, d,
syst, syst,
. A .
X+ X, > Wl - - + X, + Xy~ W2 - >
d, +d,
Overall system
A +
X, +x, ———p w - —»

/

It can be seen that for the first system (syst;), x, is some noise signal on the reference or
input signal for the prediction of the desired signal d;. For the second system (syst), x; is
also some noise signal for the prediction of the desired signal d>. As a result, for the
overall system, the noisy/biased solution, w, will mostly predict (d; and d) depending on

which reference (x; or x;) is the most powerful.

For instance, if the common mode signal x; is X dB greater that the common mode signal
X, then heuristically, d; can be predicted with X dB accuracy (achievable convergence),

and d> is not predicted. The overall corrupting crosstalk differential signal, d;. d; in the
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system, is then predicted to about X dB accuracy, again heuristically assuming d; is also
greater than d> by at least X dB. Consequently, one of the main limitations of the
crosstalk canceller convergence is then found in the case of different crosstalk signals
that went through different paths (i.e. transmission lines) before reaching the receiver.
FEXT crosstalk coming from the Remote Terminal transmitters (syst;) and NEXT
crosstalk coming from the transmitters in the neighbourhood of the customer receiver
(syst;) all travel through different paths, which means that the ideal solution of the
adaptive filter canceller is different for each one of those cases. However, the only
reference signal available for the crosstalk canceller is the sum of the crosstalk signals (x;
+ x,) found in the common mode. This is different from having access to different
reference signals (one for each crosstalk source i.e. d; and d) as shown in Figure 8-3, in
which case the optimal canceller of each different crosstalk source could be computed

and used separately to cancel individually each crosstalk source.

d, +d, d +d,
Syst, syst,

d +d,
Overall system
A
X, +x, —— w - —P

/

Figure 8-3: Having access to different reference signals x; and x, separately for each source d, and
d, respectively

Instead, as previously indicated, in the case of having different crosstalk sources traveling
through different paths and having different power levels at the receiver, the crosstalk

canceller using the common mode signal can then in practice only converge to minimize
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the most energetic crosstalk source down to the level of the second most powerful source

(or down to the level of the sum of all other crosstalk sources if there are many sources).

As an example, two independent white Gaussian noise sequences were generated (x;, x7),
with respective average power of P, =-39 dBm and P, =-59 dBm . d; was obtained
by filtering x; with a band pass filter (Figure 8-4), Hpp , with cutoff frequencies of 0.4n

rad/samples and 0.87 rad/samples. d, was obtained by filtering x, with a low pass filter

(Figure 8-5), Hyp, with a cutoff frequency of 0.1z rad/samples. The resulting average

power for d; and d, were respectively F, =-43.9dBmand F, =-70.5dBm.

-0.3
0

Figure 8-4: Impulse response of Hgp(n)
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Amplitude

Figure 8-5: Impulse response of H; p(rn)

With the simulations of the interference canceling system using the above parameter
settings and input signal powers, the convergence (Figure 8-6) reached was about

19.4 dB. This is approximately equal to the power ratio X =| P, - P, | dB as expected.

Convergence Monitoring in d8

25

Figure 8-6: Convergence plot
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Since x; is more powerful than x, the signal d; was predicted with about 19.4 dB
accuracy, but not d,. The resulting adaptive filter (Figure 8-7) impulse response has the

shape of hgp(n) as anticipated.

Noise Canceilation filter Impuise Response
T T T T T

—

n L L L i L i I
5 10 15 20 25 30 35 40 45 50

Figure 8-7: Adaptive noise cancellation filter obtained, w(n)

The value of the power ratio X as defined above (i.e. power difference in dB scale),
which represents a measure of the achievable convergence, is only an heuristic approach
at estimating the achievable convergence. In certain situations, the heuristic approach
does not reflect adequately the achievable convergence. For these cases, the achievable
convergence is calculated for individual frequencies by taking the ratio of the PSDs of x;
and x,. The following example illustrates a typical situation where the heuristic approach
is not necessarily representative of the achievable convergence.

When x; and x; are in disjoint frequency bands such as typical frequency division
multiplexed signals, it causes the NEXT and FEXT to be in a non-overlapping frequency
bands.
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As an example, two typical NEXT and FEXT common mode signals (with corresponding

differential signals d; and d>) have been generated and are represented by x; and x;

respectively with common mode powers of P, =-1.5dBm and P, =-0.8 dBm . Their

respective PSDs are shown in Figure 8-8.

-40

NEXT

dBm/Hz

L L ) o :
02 0.4 0.8 0.8 1
MHz

Figure 8-8: x, (NEXT) and x, (FEXT) cbmmon mode PSDs

Using the heuristic approach, the maximum achievable convergence of the canceller

should be X = |P -P_|= 0.7 dB. However, running the simulation, the actual

convergence reached was 30.5 dB. The correct approach is to calculate the achievable
convergence for individual frequencies by taking the ratio of the PSDs of x; and x; as

shown in Figure 8-9. .
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Figure 8-9: Frequency dependent achievable convergence

Furthermore, the frequency dependent convergence permits to evaluate the quality of the
crosstalk canceller over different frequency bands. This information allows in
determining the efficiency of the crosstalk canceller across the frequencies where the
useful signal (i.e. desired differential signal as in Figure 8-1) has been transmitted and the

frequencies outside this region of interest are not being crucial in this case.

8.2 Adaptive Noise Canceller Algorithm Comparisons

The adaptive noise canceller w(n) was implemented using different adaptive filtering
algorithms including the normalized least-mean-squares (NLMS) algorithm, a fast
implementation of the recursive-least-squares algorithm (Fast-RLS), and the fast affine
projection algorithm (FAP). The three algorithms will be briefly introduced, the order of
complexity will be compared i.e. the computational load and a coarse estimation of the
complexity with the number of adds and multiplies per iteration required will be also

given for each algorithm. Finally, the relative convergence speed of the adaptive
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algorithms will be also shown through the simulation of a selected scenario involving
mixed technologies i.e. ADSL and VDSL.

The general structure of the adaptive crosstalk canceller for the transmission over the

twisted pair wire is shown in Figure 8-10.

AWGN
(-140dBm/Hz)
Differential
S pigy (Yl) + X pigr (n) Signal - + zo
d(n)= 555 (n—D)+xp, (n— D)+ AWGN
/ .
y(n) - e(n)
x (n) Com:go:aJMode > w (n ) + » Output

/

Figure 8-10: General structure of the adaptive crosstalk canceller

The common mode crosstalk signal x(n) is the reference signal used by the canceller. It is
assumed to be uncorrelated with the desired distorted differential signal (from the CO

through the transmission channel), s, (n). x,, (n) is the induced differential crosstalk
signal correlated to x(rn). The coupling from the differential signal s, (n)to the common

mode may exist but it is considered negligible with respect to the common mode
crosstalk signal x(n)level. d(n) is the desired signal used by the canceller. It is a
combination of s, (n)and x,,(n) and AWGN, all delayed. The delay parameter Z° D as
previously mentioned is to force the solution of the canceller (assumed to be FIR), W(n),
to be causal. The filter coefficients may be adjusted such that the output of the filter y(n)

closely approximates x,, (n— D).
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In order to adjust the adaptive filter’s coefficient weights, it is necessary to develop a
performance function, which can be used to estimate the progress of the adjustments.
Often, the performance function is taken to be the mean-squared error, J(W), between the

desired response d(#) and the output of the filter y(n) as represented by equation 8.1.

