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ABSTRACT

The main objective of this work is to study echo cancellation and equalization for primary
rate ISDN service in the subscriber loop plant. Such a system will enable T1-rate services
over the subscriber loop by using transceivers at either end of the telephone connection.

Echo cancellation and equalization are two important functions needed in the trans-
ceiver for achieving the high communication rate over unconditioned subscriber lines.
These functions use adaptive filtering concepts and form the main focus of our research.

Duplex communication over the subscriber loop plant is achieved by using echo can-
cellation. We use simulation models to demonstrate a successful echo canceler for worst-
case conditions. The echo canceler satisfies preset performance conditions. Some tech-
niques for reducing the length of the echo canceler are also presented along with successful
simulation results.

Equalization is primarily used for eliminating interference from different signals in the
same multipair cable. A recently developed theory is used to achieve a successful equal-
ization strategy for this primary rate service. A simulation environment built for the equal-
izer is detailed and satisfactory equalizer performance is shown to be achieved using exten-
sive simulation results.
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Chapter 1

Introduction

1.1 Introduction

The world-wide subscriber loop plant for telephone service has grown enormously to
encompass billions of miles of copper wires. This copper plant remains one of the
world’s greatest and most valued technological assets. Although it is hoped that fiber-in-
the-loop installation will bring widespread broadband applications to residential custom-
ers by the end of this decade, there is an urgent need to explore new technologies for
immediate applications which meet the growing wideband service needs of the cus-
tomer. While an evolution to optical fiber seems inevitable, the existing investment in
copper wire ensures that wire will still be an important communications medium during
the transition to optical fiber over the next few decades. The telecommunications indus-
try, eager to extend the useful lifetime of the existing copper plant and at the same time
provide high-speed digital services, has a keen interest in the development and implemen-
tation of technologies that allow low-cost high-speed services over the copper loop plant

[1].

One existing wideband service is the T1 service normally used by businesses for
voice multiplexing and digital data transmission. The T1 service transmits a uni-direc-
tional pulse code modulated signal (PCM) signal at a 1.544 Mbits/s rate over a wire pair
(simplex method). Two pairs are required for this bidirectional service, which is used
mainly along trunk routes where cable lengths are long. To overcome the signal loss
resulting from attenuation in the long cables, repeater sections are needed for every 6000
ft of 22-gauge cable. Moreover, bridged taps must be removed in the lines and pair selec-
tion is needed to be done in some cases. These engineering requirements of the T1 ser-
vice, which are clearly outlined in [2], can result in long lead times for the installation of



T1 service and can be expensive.

The recently proposed high bit-rate digital subscriber line (HDSL) scheme will
enable Tl-rate service over existing unconditioned, repeaterless subscriber lines,
thereby circumventing the problems mentioned above. The objective of this scheme
is to avoid the time and expense associated with pair selection, bridged tap removal
and repeater installation required for conventional T1 service. In the HDSL system,
these procedures are eliminated by improving the line transceivers, the performance
of which forms the main focus of our work.

If classical fixed filters were used in the transceiver, considerable engineering
and customization would be required to accommodate the wide range of loop charac-
teristics encountered in the distribution plant. The advent of adaptive filtering tech-
niques and VLSI technology have made feasible cost- and space-effective circuitry
that will enable high bit-rate services over existing lines.

Adaptive filtering techniques have been successfully applied to providing basic
rate (160 Kbits/s) digital subscriber line (DSL) services in the loop plant and serve as
a starting point for HDSL technologies. The DSL technology has enabled telephone
companies to assign integrated services digital network (ISDN) basic access service
in a ubiquitous non-engineered fashion, similar to the way conventional voice service
is provided. HDSL is expected to be a transitional technology supporting primary
rate ISDN (1.544 Mbits/s) service in the subscriber loop while providing a smooth
transition towards fiber-based services [3]. There is considerable incentive to
develop and deploy HDSL technology quickly since telephone companies want to
shorten service-provisioning intervals to customers while more economically provid-
ing T1-rate services.

1.2 The HDSL System

The HDSL system uses two twisted-pair carrier-serving area (CSA) loops [3] as illus-
trated in Fig. 1.1. CSA is a plant administration area surrounding a wire centre or a
remote terminal. Loops within a CSA that do not include any 26-gauge cable pairs
are restricted to lengths of 12 kft including any bridged-tap length. If 26-gauge pairs
are used anywhere in the loop, the total length is restricted to 9 kft with no single
bridged tap longer than 2 kft. CSA is a reasonably standard operation and planning
concept in most of the telephone operating areas in North America. In the HDSL sys-
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Figure 1.1 HDSL dual duplex scheme

tem, unlike the dual-simplex T1 service, each pair has a bidirectional data rate of 800
Kbits/s to deliver T1-rate service using full-duplex transmission. The most important
aspect of the HDSL system is the use of high performance transceivers to overcome
the deficiencies resulting from using low-grade unconditioned subscriber lines when
providing high-speed duplex service. The individual elements of the HDSL trans-

ceiver are shown in Fig. 1.2 and will be described in more detail.