J(W)=E{|e(n)*}= E{| d(n) - y(n) I} @®.1)
where y(n) =W - X(n)

W =[w(0),w(l),...,w(L-D]"
Xm) =[x(n),x(n=1),...,x(n-L+ DY

It is observed that the MSE is a quadratic function of the filter coefficients [PRO88].
Consequently, the minimization of J(W) with respect to the coefficients leads to the set of
L linear equations, which is known as the Wiener-Hopf equations [PRO88], with L being
the number of coefficients of the filter. The equations may be expressed in matrix form

as:
Rxx W = Px-d

where Ry, is the L by L statistical auto-correlation matrix of the input x and P,y is the L
by 1 statistical cross-correlation vector between d and x. The analytical solution of the

optimum filter coefficients (the Wiener solution) is then given by:

W iener = R Py

wiener

However, in practice, the autocorrelation and cross-correlation are obtained from the data
and represent estimates of the statistical ones. As a result, the filter coefficients obtained
are estimates of the optimum coefficients and the quality depends on the data record that
is available for the estimates. Also, L is often large, so the analytical approach could take
a great amount of computational load. Furthermore, the statistical properties of x and d
can slowly vary in time. Consequently, the statistical autocorrelation and cross-

correlation and hence their estimates may vary in time. Therefore, it is necessary to find a
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method which can track the variations in a non-stationary environment and also reduce
the mathematical complexity required to solve the filter coefficients.

There are various numerical methods that can be used to solve the Wiener-Hopf
equations for the optimum filter coefficients. The most popular are iterative methods that
have been used to find the minimum of a function, such as J(w) of several variables. The
simplest iterative method is called the steepest-descent based on successive adjustments
applied to the weight vector W(n) in the direction of the steepest descent, that is, in a
direction opposite to the gradient vector g(n),of the performance function, J(n), at the n®

iteration. The update of the weight vector W(n) is illustrated as follows [HAY02]:
1
Wn+l)= W(n)—aﬂ-g(n)

where u is the step size parameter, which will be discussed shortly.

It should be noted that under stationary environments, the iterative solution converges (as
n—> ) to the Wiener solution without having to invert the correlation matrix of the
input vector [PRO88]. However, the steepest-descent method requires the knowledge of
R, and P4 because the equation for gradient vector is found to be [HAY02]:

- _oI(m)
gm)=A(n)= W

= 2P, +2R_W(n)

Thus, the computations are still intensive and also in reality exact measurements of the
gradient vector are not possible. The gradient vector must be estimated from the available
data when operating in an unknown environment. In contrast, the least-mean square
(LMS) algorithm does not require measurements of the pertinent correlation functions,

nor does it require matrix inversion. The LMS algorithm takes the estimate of the

gradient, g(n), using the instantaneous squared error | e(n) | instead of the mean-squared

error, J(n) = E{| e(n) '} [WID8S5].
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#(n)= 9'—2—(;—,)‘— =2 e(m)X(n)

The weight vector W(n) is then updated as the following:
Wmn+)=W(n)+ u-en) X(n) (8.2)

From its form as in equation 8.2, it can be seen that the LMS algorithm can be
implemented in a practical system without squaring, averaging or differentiation, which
reduces the system complexity. On the other hand, without averaging, the estimation of
the gradient follows a noisy path that could occasionally steer in the wrong direction.
However the LMS algorithm is recursive in nature (the presence of feedback), so the
noise is attenuated with time by the adaptive process, which acts as a low-pass filter in
this respect [WIDS85].

From the equation 8.2, one important parameter of the adaptive LMS algorithm is the
step size parameter x, which will be discussed by introducing one of the derivatives of the
LMS algorithm that is the normalized LMS (NLMS).

8.2.1 NLMS

In the LMS algorithm, the adjustment applied to the tap-weight vector (filter coefficients)
at iteration n+1 as shown in equation 8.2, is the product of three terms, the step size
parameter, u, which is under the designer’s control, the input vector X(»n) and the
estimation error e(n) at iteration n. However, to ensure convergence in the mean in the
LMS algorithm, the choice for the step size parameter must be in the range given by
[HAYO02]:
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2
O<u<—— 83
H<= (8.3)

max

where A_, is the largest eigenvalue of the correlation matrix R..

Also it is found that:

L-t
Amax < O =trace R, = L- E[x* (n)] 8.4
k=0

L& [xel
where the estimate of E[x’(n)] is taken to be -Zsz(n—i)=————L——5 which
=0

corresponds to the input power of x(n).

Therefore, from the relation found in 8.3 and 8.4, the step size should not exceed:

2 2 :
Ao | X ()

Hoax =

However, in a practical situation, the input power is not always known in advance or
perhaps it can vary if the system changes such as in a non-stationary environment.
Therefore, the solution of the adaptive algorithm could diverge or be unstable if the step
size is chosen too high during initialization, or to exceed the maximum allowed at a
certain time during the adaptive process. However, in the NLMS algorithm, the
convergence (stability) condition is considered in the algorithm. The parameter u in 8.2 is

replaced by o -y, where o varies between 0 and 1.

Wh+D=Wm)+a- -X(n)-en) (8.5)

|x (|

The value of the adaptation constant parameter, & , determines the speed of convergence.
The closer it is to 1, the faster the convergence but the more the residual noise i.e. the
adaptive filter coefficients will oscillate (#n — ) with higher magnitude around the
optimum coefficients. The NLMS algorithm can be viewed as the LMS algorithm with a
time-varying step-size parameter [HAYO02]. The adjustment applied to the tap-weight -
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vector at iteration n+1 is “normalized” with respect to the squared Euclidean norm of the
tap-input vector X(»n) at iteration n, hence the term “normalized”[HAY02]. More
importantly, the NLMS exhibits a rate of convergence that is potentially faster than the
standard LMS. However, the rate of convergence for both the NLMS or the LMS is

determined by the eigenvalue spread of the correlation matrix vector that is the ratio

—% where A_, is the smallest eigenvalue of R,, [PRO88]. If the eigenvalue spread is
small, the convergence will be rapid. On the other hand, if eigenvalue spread is large, the

convergence of the algorithm is slow.

The NLMS algorithm is computationally very efficient with an order of complexity of
2L. The NLMS algorithm used is summarized in the following table.

Table 8-1: NLMS Algorithm

X (n)= L -by—1tap input vector at time n
d(n) =desired response at time step n
1 = adaptation constant,0 < i <2

6 >0, small constant

Iteration: Forn=0,1,2,...,compute
e(m)=dm)-W" m)Xmn)

W(n+1)=W(n)+—Lb—— Xn)-e(n)
5 +[x0)

It should be noted that in Table 8-1, the variable parameter & and the factor coefficient of

equation 8.5 has been replaced by . Also, when the tap-input vector X(n) is small,

numerical difficulties may arise by dividing by a small value for the squared Euclidean

norm | X ()|, thus a small off-set parameter & is inserted [HAY02].
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8.2.2 Fast RLS Algorithm

The major advantage of the NLMS or the LMS algorithm lies in its computational
simplicity. However, the drawback is slow convergence especially when the eigenvalues
of the autocorrelation matrix R,, have a large spread [PRO88]. Furthermore, from another
point of view, the LMS algorithm has only a single adjustable parameter for controlling
the convergence rate as discussed in the previous section, namely the step-size parameter.
To obtain faster convergence, it is necessary to develop more complex algorithms, which

involve additional parameters such as in the Recursive Least Squares (RLS) algorithm.

The previous algorithm has been developed by employing the concept of a search i.e. the
available data have been used in attempts to move (via the estimation of the gradient) the
current estimate of the filter coefficients to the optimum filter coefficients at each step
[TREO1]. However, the RLS algorithm uses the input data in a way as to obtain
optimality at each step. The RLS algorithm adopts the least squares criterion instead of
the statistical approach based on the MSE criterion [PROS88].

The algorithm will be briefly described by only providing the main results since the
complete procedure can be found in several literatures [HAY02][TREO1][PROS88]:

The RLS algorithm determines the filter coefficient vector that minimizes the weighted

sum of the magnitude squared errors as follows:
< n—i -~ 12 < n—i . .
Jus(m)=2 B |e@) =) B 1d@)~y()I’
i=0 i=0

where f is the weighting factor in the range of 0 < § <1. The purpose of the exponential

weighting factor is to weight the most recent data points more heavily and thus allowing

the filter coefficients to adapt to time-varying statistical characteristics of the data

B
1-8

[PRO88] (i.e. in a non-stationary environment) with an effective memory of
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The minimization of Jrzs(n) with respect to the filter coefficients W yields the set of L
linear equations [PROS8S]:

Ry s (MW (n) = Dy (n)
where R,,,(n) is the signal (estimated) correlation matrix similar to R, defined as:
Rys(my=> X" ()X (),
i=0

and D, ¢(n) is the signal (estimated) crosscorrelation vector similar to P, defined as:

Dys(m)=2 B X" (d()
i=0
The optimum solution (8.6) at time index » is then:

W(n) =Ry~ (mDy5(n) (8.6)

However, supposing that the optimum solution given by equation 8.6 is found for time

index » -1 (i.e. W(n-1)) and willing to compute W{(n), it is impractical to solve again the
set of L linear equations for each new signal component coming in during the adaptation
process. Instead, to the reduce the computational requirement for the algorithm, it is

possible to compute the matrix and vectors above recursively [PRO88] as:

Ry s(n)=f-Rys(n=1)+ X" (X" (n)
Dy s(n)=f-Dps(n=-1)+d(m) X" (n)
and by employing the matrix inversion lemma, R}, ((n) is found to be [PRO88]:

Rl (n)= -;— (R (=1~ K(m) X rs ()R (n=1)]

where K(n)is called the Kalman gain vector defined as:

K(n) = ——p s =DX )
B+XT (R (n-DX" (n)]
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Also, it is not shown in here but a matrix J -1 is initially added to R, ¢(n) in order to

make Rj,¢(n) invertible for small values of n. I is an L-by-L identity matrix and §is a

small positive constant. With exponential weighting into the past, the effect of adding

6 - I is dissipated with time.

It should be noted that several steps have been purposely omitted to get to the final resuit
but they can found in [PRO8S].

The update of the filter coefficient vector is found to be:
W(n)=W(n-1)+ K(n)e(n)

It can be observed that the filter coefficients vary with time by an amount equal to the
error e(n) multiplied by the Kalman gain vector K(n). Since K(»n) is an L dimensional
vector, each coefficient is controlled by one of the elements of K(n) [PRO88]. An
analogy to the NLMS algorithm is that the RLS algorithm defines just the right step size
and the right direction to retain optimality over each time sample [TREO1]. As a result,
rapid convergence can be obtained. Furthermore, the rate of convergence of the RLS
algorithm is invariant to the eigenvalue spread of the ensemble-average correlation

matrix R,, of the input vector x(n) [HAY02].

Regarding the complexity, the RLS algorithm presented above has a computational
complexity proportional to L°. However, when the input vector X() is a time-series, it is
possible to obtain the time-update equations for the Kalman gain vector, and the resulting
algorithms have a complexity that is proportional to L (multiplications and divisions) and
hence they are called Fast RLS algorithms. One of the algorithms used for the simulation
is presented in Table 8-2. It employs a transversal filter structure, which has an order of

complexity of 9L +3. The complete algorithm description can be found in [PROS8S].
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Table 8-2: Fast RLS algorithm

Initialization

a, ,(-D=b,_,(-1)=0
K, ,(-D=0

W, (-1)=0
E/(-1)=6,6>0

Iteration: For n=0,1,2,...,compute
fm=x(m)+a._ (n-DX,  (n-1)

gm) =x(n-L+1)+b]  (n-D)X,_ (n)

a, (W=a,_ (n-D-K, _(n-Dx(n-L+1)f(n)
fo(n)=x(m)+a, (WX, (n-1)

E/(ny=B-E/ (n-1)+ f(n) fp" (n)

r;wﬂ:KAm{? }+@%mf }
c(n) K, (n-1)| E'(n)a, (n

C,_(m—cmb, (n-1)
1-c(n)g(n)

b, \((m=b, ,(n-1)-K,  (n)gn)

) =dm) =W, (n-DX, (r)

e(n) = d(n)—d(n)

K, (n=

W,(n)y=W,(n-1+K, (ne(n)

Note that for clarity the subscripts for some variables are present to indicate their

respective vector dimension.
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8.2.3 Fast Affine Projection Algorithm

The third and last algorithm briefly presented is the Affine Projection algorithm (APA). It
can be viewed as an intermediate between the normalized LMS and the recursive least-
squares algorithms. By employing several input vectors, the APA provides faster
convergence than the NLMS, and requires fewer computations than the RLS method. It is
found that the affine projection algorithms or their low-computational implementations
can produce a good tradeoff between convergence speed and computational complexity
[BOUO3].

The affine projection algorithm is a generalization of the normalized LMS algorithm.

~

7!

More specifically, the adjustment term ——————
5 +|X ()|

-X(n)-e(n) applied to the filter tap-

weight vector in the NLMS algorithm as in Table 8-1 is replaced by the more elaborate
term [HAY02]: "

fi- An)-[A" (n)- A()+ 5T - e(n)
where:
A =[Xm), Xtn-1),..., X(n-N+1)]
e(n)=d(n)— A" (n)-W(n)

d(ny=ldm),dm-1),.., dn-N+1 |

It can be observed that in the NLMS, the new adaptive filter weights have to best fit the
last input vector X(») to the corresponding desired signal d(n). However, it can be seen
that the affine projection algorithm uses (N-1) past values of both the tap-input vector
X(n) and the desired response d(n). N is the number of multiple constraints, which defines
the projection order. For the special case where N=1, the APA algorithm reduces to the
original NLMS algorithm. Similar to the NLMS algorithm, the inversion of the N-by-N
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matrix product A" (n)- A(n) may cause to numerical difficulties so & - I is added, where

I is the identity matrix and & is a small positive constant.

From a geometric point of view, in the NLMS algorithm, it can be observed that the
direction of adjustment of the tap-weight vector is the same as that of the input vector
X(n) [HAYO02]. Under this interpretation, the NLMS is viewed as a one dimensional
affine projection. However, in APA the projections are made in multiple dimensions
[GAYO00]. As the projection dimension (order) increases (N), so does the convergence
speed, but unfortunately the computational complexity increases as well. For the time
series inputs, there are techniques that can reduce the computational load, giving as a
result fast affine versions of APA (FAP). A fast affine algorithm is found in [GAYO0O0]
called FAP-RLS. Since APA requires an implicit inverse of the input matrix product
defined as R(n)= A" (n)- A(n)+6 -1, the FAP algorithm in [GAYO00] uses a sliding
windowed RLS type approach based on the matrix inversion lemma to update the inverse
covariance matrix to achieve faster computation. The order of complexity of FAP-RLS is

about 2L + 3N*+8N. The FAP-RLS algorithm found in [GAYO00] is shown in Table 8-3.