The scrambler, which randomizes the input bit sequence, reduces sequence cor-
relation and improves the convergence of the adaptive filters. It also provides a
sequence rich in timing information since, for example, it reduces the possibility of
long sequences of zeros that have no timing information. The line coder can be
viewed as a modulation scheme for baseband transmission. Line codes are often
selected to serve multiple requirements which may include reducing near-end
crosstalk (NEXT) disturbance; reducing the symbol rate by using multi-level codes;
aiding echo cancellation, equalization, and timing recovery; reduction of sensitivity
to inaccuracy in the transmit and receive filters [4][5]. One should not lose sight of

any of these concerns since the ultimate goal is to achieve as error-free transmission

as possible. The prescribed error rate requirement for the HDSL system is 107
Block codes like 2-binary-to-1-quarternary (2B1Q), 3-binary-to-2-ternary (3B2T) are
useful in reducing the symbol rate in the system since each symbol contains more
than one bit of information. The four level 2B1Q code has been chosen as the line
code standard in North America due to the overall better performance achieved in
comparison with other line codes [3][5]. Since two bits are encoded into each 2B1Q
symbol, this line code reduces the symbol rate to 400 Ksymbols/s. Because the chan-
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Figure 1.2 HDSL transceiver block diagram

nel greatly attenuates high frequencies, this lower frequency reduces the attenuation
due to the channel and thus increases the system reach (maximum transmission dis-
tance). Also, code 2B1Q reduces the rate at which hardware is required to operate.
Notably, the performance of 2B1Q has been found to be very good in the DSL envi-
ronment [3]. The advantage of using such a block code becomes more evident when
NEXT is considered.

Near-end crosstalk is a major obstacle facing HDSL system designers. It is
caused by the coupling of similar HDSL signals in the same multi-pair cable. Typi-
cally, in a cable there may be 49 other similar lines carrying HDSL signals. All these
transmitters could contribute towards crosstalk, where the signal coupling increases
with frequency [6]. Since a reduction in high frequency content contributes toward
reducing the NEXT interference in the loop plant, line coding schemes like 2B1Q,
which effectively halve the signal bandwidth, are beneficial.

The transmit filter is used for pulse shaping and band-limits the signal by
removing high-frequency components from the sharp rise and fall times of the 2B1Q
signal. A similar filter on the receiver side is used to suppress high-frequency noise
and also acts as an anti-aliasing filter before analog-to-digital conversion. The
duplex transmission scheme used in the HDSL system necessitates the use of a
hybrid which separates the signal in the two directions. The hybrid is essentially an
impedance bridge that is used to match the input impedance of the line at all frequen-
cies of interest thus reducing the leakage of the near-end transmit signal into the
receiver. The non-idealities in the hybrid circuit (detailed later) result in an undesir-



able attenuated copy, or echo, of the near-end transmit signal which appears at the
receiver input along with the far-end signal. This echo can be overcome in two ways:
using either time compression multiplexing (TCM) or echo cancellation. In TCM,
transmission from each end of the line is interleaved such that there is only one active
signal in the channel at any given time and therefore near-end echoes and NEXT are
avoided [5]. Echoes are avoided as the transmission is effectively simplex in nature

and bursts of data are sent in either direction with time separation for delay.

The NEXT is avoided by synchronizing the transmitters at the central office
where there is more chance of NEXT occurring. Synchronization means that all
transmitters are active for a particular time period and receive during a particular
period without any overlap between these functions; hence the NEXT can be
avoided. The disadvantage with this scheme is that it effectively doubles the
required signal bandwidth (nearly 2.25 times after compensating for the delay)
thereby increasing both the attenuation and dispersion which results in reduced sys-
tem reach. The TCM transmission method is very popular in Japan [7]. In the echo
cancellation method, a copy of the transmit sequence is input to an adaptive filter
(echo canceler) which is used to model the echo path comprising the hybrid and the
transmit and receive filters. This method was chosen over the TCM in DSL imple-
mentation and is also the accepted standard for the HDSL system in North America
[5].

The subscriber loop plant to be used for HDSL service was originally designed
for low frequency (< 10 kHz) voice signals and signals much higher in frequency than
this are subjected to attenuation and phase distortion. In the HDSL system, this
results in symbols being widely dispersed while travelling down the line and thereby
interfering with adjacent symbols at the receiver. This source of interference which
is known as intersymbol interference (ISI), is quite significant owing to the short sym-
bol spacing (2.5 microseconds) and each dispersed pulse can interfere with hundreds
of other symbols. An adaptive decision-feedback equalizer (DFE), which uses previ-
ously detected symbols, is the best solution for suppressing ISI without significant
noise enhancement [8][9].



1.3 Thesis Organization

Our main motivation in this work is to study the performance of echo cancelers and
equalizers for the HDSL system. These two elements in an HDSL transceiver use
adaptive filtering concepts and this is the main focus of our research. A brief intro-

duction to the HDSL system has been given in Sec. 1.2.

The echo canceler has to meet certain performance standards and these are out-
lined in chapter 2. A major concern of many vendors is the length of the echo can-
celer needed to operate satisfactorily and possible reductions in complexity for
achieving the same performance. Another issue is the interfacing of the echo canceler
with an equalizer in a transceiver. These issues are covered in the chapter 2.

The NEXT along with ISI is an important impediment that needs to be over-
come for reliable transmission of data. The working of an adaptive equalizer to over-
come the above problems is explained in the chapter 3. A complete simulation
environment which exploits certain NEXT conditions is used to demonstrate the
working of an adaptive equalizer satisfactorily.

Conclusions from the work are presented in the chapter 4 along with sugges-

tions for further work.



Chapter 2

HDSL Echo Cancellation

2.1 Introduction

The HDSL system uses a dual duplex scheme to achieve the required bit rate over the
subscriber loop. Duplex communication necessitates separation of signals transmitted in
either direction at the transceivers. Echoes are signals from a transmitter which reach the
same or near-end receiver due to various reasons [10]. Typically, hybrids are used at

each transceiver for reducing the transmit signal leakage into the near-end receiver [11].

Echoes which arise in voice communications are different from those caused in
data communication [10] as voice echoes are mainly influenced by the round-trip delays
in the connection [11]. In HDSL, the main source of echo is the leakage of the transmit
signal to the receiver through the hybrid. A hybrid is a circuit which is used to couple
the transmit signal (in a simplex line) into the duplex line with minimal possible leakage
into the near-end receiver. In effect, a hybrid is used to match the input impedance of the
line to which it is connected. Due to the diverse nature of loops in the subscriber loop
plant it is impossible to arrive at a hybrid circuit which will provide an exact match with
every line used for providing HDSL service. A reasonable solution under these circum-
stances is to use a compromise circuit which provides a reasonable match over the range
of lines in the loop plant. This, of course, results in near-end echoes due to the imped-
ance mismatch at the hybrid. Even a small echo power is significant in HDSL due to the
high attenuation suffered by the far-end signal. As a consequence, detection of the far-
end symbol sequence could be greatly affected by this echo.