Table 8-3: FAP algorithm

Initializa tion
r(0)=0, n(0)=0, PO)=VI5, W(0)=0

a(n)=R"'(n-1)d(n)
a(n)=[i+d" (a)]”
Q7' (n)= R (n-D~-a(ma(n)a’(n)
b(n)=Q ' (md(n~L)
B(my=i+d’ (n- by}
R (n) = Q7' (m)+ B(mbk)b’ (k)
r(my=r(n-D+x(M)d(n-1)—-x(n—-LYd(n-L-1)
where r(n) is a correlation vector of size N -1
d (n) is made up of the first (i.e top) N -1entries of d(n)
e(n)=y(m)—-W'(n-DX)~ 7' (n-1r(n)
£(n) = e(n) p(n) where p(n)=1st column of R (n)

n(n=1) = e(n)+ 0.7 (n-1)']
W (n) = W (n=1) + pt-x(L = (N = D)7, ()
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Simulations

This chapter evaluates the performance of the crosstalk canceller under different
conditions. It starts by evaluating the complexity and the convergence speed of the
crosstalk canceller with the three adaptive algorithms (briefly defined in Chapter 8) in a
selected scenario. It continues by considering the conditions under which the simulations
of the different scenarios have been performed and the measures that were used to
evaluate the performance of the crosstalk canceller. It finishes by presenting the

simulation results of the different scenarios.

9.1 Complexity and Convergence Speed Comparisons

In most DSL technologies, an initialization sequence is mandated where the training and
synchronization of the two modems is performed, and also where the equalizers are
trained. The time of training is limited, and therefore the convergence speed is evaluated
because the training has to be done in this allotted time. The complexity of each
algorithm is presented for reference and could be a decisive factor in determining the

algorithm for a practical implementation.

Table 9-1 shows the order of complexity (i.e. the computational load) for the three
considered algorithms, and a coarse estimation of the complexity with the number of adds

and multiplies per iteration required by each algorithm.
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Table 9-1: Order of complexity of the three considered adaptive algorithms for L=90 filter taps

Algorithm Order of complexity Estimate for L = 90 filter Taps

Type (adds and multiplies/iteration) (adds and multiplies/iteration)
NLMS 2L 180
FAP (N=10) 2L+N*+8N 360
Fast-RLS 9. +3 813

Simulations have been performed to indicate the relative convergence speed of each

adaptive algorithm for a selected scenario as shown in Figure 9-1.

D g = 15 Kt = — = — e e — -
co 1 FDD-ADSL o=
T 49 ADSL
) [ e e s d,= 5 kft — = — ~p
Cabinet

Figure 9-1: Selected scenario to evaluate the convergence speed

The selected scenario was undertaken for a d;=15 kft 24-gauge transmission line
deployed from the Central Office (CO-served line) with a 1.5 Mb/s downstream data rate.
The Remote-Terminal (Cabinet) was located at d>=5 kft from the considered customer of
the CO-served line i.e. 10 kft from the central office. 49 ADSL crosstalkers (disturbers)
were located at the Cabinet (i.e. 49 ADSL lines deployed from the Remote Terminal).

The crosstalk canceller was adapted using the three adaptive algorithms for the scenario
above. Table 9-2 shows the training time required to adapt the filter coefficients to
generate an output which closely resembles the differential crosstalk signal that corrupted
the desired differential signal, from the reference common mode crosstalk signal (i.e.

resulting NEXT/FEXT common crosstalk signal)
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The target convergence was chosen to be 15 dB but only in the region of interest, which
is over the frequencies where the desired signal has been transmitted. This convergence
was calculated by taking the power ratio of the initial FEXT/NEXT differential level in
the frequency band used to transmit the desired (useful) signal, over the remaining
FEXT/NEXT component not removed by the canceller in the same frequency band (refer
to section 9.2 for more details). A convergence of 15 dB is usually adequate to reduce the
bit error rate (BER) on the useful differential signal, which will be discussed in the next

section.

Table 9-2: Convergence speed comparisons for L=90 filter taps and 40 causality delays

Algorithm Iterations for 15dB Overall
Type Convergence (Time in sec) Convergence (dB)
(In the band of interest) (Across all frequencies)
NLMS 3.1-10°(0.14 sec) 12.5
FAP (N=10) 2.2-10°(0.09 sec) 18.4
Fast-RLS 1.8-10° (0.08 sec) 217

It can be observed that the advantage of using a RLS-type algorithm (such as the Fast-
RLS algorithm) over a more basic NLMS algorithm is a faster convergence speed, which
can be significant if the number of samples available for training is limited. On the other
hand, Table 9-2 shows that the complexity of the Fast-RLS is about 4.5 times the
complexity of the NLMS. Therefore, there is the expected performance-cost tradeoff.

The target convergence in the considered frequency band was 15 dB for all three
algorithms. The third column contains the overall convergence level. This is a measure to
evaluate the performance of the crosstalk canceller with respect to the power of the
remaining crosstalk signal across the entire frequency band instead of being limited to the
frequency band where the desired (useful) signal is transmitted. When the FAST-RLS
algorithm reached 15 dB over the desired frequency band, the overall convergence

reached 21.7 dB as opposed to only 12.5 dB for the NLMS algorithm.
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The FAP algorithm performs better than the NLMS but worse than the Fast-RLS
algorithm, as expected. Its complexity is also found between the complexity of the other

two algorithms.

It should be noted that since the hybrid circuit is not ideal, the upstream signal is not
entirely removed. Therefore, some residual upstream signal still remains and would only
affect the low frequency band (i.e. outside the frequency band of interest of the
downstream FDD-ADSL signal) of the reference signal used by the crosstalk canceller.
Consequently, the convergence speed is slowed down but the achievable convergence in

the frequency band of interest is not affected.

Table 9-3 shows respectively the various received signal power level involved for the

adaptive crosstalk canceller as shown in Figure 8-1 or reproduced again in Figure 9-3.

Table 9-3: Power received for NEXT/FEXT

Power at receiver (of the CO-served line) in dBm

Over frequency band  Over entire frequency

of interest band
Differential useful signal, s, (n) 317 -31.2
NEXT crosstalk differential signal, first -72.4 -45.5
component of X, ()
NEXT common mode signal, first component -26.4 1.5
of x(n)
FEXT crosstalk differential signal, second -48.5 -44.9
component of x . ()
FEXT common mode signal, second -7.7 -5.9

component of x(#)

AWGN -84.7 -79.5




Chapter 9 138

9.2 Crosstalk Canceller Performance

The convergence of the crosstalk canceller was calculated only in the frequency band
where the useful differential signal was transmitted since this is the only region of
interest. The frequency band of interest is taken to be from the lowest tone number
allocated by the bitloading algorithm up to the highest tone number where bits were
allocated, even though it is possible that the bitloading algorithm did not allocate bits to
certain tones. This convergence was calculated by taking the power ratio of the sum of
the original differential FEXT and NEXT components in the frequency band of interest,
over the remaining differential FEXT and NEXT components not removed by the

canceller in the same frequency band.

The performance of the crosstalk canceller was evaluated by measuring the BER before
and after the Reed-Solomon Forward Error Correction (RS FEC). The goal of the
crosstalk canceller is to reduce the BER to a value that can be corrected by the RS FEC.
As mentioned in Chapter 3, the RS FEC is capable of correcting BER in the order of 10~
The subjective performance of the DSL applications is better evaluated at the upper
protocol stack layers at the byte level after all error correction has been performed. As a
result, the two performance evaluation parameters are the bit error rate (BER) before any
error correction on the received data stream and the byte error rate after all error
correction has been performed. A value of 0% is indicated in the results of the column of

the byte error rate after error correction when the BER after correction is below 107.

The crosstalk canceller was trained until it had reached predetermined convergence levels
in the frequency band of interest. The performance was evaluated at each convergence
level with different data samples than those used to train the canceller. The number of

bits used to evaluate the performance ranged from 4-10° to 2-10°.
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9.3 Simulation Environment

The implemented crosstalk canceller has 90 filter taps and the causality delay Z° as
shown in figures §-1 and 8-10 was chosen to be 40. A delay of 40 samples is sufficient to
compensate mainly for the propagation delay difference between the common and
differential mode signals from the Remote Terminal located at d>=5kft from the
customer. Since the delay is adequate for a distance of 5kft, it will be more than sufficient
for Remote Terminals located at distances below Skft from the customer. The number of
filter taps and the delay have been kept constant for all the simulations in order to
minimize the number of variable parameters and to simplify the comparisons between

different scenarios.

The scenarios presented are divided in three major sections corresponding to the type of
disturbers (interference) involved in the CO-RT architecture, and is illustrated in Figure
9-2. In the first section, the only type of technology deployed from the Remote Terminal
is full rate FDD-ADSL. In the second section, only VDSL technology is deployed and
finally in the third section, both VDSL and ADSL are deployed from the Remote

Terminal.

Each section presents different cases where the distance of the Remote Terminal from the
customer (d,) are 5 kft, 3 kft and 1 kft and the number of disturbers can be 12, 24 or 49.
The bundle used for the simulations contains fifty twisted pairs but not all the lines have

to be active.

The bit rate for the reference line (i.e. the line deployed from the central office (CO-
served line) was selected to be a downstream 1.5 Mb/s for a 15kft transmission line
(i.e. d;=15kft). This data rate for the long line cannot be maintained when a Remote

Terminal is present (CO-RT architecture)[ SONO2]. Most documents evaluating the
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performance of the CO-RT architecture use 1.5 Mb/s [SONO2][KERO02b][TSAO1] as a

reference.

A — e d, =15kft 24-gauge- ———-——— -~ — - ————— -
C(;;‘,"a‘ = 1 FDD-ADSL at 1.5 Mb/s >
i x ADSL, y VDSL———&=2
RT
Cabinet [ === d,= 53,1 kft-— — - — ->

Figure 9-2: Simulated scenarios

Operators will want to preserve their current DSL deployment from the Central Office
when a Remote Terminal is overlaid. The addition of the Remote Terminal will degrade
the performance of the currently installed DSL services, therefore a solution must be
provided to maintain the quality of service of the existing DSL services deployed from
the Central Office. The simulations are performed with this in mind, by forcing the data
rate of 1.5 Mb/s without regard for what can actually be transmitted without errors, which
is generally significantly lower [STA02]. The crosstalk cancellation is then performed
and the resulting performance is compared to see if 1.5 Mb/s is possible to maintain.
Thus, it is providing a possible solution to the severe crosstalk problem emerged by the

addition of a Remote Terminal.

Throughout all the simulations, the power density level of the background noise in
differential mode was selected to be —140 dBm/Hz (AWGN), and was injected at the
receiver as shown in Figure 8.1. For a frequency bandwidth of 0 to 1.104MHz, the noise

power is -79.5 dBm.

Before performing any simulations for this thesis, the validity of the differential crosstalk
signal power levels were verified by comparing with known data rate simulation results
contained in [STA99] for the same type of scenario where d;=15 kft and &b=5 kft. The
simulation results of [STA02] claims that the reference ADSL line can only operate at a
maximum downstream data rate of 300 kb/s in the presence of one ADSL disturber

located at the RT. In this work, the simulation’s bitloading algorithm determined that a
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maximum data rate of 325 kb/s was attainable. This small verification permitted to
evaluate the degree of wvalidity of the crosstalk levels, the line attenuation and the

bitloading algorithm, which all seem to concord with actual simulations.

This first scenario is presented in detail to illustrate the important elements of the
recorded data. The following scenarios will present only the pertinent information to
avoid redundancy. Also, for convenience, the general structure of the adaptive crosstalk

canceller of Figure 9-3 is shown again to illustrate the considered signals.

AWGN
(-140dBm/Hz)
Differential
S pigr (1) + Xy (1) signal -\ z®
/ .
y(n) - e(n)
¥ (n) Com;?go:alMode > w (n ) » \.,.J » Output

/

Figure 9-3: General structure of the crosstalk canceller

9.4 Results for Only ADSL Type Disturbers in the Remote Terminal

Three cases will be presented where the location of the remote terminal (d5) is located at
5 kft, 3 kft and 1 kft from the RT-served customers and the number of FDD-ADSL
disturbers can be 12, 24, 49.
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9.4.1 Remote Terminal at d, = Skft

The following are the comprehensive simulation results obtained (Figure 9-4 to 9-8) for
x = 49 FDD-ADSL disturbers located at the Remote Terminal DSLAM at a distance of d;

= 5kft. The performance of the crosstalk canceller obtained is shown in Table 9-5.

The SNR per tone and the corresponding bitloading allocation per tone for the above

scenario are shown in Figure 9-4.

Number of Bits Per Tone

160 + . L o

Figure 9-4: SNR per tone (left) and correspending bitloading aliocation results for each tone (right)

Figure 9-5 illustrates the PSDs of the crosstalk in differential mode (differential NEXT
and FEXT) present at the CO-served customer receiver from the 49 FDD-ADSL
transmitters at the Remote Terminal. Figure 9-5 also shows the corresponding PSDs of
the crosstalk in common mode that will be used by the crosstalk canceller as an input
reference signal. However, only the aggregated common mode crosstalk signal is

available as the reference input signal for the canceller.
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Figure 9-5: Differential crosstalk PSDs (left) and Common mode crosstalk PSDs (right)

Figure 9-6 demonstrates the maximum achievable convergence level at each frequency
represented by the maximum convergence curve. The maximum convergence level at
each frequency is constrained by the common mode PSDs levels of NEXT and FEXT of
Figure 9-5 as explained in Chapter 8. It should be noticed that from Figure 9-6, in this
scenario, at about 215 kHz, the NEXT and FEXT PSD levels of the common mode
reference are approximately the same, so the canceller typically cannot converge at that
frequency. It is easily noticed in Figure 9-6, where the convergence level is about 1 dB.
However, looking at Figure 9-4, the SNR at about 215 kHz (corresponding to tone
number 50 (50*4.3125 kHz/Tone)) is quite high thus the crosstalk component would be
much weaker than the desired useful signal component in that tone. Therefore, the
consequence of a low level convergence as to remove the crosstalk efficiently is then

diminished at the considered frequency.
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Figure 9-6: Crosstalk canceller convergence vs frequency shown for 15 dB convergence over the
frequency band of interest and the maximum convergence achievable curve.

The NEXT differential signal caused by the upstream FDD-ADSL transmission should
not affect the downstream desired (useful) signal for the CO-served customer since the
frequency range of the NEXT signal does not overlap the desired signal frequency band
(i.e. the frequency band of interest) due to the frequency duplexing transmissions (FDD-
ADSL) in the CO-RT architecture. The frequency band of interest has been defined by
the bitloading allocation of Figure 9-4. However, the NEXT differential signal and more
specifically the common mode NEXT signal is still an important consideration for the

convergence of the adaptive filter as explained above.