Impedance mismatch between the line and the hybrid, which causes the echo, is
worsened by bridged taps, gauge mixing, and imperfect termination. All the HDSL
loops have to satisfy the CSA criterion which restricts the maximum number of bridged



taps in a loop to two [12]. As a result, bridged taps have comparatively restricted
influence on the echo. Bridged taps are usually found near the customer end since
lines are branched out near the customer in anticipation of future customers or ser-
vice [12]. Hence the effect of bridged taps is more dominant in the customer side

echo, and this will be evident in the later sections.

The CSA loops are restricted to 24- and 26-gauge wires and the echo power
caused due to gauge mixing is insignificant. The echoes due to imperfect termination

at the far end suffer more loss than the signal and are also insignificant.

In this chapter, we shall study some worst-case echo paths for CSA loops from
both the central office and the customer sides. The modeling of these echo paths will
be outlined and the echo paths simulated using this modeling procedure will be illus-
trated. One of the main concerns of HDSL system vendors is the order of the echo-
canceler needed for achieving satisfactory performance. This forms one of the main
issues in this work and the order of the canceler working successfully in a HDSL con-
text is obtained using calculations and simulations. Two techniques for reducing the
order of the echo canceler are presented and two other echo-cancellation techniques
proposed in the literature are investigated for HDSL echo cancellation. The simula-

tion environment for this work was built using MATLAB™

2.2 Echo-Path Modeling

The main challenge in HDSL echo cancellation results from the fact that the far-end
signal which is to be detected by the transceiver suffers high loss due to the subscriber
loop loss characteristics, which are significant at the HDSL transmission rates. Typi-
cally, the echo power at the receiver input could be 25-30 dB above the attenuated far-
end signal and the relative power levels of the signal, echo, crosstalk, and white noise
will be illustrated in the next chapter. As a consequence, the echo power has to be
made small enough so that it does not form a major source of interference in the
detection of the far-end signal. Previous studies of the loop plant have shown the
need for a 60 dB echo cancellation level [13], and this figure includes the margins for
finite precision and other effects which might not be included in a computer simula-
tion model. Our main goal in this work is to achieve a 60 dB echo cancellation level
using various techniques.

The first task toward this goal is to obtain a good model for HDSL echo paths
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Figure 2.1 CSA test loops for echo cancellation

from standard CSA loop configurations and a hybrid model. In our study, we con-
sider three worst-case loops with two bridged taps each for testing the performance
of the echo cancelers. Both the customer-end and the central office echo paths will
be investigated. The loops used in this study are shown in Fig. 2.1 and were obtained
from [13][14][15].

The hybrid model and the transformer used in our echo-path modeling are
shown in Figs. 2.2 and 2.3 respectively. They were obtained from [16]. The echo-
path transfer function is given by

Zbal Z

His) = o in ;
(S) Zo+Zba1 Zo+Zin (2 1)

where Zp,; is the balance impedance (110 ohms), Z;, is the input impedance of the
loop looking in through the transformer, and Z,, is the series impedance of the hybrid.

The input impedance of the line is calculated using frequency dependent ABCD
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parameters [16]. These parameters are obtained using the propagation constants [6]
of the specific gauge cable which were obtained from [17]. The line can be made up
of different sections involving gauge mixing and bridged taps. The use of the ABCD
parameters is convenient because each section of the cable can be represented by its
own parameters and the cascade of these is used to obtain the ABCD representation
for the entire cable. For Loop 1 we obtain

A B| _ (A1 By||Ay By Az Bj

where the parameters with numbered suffixes represent the different sections of the

Abrl Bbrl
ﬁChrl Dbrl

Ay Byl |Appy By 2.2)
7C4 D4v Cbr2 Dbr2

line and the parameters with suffixes br/ and br2 represent the parameters for the
bridged tap sections in the cable. The transformers at either end of the line are used
for coupling the signals to the line and to provide DC isolation. The ABCD parame-
ters of the transformer are calculated as

Ar=(2) . Z3/Z3
By =(Z1\Zy+ 2773 +Z1Z3)] Z3
Cy = 1/Zs

Dtr = (22 + Z3)/ 23

where
Z1=r1p
Zy)=rg+ jols
Zz=rcll jol,

and the values of the transformer model components r, r.., /;, I, are given in Fig.
2.3. Using the above formula, the transformer ABCD parameters are calculated and
are combined with the line’s parameters as

A, B, ~ -
C, D, '

11



where A}, B;, C;, D; are the ABCD parameters of the cable with the transformers at
either end. Thus a complete ABCD description of the cable along with bridged taps,
gauge mixing, and line transformers is obtained. Using this ABCD matrix, the input

impedance of the line can be calculated as

(2.4)

where Z, is the load impedance (110 ohms). This can be used in estimating the fre-
quency response of the echo path using (2.1).

In our simulation model, the ABCD parameters were calculated from DC to
6400 kHz (16 times the symbol rate). The inverse fast Fourier transform (IFFT) is
used to obtain a time-domain echo-path model (echo-path impulse response) sampled
at a very high rate. The reason for sampling the echo-path response at these high fre-
quencies (compared to the symbol-rate) is for observing the effect of sampling phase
on the echo cancelers and for possible future work in combining fractionally-spaced
equalizers with echo cancelers in a HDSL transceiver [18]. A decimator is used to
obtain echo-path impulse responses sampled at lower sampling rates. The different
echo paths obtained using this method for the three loops in Fig. 2.1 for both the cen-
tral office and the customer ends are shown in Figs. 2.4 and 2.5, respectively.