Also, in Figure 9-6, the 15 dB convergence curve represents the convergence for each
frequency when a 15 dB convergence over the frequency band of interest was achieved
(that is 15 dB convergence obtained by taking the power ratio of the sum of the original
differential FEXT and NEXT components in the frequency band of interest, over the
remaining differential FEXT and NEXT components not removed by the canceller in the

same frequency band).
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The adaptive filter was trained to only 15 dB of convergence in this example since as
shown in Table 5-1, 15 db of convergence is enough to bring the BER below 10" where

the Reed-Solomon FEC can correct the residual errors.

For reference, the resulting power levels at the CO-served receiver are presented again in

Table 9-4.

Table 9-4: Power levels at CO-served customer receiver for 49 FDD-ADSL disturbers with d, = 5kft

Power at receiver (of the CO-served line) in dBm

Over frequency Over entire frequency band
band of interest

Differential useful signal, s,,,(n) -31.7 -31.2

NEXT differential signal, first -72.4 -45.5

component of x . (1)

NEXT common mode signal, first -26.4 1.53
component of x(#)

FEXT differential signal, second -48.5 -44.9
component of X, (1)

FEXT common mode signal, second -7.7 -5.84
component of x(n)

Table 9-5: Results with 4, = 5 kft and the considered crosstalk is Self-NEXT and Self-FEXT from
x= 49 FDD-ADSL at the Remote Terminal DSLAM

Convergence over Desired frequency band BER Byte error rate
(without FEC) (with FEC)
Off (Reference) 1.2e-1 74 %
10 5.4e-3 3.8%
15 4e-4 0 %

Figure 9-7 illustrates as an example where the received QAM samples are for tone

number 95 with no crosstalk cancellation performed and with a 15 dB crosstalk
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cancellation. Figure 9-8 shows finally the corresponding adaptive filter obtained with 15

dB convergence.
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Figure 9-7: QAM data samples received for the tone number 95 (representing a constellation size of
M=16) with the crosstalk canceller OFF (left) and the improved QAM data samples with the
crosstalk canceller ON at 15 dB of convergence (right)

x 10°

win)

Figure 9-8: Adaptive crosstalk canceller impulse response obtained with 15 dB of convergence

The following table illustrates the crosstalk canceller performance where the number of
ADSL disturbers has been reduced to 12. The power levels at the CO-served customer

receiver is also shown in Table 9-7.
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Table 9-6: Results with 4, = 5 kft and the considered crosstalk is NEXT and FEXT from 12 FDD-
ADSL at the Remote Terminal DSLAM

Convergence over Desired frequency band BER Byte error rate
(without FEC) (with FEC)
Off (Reference) 5.3e-2 49 %
10 6.3e-4 0 %

Table 9-7: Power levels at CO-served customer receiver for 12 FDD-ADSL disturbers with 4, = 5kft

Power at receiver (of the CO-served line) in dBm

Over frequency Over entire frequency band
band of interest

Differential useful signal, s, (1) -31.7 -312

NEXT differential signal, first -76.2 -49.25

component of X, ()

NEXT common mode signal, first -30.2 -2.26
component of x(#n)

FEXT differential signal, second -52.3 -48.6
component of x . (1)

FEXT common mode signal, second -11.5 -9.56
component of x(n)

Compared to the previous scenario where the number of FDD-ADSL disturbers was 49,
this scenario with only 12 disturbers shows that the power levels of NEXT and FEXT in
the frequency band of interest are lower therefore causing a lower BER and a 10 dB
convergence instead of 15 dB is sufficient to bring the BER to a level where the Reed-

Solomon FEC is able to correct the remaining errors.
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9.4.2 Remote Terminal at d, = 3kft

The following case is identical to the case presented in Table 9-5, with the exception that
d is now 3kft instead of 5kft, which permits a comparison to see the effect of varying the

location of the remote terminal.

Table 9-8: Results with d, = 3 kft and the considered crosstalk is Self-NEXT and Self-FEXT from x=
49 FDD-ADSL at the Remote Terminal DSLAM

Convergence over Desired frequency band BER Byte error rate (with FEC)
(without FEC)
- Off (Reference) 2.4e-1 90 %
15 2.6e-2 25 %
20 3.6e-3 2%
25 <le-5 0%

Table 9-9: Power levels at CO-served customer receiver for 49 FDD-ADSL disturbers with d, = 3kft

Power at receiver (of the CO-served line) in dBm

Over frequency Over entire frequency band
band of interest

Differential useful signal, s, (1) -31.1 ' -30.7

NEXT crosstalk differential signal, -68.6 -45.5

first component of x . (1)

NEXT common mode signal, first -22.4 1.43
component of x(#n)

FEXT crosstalk differential signal, -43.4 -38
second component of X, ()

FEXT common mode signal, second -2.6 0.70
component of x(n)

By comparing tables 9-5 and 9-8, when the remote terminal is closer to the CO-served

customer, it creates a higher level of FEXT since the level of FEXT is dependent on the
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distance traveled, that is a power of — 45 dBm at ¢, = 5 kft and increased to —38 dBm at
dp = 3kft.

It should be noted that the NEXT power levels do not depend on the channel, therefore
the power levels remains approximately the same over the entire frequency band (i.e.

—45.5 dBm in both cases). The level of FEXT increases inversely proportionally to the
distance of the remote terminal, therefore the FEXT power level in shorter distance will
cause a higher BER (i.e. a BER of 2.4e-1 at d,=3kft as in Table 9-8 and a BER of 1.2e-1
at dy=5kft as in Table 9-5). Also, in this case, the convergence level of the crosstalk
canceller is higher than in Table 9-5 where 15 dB was sufficient; in contrast, this case
requires 25 dB convergence in order to eliminate the residual errors after Reed- Solomon
FEC. The same conclusions can be drawn for the case with x =12 FDD-ADSL disturbers
at the remote terminal, therefore it is not presented here. The results can be found in

Appendix A.
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9.4.3 Remote Terminal at d, = 1kft

The following case is identical to the case presented in Table 9-5 and Table 9-8, with the

exception that 4 is now 1kft.

Table 9-10: Results with d, = 1 kft and the considered crosstalk is Self-NEXT and Self-FEXT from
x=49 FDD-ADSL at the Remote Terminal DSLAM

Convergence over Desired frequency band BER Byte error rate (with FEC)
(without FEC)
Off (Reference) 3.2e-1 97 %
20 8.6e-3 4.8 %
25 7.4e-4 0%
30 3.3e-5 0 %

Table 9-11: Power levels at CO-served customer receiver for 49 FDD-ADSL disturbers with 4, = 1kft

Power at receiver (of the CO-served line) in dBm

Over frequency Over entire frequency band
band of interest

Differential useful signal, s, (1) -31.1 -30.6

NEXT crosstalk differential signal, -68.6 -45.5

first component of x,.(7)

NEXT common mode signal, first -22.3 1.5
component of x(#)

FEXT crosstalk differential signal, -41.0 -32.2
second component of X, (7)

FEXT common mode signal, 0.07 53

second component of x(n)

The tendency is preserved when ¢, is reduced from 5kft to 3kft to 1 kft. The level of
FEXT in differential mode is increased from — 45 dBm for the 5 kft case to -38 dBm for
the 3kft case and to -32 dBm for the 1kft case. Furthermore, for the 1kft case, the
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convergence level has to be increased to 30 dB as shown in Table 9-10 (25 dB is still
somewhat adequate in this case as well). Appendix B shows the results obtained with
dy = 1kft and when only 12 FDD-ADSL disturbers are present at the remote terminal

where 25 dB of convergence is sufficient to eliminate the residual errors after RS-FEC.

9.5 Results for Only VDSL Type Disturbers in the Remote Terminal

Three cases will be presented where the location of the remote terminal (d5) is located at
5 kft, 3 kft and 1 kft from the RT-served customers and the number of VDSL disturbers
can be 12 or 49. Compared to FDD-ADSL disturbers located in the remote terminal,
VDSL disturbers are expected to cause less problems to the ADSL reference line (CO-
served line) because the PSD mask of the downstream VDSL transmission in the
frequency band of 138kHz and 1.104 MHz is lower (-60dBm/Hz) than the ADSL PSD
mask in the same frequency band (-38 dBm/Hz).

9.5.1 Remote Terminal at d, = Skft

At dy=5kft, with 49 VDSL disturbers located in the remote terminal, the differential
FEXT level is not strong enough (-63dBm as in Table 9-13) to cause significant
problems to the CO-served line. Therefore, this case is presented to show that the use of a

crosstalk canceller is not required as shown in Table 9-12.

Furthermore, the NEXT differential signal caused by the upstream VDSL transmission
does not overlap the desired useful downstream FDD-ADSL signal, therefore it is not
expected to cause more (or less) problems than the NEXT differential signal caused by
the upstream FDD-ADSL transmission since both the upstream PSD VDSL and the
upstream PSD FDD-ADSL masks are approximately identical.
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Table 9-12: Results with d, = 8§ kft and the considered crosstalk is NEXT and FEXT from y=49 VDSL
at the Remote Terminal DSLAM

Convergence over Desired frequency band BER Byte error rate (with FEC)
(without FEC)
Off (Reference) <le-5 0%

Table 9-13: Power levels at CO-served customer receiver for 49 VDSL disturbers with d, = Skft

Power at receiver (of the CO-served line) in dBm

Over frequency ~ Over entire frequency band
band of interest

Differential useful signal, s, (n) -35.8 -35.0

NEXT crosstalk differential signal, -72.6 -42.2
first component of x, (1)

NEXT common mode signal, first -27.5 4.7
component of x(»)

FEXT crosstalk differential signal, -66.7 -63.4
second component of x,, (1)

FEXT common mode signal, second -26.3 -24.6
component of x(n)
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9.5.2 Remote Terminal at d, = 3kft

At d, = 3kft, with 49 VDSL disturbers located in the remote terminal, the differential

FEXT level is stronger than in the previous case.

Table 9-14: Results with d, = 3 kft and the considered crosstalk is NEXT and FEXT from y=49 VDSL
at the Remote Terminal DSLAM

Convergence over Desired frequency band BER Byte error rate (with FEC)
(without FEC)
Off (Reference) 2.5¢-3 1.3%
10 <le-5 0 %

Table 9-15: Power levels at CO-served customer receiver for 49 VDSL disturbers with d, = 3kft

Power at receiver (of the CO-served line) in dBm

Over frequency  Over entire frequency band
band of interest

Differential useful signal, s,,, (1) -35.2 -34.5

NEXT crosstalk differential signal, =70.7 -42.4
first component of x,,,. (1)

NEXT common mode signal, first -25.5 4.5
component of x(n)

FEXT crosstalk differential signal, -61.4 -55.7
second component of X, (7)

FEXT common mode signal, second -21.0 -17.9
component of x(n)

Reducing the distance to 3 kft, the FEXT power level in differential mode increases and
starts causing problems to the CO-served line. However, since this case was presented
with 49 VDSL disturbers, this number is higher that is normally expected in the bundle.

A more realistic number of VDSL disturbers in the bundle would be 12 or 24 and a fewer
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number of disturbers do not cause significant problems at ¢, = 3kft. Refer to Appendix C

for the scenario with only 24 VDSL disturbers.

9.5.3 Remote Terminal at &, = 1kft

In this case at d> = 1kft, with a reasonable number of disturbers, that is 12 VDSL
disturbers located in the remote terminal, the differential FEXT power level is strong
enough to cause problems and it is the only case presented in this section. The case with
49 VDSL disturbers can be found in Appendix D.

Table 9-16: Results with d; = 1 kft and the considered crosstalk is NEXT and FEXT from y=12 VDSL
at the Remote Terminal DSLAM

Convergence over Desired frequency band BER Byte error rate (with FEC)
(without FEC)
Off (Reference) 2.4e-3 0.9 %
10 <le-5 0 %

Table 9-17: Power levels at CO-served customer receiver for 12 VDSL disturbers with d, = 1kft

Power at receiver (of the CO-served line) in dBm

Over frequency Over entire frequency band
band of interest

Differential useful signal, s, (1) -34.4 -33.8

NEXT crosstatk differential signal, -71.8 -45.9

first component of x,,,. (1)

NEXT common mode signal, first -26.7 0.98
component of x(n)

FEXT crosstalk differential signal, -62.2 -53.4
second component of x,, (1)

FEXT common mode signal, second -21.8 -16.6
component of x(#n)
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From Table 9-16, 10dB convergence is appropriate to reduce the BER to a level where
the Reed-Solomon FEC is able to correct the remaining errors. It can be noticed that the
FEXT differential power level in the frequency band of interest of Table 9-17 and Table
9-15, are approximately the same. Table 9-14 had 49 disturbers at ¢ =3kft and Table
9-16 had 12 disturbers at d, = 1kft. Those two scenarios had approximately the same

BER prior to cancellation.

9.6 Results for Both ADSL and VDSL Disturbers in the Remote

Terminal

Only the case where the location of the remote terminal (d») is located at 1 kft from the
RT-served customers and the number of disturbers is 24 FDD-ADSL and 24 VDSL was
considered. This case is presented to illustrate the worst-case situation (distance-wise)

causing a strong differential FEXT signal.

Table 9-18: Results with d; = 1 kft and the considered crosstalk is NEXT and FEXT from x=24 VDSL
and y=24 ADSL at the Remote Terminal DSLAM

Convergence over Desired frequency band BER Byte error rate (with
(without FEC) FEC)
Off (Reference) 2.7e-1 96 %
20 4.2e-3 24%

25 4.1e-4 0 %
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Table 9-19: Power levels at CO-served customer receiver for 24 VDSL and 24 ADSL disturbers with
dz = 1kft

Power at receiver (of the CO-served line) in dBm

Over frequency Over entire frequency band
band of interest

Differential useful signal, s, (%) -32.2 -31.7

NEXT crosstalk differential signal, -61.6 -42.5

first component of x (1)

NEXT common mode differential -15.8 4.4

signal, first component of x(#)

FEXT crosstalk differential signal, -43.1 -35.1
second component of x,,.; (1)

FEXT common mode differential -1.4 -3.4
signal, second component of x(»)

The reference BER of Table 9-18 is lower than the reference BER of Table 9-10. This is
because the 24 VDSL disturbers have a lower level downstream PSD mask than the
corresponding downstream ADSL disturbers. It can be concluded that the worst case is

when only ADSL disturbers are located in the remote terminal.
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Conclusion

10.1 Primary Conclusion

When shorter lines deployed from the Fiber to the Cabinet (referred also in this thesis as
CO-RT architecture) are combined with longer lines in the same bundle, the crosstalk
impairments can become severe for the long lines deployed from the Central Office (CO-

served lines).