2.3 Order of the HDSL Echo Canceler

One of the main objectives of this work is to estimate the required order of the echo
canceler needed to achieve the necessary cancellation level of 60 dB. A theoretical

estimate of the echo canceler order needed for the above purpose is obtained from
[13] as

12
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: )
(th(n) - Y w(m)
E,. = —10log i (2.5)

th (n)

where
E.. = echo cancellation level in dB
h(n) = echo-path impulse response
w(m) = optimal echo canceler tap weight
N = order of the echo canceler

Using (2.5) the cancellation level for different echo-canceler orders is calcu-
lated and the results are shown in Fig. 2.6 and Fig. 2.7 for the central office and cus-
tomer-end echo paths.
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Figure 2.6 Central office echo cancellation

These plots show that a symbol-spaced 100-to-110-tap canceler should provide
the necessary cancellation level for most loops under ideal conditions, i.e., assuming
the coefficients of the echo canceler can be optimally adapted. As shown in Fig 2.8,
the cancellation level does not vary significantly with the sampling phase. The echo

14



80 T T . T T . T T -

il / |
70+ il 4
// / / /
g 65f / <
= /
IS
£ o0 .
K]
g - Loop 1 cancellation level |
8 55-
+ Loop 2 cancellation level
50 / * Loop 3 cancellation level
5] / |

40 1 1 5 1 1
70 75 80 85 9 95 100 105 110 115 120

order of the echo canceler
Figure 2.7 Customer-end echo cancellation

h YA T T T T T T

51.6\ :

514} \ 1
N\

51.2} .

cancellation in dB

51 S/ ]

50.8 . .

sampling phase

Figure 2.8 Influence of sampling phase on echo cancellation

path was sampled at 8 times the symbol rate and 8 phases were tested using a 90-tap
echo canceler for Loop 2 customer-end echo.

These calculations give an estimate of the minimum order of echo canceler

needed to achieve the necessary performance level. Since echo paths vary with dif-



ferent lines it is necessary to have an adaptive echo canceler which can be used to

achieve the required performance for different lines in the loop plant.

2.3.1 Adaptive echo cancellation

In this section, we describe the simulation details and results of an adaptive HDSL
echo canceler. The least mean-squares (LMS) algorithm, being a simple, robust and
popular adaptive algorithm [19] will be used in most of our simulations. The reason
for using only the LMS algorithm is the fact that other algorithms (RLS, FRLS etc.)
are more useful for systems where the input signal is poorly conditioned or in cases
where the convergence speed could be seriously affected by the non-stationarities in
the environment [19]. In HDSL echo cancellation, the signal input to the adaptive fil-
ter is composed of the 2B1Q symbols and since these are generated from scrambled
bit sequences [14], the adaptive filter does not suffer from any input ill-conditioning
problem. In addition, the echo path does not undergo any significant change over
time [12]. Hence there is no special requirement for dealing with non-stationarities.

The echo canceler simulation environment is shown in Fig. 2.9. A 2B1Q gener-
ator is used for generating the symbols. The transmit and receive filters are identical
4th-order lowpass Butterworth filters with a 3-dB cutoff at 200 kHz. The echo path
is sampled at 8 times the symbol rate and the sampler can be used to select one of the
8 phases of echo. Since the sampling phase does not make a significant difference in
the canceler performance we will use one particular phase for the following experi-
ment. The first goal is to obtain an estimate of the order of the LMS echo canceler
needed for obtaining the necessary cancellation level for the different echo paths. The

convergence characteristics of the echo canceler is also important as it gives an idea

Symbol > Transmit |
generator ¢ filter
Echo ’
canceler Hybrid

Residual Zo\e Receive
o N C‘B‘ Sampler | o,

Figure 2.9 Echo-canceler simulation environment

16



of the time needed to achieve satisfactory echo-cancellation level. The LMS algo-

rithm used is based on the recursive relations

e(n) =d(n) —wt(n— 1) u(n) (2.6)

w(n) =w(n-1) +ue(n)u(n) (2.7)

where
w = echo-canceler tap weights
e = error signal used in adaptation
u = symbol input vector into the echo canceler
d = desired response
L = convergence factor

When estimating the performance of the LMS echo canceler, 10 ensembles of
5000 iterations each were used to obtain the performance characteristics. The maxi-

mum value of convergence factor used in these simulations is given by [19]

1

e (2.8)
(N+2)o,

L‘Ll’n ax

where N is the order of the echo canceler, and 0%, is the variance of the 2B1Q input
signal.

In our simulations, the above maximum value of the convergence factor
was used in the initial adaptation of the echo canceler and the convergence factor was
reduced by a factor of 100 for the last thousand iterations. The degree of cancellation
was calculated by obtaining the average of the mean-squared error (MSE) over the
last 100 iterations and subtracting this from the value of the return loss provided by
the hybrid thereby yielding the amount of cancellation provided by the echo canceler
alone. The cancellation level of an echo canceler calculated using the above method
is shown in Figs. 2.10 and 2.11 for the central office and customer-end echo paths,
respectively, for different orders of the echo-canceler.

As seen from Figs. 2.10 and 2.11, a 110 to 120 tap LMS echo canceler would
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Figure 2.11 LMS echo-canceler performance for customer-end echo paths

be required to enable sufficient degree of echo cancellation for most loops. All these
loops are worst-case echo paths (containing the maximum number of bridged taps in
CSA loop). The Loop 2 customer-end echo path is the most difficult among the echo
paths considered and even though the 60-dB cancellation figure is not met, the cancel-
lation level of 50-55 dB should suffice as this loop does not have a worst case far-end

18



signal loss. The 60-dB cancellation performance was calculated on the basis of
worst-case signal loss which occurs for some loops (e.g., a 12-kft 24-gauge loop or a
9-kft 26-gauge loop). Loop 2 is substantially shorter than these loops and hence the
signal loss will not approach the worst-case conditions assumed in [13] for calculat-
ing the required echo-cancellation performance.

2.3.2 LMS echo-canceler convergence

The results shown thus far concerning the echo canceler give us an idea of the order
of the adaptive echo canceler required to meet the specifications. Only the LMS algo-
rithm has been used in these simulations as it is simple to implement and, as stated
earlier, is well suited for this application. In this section we will examine the conver-
gence of the LMS echo canceler.

The convergence of the LMS echo canceler for Loop 2 customer-end echo is
shown in Fig. 2.12 for a 120-tap echo canceler. As seen such an echo canceler con-

20— T T T v . T : —

cancellation error in dB

L, | | — _ . . . . . i
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Figure 2.12 LMS echo-canceler convergence

verges after about 2000 iterations. The convergence factor used in this simulation
begins with the maximum value of convergence factor given by (2.8) and after 4000
iterations it is reduced by a factor of 100. One point which might be of concern in
the simulations presented thus far is the lack of far-end signal in the echo and its

effect on the echo cancellation. The simulations were presented with the thought that
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the echo canceler would be trained in a noise-free environment (i.e., without far-end
signal) before the reception of the far-end sequence. Upon attaining convergence
(say after 4 ms) the convergence factor could be reduced to a lower value as in our
simulations and the far-end signal could then be received. This simulation also
assumes that the timing jitter in the clock at the receiver is very small; otherwise, the
following scenario could result.

In the training scheme presented above, the echo canceler was trained with a
particular timing phase. However, after the convergence factor is reduced following
satisfactory convergence any phase change will result in a very poor cancellation
level. This is shown below in Fig. 2.13 for Loop 2 customer-end echo where the
change of phase results in very poor cancellation. In this experiment, the LMS echo-
canceler was simulated for phase 1 using the method outlined above and then the con-
verged tap-values were retained with the reduced convergence factor and the echo
cancellation for the other 7 phases were simulated.

60 . - . 5

500

40+

o \

cancellation in dB

sampling phase

Figure 2.13 Effect of timing jitter on proposed echo cancellation method

2.4 Analysis of the Echo Path

A typical HDSL echo-path response has certain features which can be exploited to
reduce the order of the echo canceler in the transceiver. A detailed look at the differ-

ent echo paths shows some interesting similarities. Typically, as shown in Figs. 2.4
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and 2.5, any echo path has an initially random portion followed by a predictable tail
portion. The initially varying portion in the echo path is dominated by reflections
from the bridged taps. In Fig. 2.14, the severity of randomness in the initial part of

the echo path can be seen to vary depending on the number of bridged taps. The
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Figure 2.14 Comparison of echo paths with respect to bridged taps

major portion of the echo path is the slowly varying tail evident in the different echo
paths. This slowly decaying tail is caused mainly by the line transformer in the sig-
nal path. The transformer model in Fig. 2.3 shows a 3 mH primary inductance. The
order of the echo canceler needed to obtain satisfactory performance is affected by
this value of the primary inductance since the echo path response decays more slowly
for transformers having a higher value of primary inductance. This is illustrated in
Fig. 2.15 where the echo tails are shown for different inductances. The lower value of
inductance is preferred to a higher value since it reduces the echo-canceler order and,
therefore, a lower amount of computation is required to achieve the performance cri-
terion. Moreover, the primary inductance value of 3 mH used in our work has been
also shown to satisfy the linearity requirements [13].

The standard echo-canceler order needed in the HDSL system was found to be
around 110-120 taps for satisfactory performance. Since economic viability is a
major factor in the design of the HDSL system, other techniques which may help in
reducing the order are investigated.
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Figure 2.15 Echo-tail comparison for different transformer primary inductances

2.5 Reduced Order Echo Cancellation

The analysis of the echo paths revealed two important features present in most of the
echo paths. The initial part, caused by reflections in the loop plant are unpredictable
due to the presence of gauge changes and bridged taps. The second part though is
heavily influenced by the transformer and has the same characteristic in all the echo
paths in the loop plant. This is shown by the fact that there was a very similar decay
in all the echo paths investigated. This long decay is largely responsible for such
long canceler orders seen in the previous sections. Hence our approach is to study
the transformer characteristics for canceling the tail portion of the echo with signifi-
cant reduction in the order of the echo canceler.

2.5.1 Echo cancellation using highpass filtering

The echo-path transfer function is given by (2.1). The slowly decaying tail portion in
the echo paths can be assumed to be caused by a dominant pole in the echo-path
transfer function as has been done in [20] for channel-tail cancellation for equaliza-
tion purposes. We analyze the echo-path transfer function and approximate the domi-
nant pole causing the decaying tail in Appendix 1. The approximate dominant pole
position is found to be around 3 kHz and to reduce the effect of this pole in the echo,

and, consequently, the echo-canceler order, attenuation near this pole frequency can

22



be used. We propose a highpass filtering technique for achieving this goal. The
effectiveness of this method is tested by obtaining simulation results on the echo
paths used in the previous sections. The only change from the simulation model
shown in Fig. 2.9 is the introduction of the highpass filter in the receive path. In our
experiments, we use a 4th-order Butterworth highpass filter with different cutoff fre-
quencies.
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Figure 2.16 Echo cancellation with a variable cutoff highpass filter for central
office

There are two parameters which can be studied with the highpass filter in the
receive path. Since the objective of the method is to reduce the order of the echo can-
celer needed in a HDSL system, the order will be estimated using simulations. Addi-
tionally, the cutoff frequency of the highpass filter in the receive path is studied in the
simulation. In the first simulation, the cutoff frequency of the high-pass filter is var-
ied for a fixed-order echo canceler (60 taps) for the different echo paths. The results

are presented for the central office and customer-end echo paths in Figs. 2.16 and
2.17.