In this thesis, an adaptive wideband crosstalk canceller using the common mode signal as
an input reference was proposed to reduce the crosstalk in the desired differential signal
of a CO-served line and was simulated for an FDD-ADSL link. The goal of the canceller
is to produce an output that closely resembles the differential crosstalk signal originating
from the shorter lines (i.e. serviced by the remote terminal) that corrupted the desired
differential signal. The proposed crosstalk canceller was simulated for FDD-ADSL with a
CO-RT architecture, but it is not limited to this specific implementation of ADSL on the
CO-served line. The simulations show that the technique is beneficial to the differential
signal quality, and consequently the error rates were lowered which translates into the
possibility of having DSL services deployed from a Remote Terminal sharing the same

bundle as the lines carrying DSL services deployed from the Central Office.

10.2 Secondary Conclusions

For the considered architecture, having a long line deployed from the central office

sharing a bundle with shorter lines deployed from a remote terminal, the downstream
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signals transmitted from the remote terminal will cause severe interference to the
attenuated signal of CO-served customer’s receiver. By varying the distance of the
remote terminal, that is the length of the lines deployed from the remote terminal, the
significant power level of the FEXT differential signal originating from the remote
terminal transmitters causes potentially severe interference problems. Since the power
level of the FEXT is inversely proportional to the distance between the remote terminal
and the customer, then the severity of the interference is increased as this distance
decreases. ADSL disturbers deployed from the remote terminal cause much more FEXT
problems than VDSL disturbers. Therefore, the crosstalk canceller is more valuable in the
case where ADSL is deployed from the remote terminal as opposed to VDSL. It was
shown through simulations that the crosstalk canceller was able to reduce the BER, which

allows the coexistence of CO-served lines and RT-served lines in the same bundle.

The addition of a crosstalk canceller module to a practical implementation requires an
additional training period on top of the current required training period for the equalizers
in the ADSL standard. It is assumed that the training period should fall within the time
reserved for training the channel equalizers. To avoid modifying the standard, the time
required to adapt the crosstalk canceller must be kept very short. Three distinct
algorithms have been compared in terms of convergence speed and complexity to
determine the adequacy of each for the task of crosstalk cancellation in ADSL. The
simulations show that all three adaptive algorithms used were able to achieve 15 dB
convergence over the frequency band of interest in less than 0.2 seconds. It is interesting
to note that the total time available to train the channel equalizers is typically 8 seconds,
therefore training the crosstalk canceller to an adequate convergence level (15-25dB)
does not seem to be an important constraint. Thus, since the required training time for the
crosstalk canceller using all three algorithms is not significant, the NLMS algorithm

seems to be the most suitable because of its low complexity.

In the case of ADSL or VDSL disturbers, NEXT and FEXT have different power

distributions in the frequency domain. The convergence of the crosstalk canceller is
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constrained by the respective power ratio of each crosstalk source at individual
frequencies. The crosstalk canceller will converge in the frequency domain to a level

defined by the ratio of the PSDs of both crosstalk sources at each particular frequency.

Also, the delay in the general structure of the adaptive crosstalk canceller is mainly
required to compensate for the lag between the FEXT common signal and the FEXT
differential signal from the remote terminal. Heuristically, the delay should be around

10-15 samples per kilo feet (i.e. proportional to the length of the RT-served lines) to be

sufficient for the propagation delay difference.

10.3 Future Work

Since the crosstalk canceller is able to reduce the crosstalk level in the useful differential
signal, it thus seems to be an interesting option to mitigate crosstalk problems in practical
implementations of future generations of DSL, improving the number of data services

supported by a bundle, extended loop reach or increased data rates.

As the next step, experimental measurements of the common mode signals (i.e. common
mode coherence with differential mode, crosstalk levels, group delay differences) should

be performed to validate the performance of the proposed canceller.

The performance of the crosstalk canceller could be evaluated with other types of DSL
technologies, namely echo cancelled technologies instead of frequency division duplexed

technologies, and wider bandwidth technologies (such as VDSL).

In a non-stationary environment, as might be expected in practice, the crosstalk canceller
filter solution would have to change over time. The efficiency of the crosstalk canceller
could be analyzed if it is permitted to adapt continuously as opposed to a static solution.

In the case of continuous adaptation, it would be primordial that the algorithms be
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compared for stability. The robustness of the algorithms to quantization effects should

also be evaluated.
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Appendix A: Results for 4, =3 kft, x=12

Simulation results with d, = 3 kft and the considered crosstalk is Self-NEXT and Self-
FEXT from x=12 FDD-ADSL at the Remote Terminal DSLAM

Convergence over Desired frequency band BER Byte error rate (with FEC)
(without FEC)
Off (Reference) 1.6e-1 82 %
10 1.9e-2 20 %
15 3e-3 1.4 %
20 1.3e-4 0%

Power at receiver (of the CO-served line) in dBm

Frequency band Entire frequency band

of interest
Differential useful signal, s, (1) 313 -30.9
NEXT crosstalk differential signal, -74.1 -49.1
first component of x . ()
NEXT common mode signal, first -27.97 -2.13
component of x(n)
FEXT crosstalk differential signal, -46.89 -41.2
second component of x . (1)
FEXT common mode signal, second -6.11 -2.87

component of x(»)
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Appendix B: Results for 4, =1 kft, x=12

Simulation results with d, = 1 kft and the considered crosstalk is Self-NEXT and Self-
FEXT from x=12 FDD-ADSL at the Remote Terminal DSLAM

Convergence over Desired frequency band BER Byte error rate (with FEC)
(without FEC)
Off (Reference) 2.1e-1 89 %
20 2.2e-3 0.4 %
25 le-4 0%

Power at receiver (of the CO-served line) in dBm

Frequency band Entire frequency band
of interest
Differential useful signal, s, (1) 311 -30.6
NEXT crosstalk differential signal, -72.6 -49.1
first component of x,, (1) ‘
NEXT common mode signal, first -26.4 2.2
component of x(#)
FEXT crosstalk differential signal, -44.8 -35.9
second component of x .- (1)
FEXT common mode signal, second -3.7 1.53

component of x(n)
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Appendix C: Results for 4, = 3 kft, y=24

Simulation results with ¢, = 3 kft and the considered crosstalk is NEXT and FEXT from
y=24 VDSL at the Remote Terminal DSLAM

Convergence over Desired frequency band BER Byte error rate (with FEC)
{without FEC)
Off (Reference) 2e-4 0%
10 <le-5 0 %

Power at receiver (of the CO-served line) in dBm

Over frequency  Over entire frequency band
band of interest

Differential useful signal, s, (n) -34.9 -34.2

NEXT crosstalk differential signal, -71.1 -44.2
first component of x,,(n)

NEXT common mode signal, first -25.8 2.7
component of x(#)

FEXT crosstalk differential signal, -63.2 -57.6
second component of x . (1)

FEXT common mode signal, second -22.8 -19.8
component of x(n)
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Appendix D: Results for 4, =1 kft, y=49

Simulation results with d» = 1 kft and the considered crosstalk is NEXT and FEXT from
y=49 VDSL at the Remote Terminal DSLAM

Convergence over Desired frequency band BER Byte error rate (with FEC)
(without FEC)
Off (Reference) 1.7e-2 25%
10 7.4e-5 0 %

Power at receiver (of the CO-served line) in dBm

Over frequency Over entire frequency
band of interest  band

Differential useful signal, s, (n)  -34.4 -33.8

NEXT crosstalk differential signal, -68.2 -42.2

first component of x,; (1)

NEXT common mode signal, first -22.9 4.7

component of x(r)

FEXT crosstalk differential signal, -58.9 -49.8

second component of x,;(n)

FEXT common mode signal, -18.3 -12.9

second component of x(#)
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