These plots show that using a highpass filter with a cutoff frequency around 20-
25 kHz and an echo canceler of 50-60 taps should provide sufficient cancellation per-
formance. Moreover, the complexity (in terms of extra hardware) increase due to
this highpass filter in the echo path is minimal as the lowpass receive filter could be
combined with a suitable highpass filter characteristics to achieve a single receive fil-
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ter. In the second experiment with the highpass filter, the echo-canceler order is var-

ied for a fixed receive highpass filter (25 kHz cutoff). The results are shown in Figs.
2.18 and 2.19.
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2.5.2 Echo cancellation using pole cancellation

For the second technique we use the s-domain pole position obtained in the analysis
of the echo-path transfer function. This pole is converted into a z-domain pole using
the bilinear transformation [21] and a zero is placed at this pole position, realized as a
two-tap filter in the echo-receive path. This method is targeted towards canceling the
effects of the dominant pole which causes the long tail in the echo paths. Some simu-
lation results that verify the effectiveness of the technique are illustrated in Figs. 2.20
and 2.21. These plots show the cancellation level achieved by the echo canceler as a
function of the order of the echo canceler. The benefits of this method are evident

from the fact that a 50 to 60-tap echo canceler can be used to achieve the required
level of cancellation.

The preceding two techniques have helped in reducing the order of the echo-
canceler by a significant amount in all of the echo paths investigated. The results for
the two new techniques are presented in Table 2.1 along with the results for the stan-
dard echo canceler. The pole cancellation method has been observed to be crucially
dependent on the pole position obtained using the analysis in Appendix A. Hence an
accurate model of the hybrid and the transformer might be needed for achieving the
performance presented.
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2.5.3 Higher-rate echo cancellation

In an HDSL transceiver, the echo canceler has to co-exist with the equalizer. The rel-
ative positioning of these two elements is an important issue in the design of the
transceiver [22] but is not the focus of this thesis. For a variety of reasons the echo
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cancellation could be performed before the equalization [22]. This necessitates con-

sideration of some issues in the design of the echo canceler.

Table 2.1 Comparison of different echo cancellation techniques

HP PC

Loop EC SEC HP savings PC savings

Loop 1 60 dB 120 57 52.5% 48 60%
(CO)

Loop 2 55dB 125 60 52% 35 58%
(CO)

Loop 3 60 dB 112 55 50% 32 53.5%
(CO)

Loop 1 60 dB 90 50 44% 37 58.8%
(CE)

Loop 2 55dB 130 57 56% 48 63%
(CB)

Loop 3 60 dB 115 55 52% 55 52%
(CE)

CO = Central office
CE = Customer end

EC = Echo cancellation level

SEC = Standard echo canceler order

HP = Order of the echo canceler with high pass filtering

PC = Performance of pole cancellation method

A symbol-spaced equalizer (SSE) can be used along with an symbol-spaced

echo canceler but a fractionally-spaced equalizer (FSE) needs an echo estimate at the

specified fraction of the symbol period. One simple solution to this problem is to

have a fractionally-spaced echo canceler spanning the desired number of symbols.
From our previous experiments we can predict that a 240 to 250-tap T/2 echo canceler

is needed to provide a satisfactory echo estimate to co-exist with a T/2 equalizer.
Implementation of a 250-tap canceler at such a small tap spacing might be technologi-
cally demanding and expensive. Another issue is that the input into a T/2 echo can-
celer is not the 2B1Q symbols as a higher rate input is needed at the echo canceler.
This could result in much more complex hardware in echo-canceler implementation

[10]. Hence other techniques which obviate such complexities are investigated.



2.5.3.1 Interleaved echo canceler

Interleaved echo cancellation was proposed in [10] for solving the above problem of
producing a higher than symbol-rate echo estimate without implementing a T/m
spaced echo canceler. In this method, m symbol-spaced echo cancelers are used for
achieving an m times symbol rate echo estimate. The individual SSEs are used to
cancel the different epochs of the echo. This is illustrated in Fig. 2.22 for an echo
canceler which is needed to interface with a T/2 FSE. A simulation model based on
[10] was implemented for testing this method in a HDSL system. The simulations

echo

~—7
o
symbol-spaced
kel echo-canceler — +
symbol
input
+
symbol-spaced
P> echo-canceler = _l_
o3

residual echo

Figure 2.22 Interleaved echo cancellation

were performed for the Loop 2 customer end echo path. The order of the symbol-
spaced echo cancelers and their respective cancellation performance are illustrated in
Fig. 2.23. As shown in Fig. 2.22, two symbol-spaced echo cancelers are required for
interfacing with a T/2 FSE. Highpass filtering in the echo path helps reduce the order
of the echo canceler and results in savings in the region of 100 taps (around 50 taps
for each canceler) for the echo paths investigated and this is demonstrated in Fig.
2.24 where a a highpass filter with a 25 kHz cutoff is used.
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2.5.4 Echo tail cancellation using orthonormal functions

In [23], a technique is proposed for canceling long echo tails in DSL. In this method,
the echo tail is represented as a combination of orthonormal functions. The echo can-
celer is split in two parts in which the first part is used to cancel the initial part of the
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echo and the second part is a tail canceler based on orthonormal functions, which is
used to cancel the long echo tails.

This method is a two-stage echo cancellation technique. In the first stage of the
echo cancellation a standard FIR echo canceler is used to match the random portion
path in the echo path impulse response. The order of the filter used in the first stage
of the echo cancellation is N,.

In [23], the echo paths investigated had very long tails which spanned almost
1000 symbol intervals. Hence the echo tail was approximated by a linear combina-
tion of orthonormal functions. These functions were chosen such that they could be
implemented by simple recursive filters. These sets of recursive filters form the sec-
ond part of the echo cancellation. The number of orthonormal functions used is
given by Nj. The signal input into the second part of the echo canceler is real, unlike
the symbol input to the first part. As a result real, multiplications need to be used in
the implementation of this echo canceler.

The number of real multipliers needed in this method is proportional to Np. A
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Figure 2.25 Orthonormal functions based echo-canceler performance

simulation model for this technique was designed based on the method outlined in
[23] and the performance for a orthonormal tail canceler with varying canceler order
is presented in Fig. 2.25 for a fixed N, = 5 and varying echo-canceler order. The
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Loop 2 customer-end echo path was used in the simulation.

It was found that a 30 to 35-tap echo canceler has to be used in conjunction
with an orthonormal tail canceler to achieve the cancellation performance of 50 to 55
dB. The orthonormal tail canceler needs multipliers of the order of 5N} and hence 25

multiplications are needed in this particular case. In our simulations we tried to
reduce the order of the tail canceler but this was the minimum possible order neces-
sary for achieving satisfactory performance characteristics. These results show that
the orthonormal tail canceler will result in echo cancelers which need real multipli-
ers, unlike the cancelers using highpass filtering methods which were proposed in
this work.

2.5.5 Interpolated FIR tail canceler

A new technique using an AIFIR for DSL echo cancellation was proposed in
[17][24]. The premise of the technique is that long echo tails which have narrow-
band frequency responses can be synthesized using sparse filters as proposed in [25].
A block diagram representation of this idea is shown in Fig. 2.26. The transformer

[
Symbol To hybrid
input
Adaptive sparse Symbols
| Echo-canceler
filter
Interpolator
Echo estimate due to the initial part
of the echo impulse response
_ Echo-tail estimate
Residual Echo -+ Echo
] +

Figure 2.26 AIFIR technique for echo cancellation

model used in [17] has a 50 mH primary inductance and, as a consequence, very long
echo tails are present. The AIFIR filter has three separate sections which are used in
the echo cancellation. A symbol-spaced echo canceler is used to model the initial
random portion of the echo path. The long decaying tail part is modelled by a sparse
filter and the output is interpolated using a fixed interpolator to obtain an estimate of
the echo-path tail. As seen from Fig. 2.26, the interpolator does not have symbols as

31



32

magnitude in dB

-120+

-140

\

‘K

0 0.2

0.8 1 1.2 1.4 1.6 1.8 2

fregency in Hz

x103

Figure 2.27 Echo-path tail frequency response for a large primary

inductance transformer

input and needs multipliers for implementation. Before embarking on the simulation

of the AIFIR technique for our echo models, the tail frequency responses were ana-
lyzed and are shown in Figs. 2.27 and 2.28. The responses in the plots show the nar-

row bandedness of the echo tail corresponds to a high value primary inductance. The
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ATFIR technique is not suitable for the echo paths used in this work because the echo
tails are short as compared to the echo tails in [24] and as a result they are not as nar-
row in the frequency domain. Therefore, the extra hardware in the form of real multi-
pliers which is needed in the case of a AIFIR tail canceler cannot be justified.

2.6 Conclusions

In this chapter, HDSL echo cancellation was examined in detail. Our research
shows that classical LMS echo cancelers of 110 to 120 taps can be used to provide
sufficient performance under the required conditions. Moreover, the order of the
echo canceler can be greatly reduced by the use of highpass filtering or by using
knowledge of the transformer characteristics. This was demonstrated and a compari-
son with two proposed techniques illustrates advantages of the proposed method.
The interfacing of a symbol-spaced echo canceler with a FSE was also considered.
Interleaved echo-cancelers were explained and successful performance was achieved
for HDSL echo cancellation. This enables interfacing an echo canceler with a T/2
spaced equalizer.
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Chapter 3

HDSL Equalization

3.1 Introduction

One of the main challenges in the HDSL system implementation is the NEXT from other
signals in the same multi-pair cable and the ISI caused by the high transmission rates in
the subscriber loop channel [26]. The copper wire-pairs in the subscriber loop plant were
originally designed for analog voice communication. For transmission of high-fre-
quency signals as in the HDSL system, several impairments in the channel have to be

overcome.

In T1 transmission, cables with repeaters placed along the route are used to enable
high-speed transmission [2]. The reasons for using the HDSL system in place of T1 are
largely economic and have been outlined in previous sections. The subscriber-loop plant
has very high attenuation at the HDSL system frequencies [6]. Moreover, the short sym-
bol spacing results in significant ISI at the receiver [22]. Traditionally, equalizers have
been used to overcome the above impairments [9]. In high-rate transformer coupled
lines, as in HDSL, there is a significant post-cursor tail in the channel impulse response
which could cause significant ISI [22]. DFEs are used to overcome this problem effec-
tively and efficiently as linear equalizers cannot equalize such channels successfully [8].

FSEs have been found to have better performance with respect to sampling phase
[27] and, as will be explained in a later section, can have better crosstalk suppression
characteristics under certain conditions. In this chapter, the focus is on studying the
HDSL equalizer in the presence of ISI and NEXT. A general overview of advances in the
area of equalization is presented in the second part of this chapter. The modeling of the
channel and the crosstalk for the HDSL system is then explained and simulated. Some

useful ideas on the nature of crosstalk in different synchronization conditions are pre-



sented.

A recently developed theory for cyclostationary crosstalk suppression is
explained with relevance to HDSL. This is used to achieve a successful equalization
strategy satisfying prescribed performance standards. The use of highpass filtering in
reducing the complexity of the echo canceler was explained in chapter 2 and the
inclusion of the highpass filter in the signal path (for testing the performance of the
equalizer) is also simulated. Decision-directed equalization is also studied and an
estimate of the training lengths needed in practical HDSL equalizers is obtained
using simulations.

3.2 Equalization

Some general information on equalization is presented before proceeding with the
specific task of HDSL equalization. The subscriber loop has frequency-dependent
attenuation which increases rapidly with frequency as shown in Fig. 3.1 for a 13-kft

20—

amplitude response in dB
8

frequency in Hz x106

Figure 3.1 Magnitude response of a 13-kft 24-gauge loop

24-gauge loop. The phase characteristics (though linear in most of the band) also
contribute to the temporal dispersion of the signals transmitted over this frequency
range. In bandwidth-efficient digital communications systems, the effect of each
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symbol transmitted over a time-dispersive channel extends beyond the time interval
used to represent the symbol. The distortion caused by the resulting overlap of
received symbols is called ISI. This is a major impediment in systems like HDSL
which transmit high data rates over channels of limited bandwidth such as the sub-
scriber loop. The severe ISI in HDSL is because of the short symbol spacing which

causes many symbols to contribute to the ISI.

Equalization, which dates back to the use of loading coils to improve the char-
acteristics of twisted-pair telephone cables for voice transmission, is used to compen-
sate for these non-ideal characteristics by filtering. In transformer-coupled channels
such as HDSL, the channel impulse response (shown in Fig. 3.6) may have a long tail
(post-cursor) which would contribute toward a significant amount of ISI. The ISI in
such channels can be divided into two parts called the pre-cursor and post-cursor ISI.
Precursor ISI is the interference caused by the portion of the channel impulse
response before the cursor and the postcursor ISI is caused by the portion of the chan-
nel impulse response after the cursor.

In a simple linear equalizer, the ISI is overcome by a filter which has frequency
characteristics to compensate for the distortions in the channel as shown in Fig. 3.2.

Channel Equalizer )
> H(f) > 1/H(f)
Transmitted signal Received signal
S
S(DH

Figure 3.2 Simple illustration of linear equalizer operation under ideal
conditions

Adaptive equalizers can be used for tackling various channels (e.g., different lines in
the subscriber loop plant) and can also track variations in the individual channels
themselves [9].

Minimum mean-squared equalizer (MMSE) linear equalizers are designed to
cancel ISI in the presence of noise. In subscriber loop channels with transformer cou-
pling, there is a significant post-cursor tail and the ISI caused by such a tail increases
with transmission rate. A simple technique was proposed in [8] for cancelling the
interference caused by this tail as shown in Fig. 3.3. Since the symbols causing the

post-cursor ISI are detected prior to the present symbol, their effect on the present
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Figure 3.3 Illustration of DFE operation

symbol can be cancelled by a feedback equalizer. Such a feedback equalizer models
the post-cursor of the channel after forward filtering. The feedback equalizer’s
advantage is based on the fact that the detected symbols up to the present instant are
correct with a high degree of reliability. Such reliable transmission requirements can
be established only after a suitable training period. Bit-error bursts can occur under
certain conditions as an incorrect symbol fed back could cause a chain of errors but
detailed studies have been performed on this [8] showing that it is not a significant
problem. Practical DFE systems have been used in many applications and have
resulted in better performance when compared to a linear equalizer [28]. Since the
feedback equalizer’s input is the symbol sequence, simplified filter realization is pos-
sible as compared to a linear equalizer as the latter needs real multipliers for imple-
mentation. Thus a DFE is used to reduce the requirements of the forward filter thus
reducing the sensitivity of the equalizer to noise and sampling phase [9]. All of this
can be achieved at no substantial increase in complexity. In the HDSL system, DFEs
will be used for all the above-mentioned reasons.

A linear equalizer acting alone or with a feedback equalizer is normally tap-
spaced at the symbol/bit period of the system. However, non-ideal receive filtering
results in received signals having energy above the Nyquist frequency. As a conse-
quence, the symbol-spaced forward filter could suffer from aliasing at the forward fil-
ter’s input which is manifested in performance degradation at certain sampling
phases [29]. The tap spacing in the forward equalizer can be made lesser than the
symbol spacing as shown in Fig. 3.4 to overcome this aliasing problem and conse-
quently provide consistent performance with respect to the sampling phase. The
adaptation rate of the FSE remains the same as for a SSE. Another advantage of such

an equalizer is the crosstalk suppression (under certain crosstalk conditions) possible
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Figure 3.4 Illustration of the operation of a FSE

due to the extra bandwidth available and this will be detailed later. These are some
of the general ideas in the field of equalization and some of these will be used in
HDSL equalization.

3.3 Channel Modeling

A channel model is necessary for studying the HDSL equalizer performance. We
consider one worst-case loop, a 13-kft 24-gauge loop, for testing the performance of
the equalizer. This is longer than the longest loop in the CSA population (12-kft 24-
gauge) and a satisfactory equalizer performance for this loop should ensure satisfac-
tory performance in the CSA population. The longer loop will also give some extra
performance margin for the simulation results presented.

The modeling of the line can be illustrated as in Fig. 3.5 where the ABCD
parameters of the line and the transformer are obtained as described in the previous

Receiver

Signal > Transmit » Transformer Channel [Transformer Receive
model b model B model i loss - input

loss

input

Composite channel model

Figure 3.5 Channel modeling procedure



chapter. The frequency response of the channel along with the transformers is
obtained as

Z

= Z,(Z/C,+D) +AZ;+B,

(3.1)

where the quantities involved in the equation have been defined in chapter 2.

The transmit and receive loss are due to the hybrid used in the transceivers.

They are given as

A
ey (32)
L Z,+Z;,
and
H Zin
rl —
Z,+Z;, (3.3)

respectively. The hybrid equivalent circuit outlined in chapter 2 was used in the
above equations. The channel frequency response obtained in (3.1) is multiplied by
the loss functions to obtain a complete frequency-domain description of the channel.
The IFFT is then used to obtain the impulse response of the channel and this is illus-
trated for the 13-kft 24-gauge loop in Fig. 3.6. An interesting observation made with
regard to the impulse response of the channel is the post-cursor tail. Comparisons
with channel responses obtained for similar lines in [40] and in [43] revealed that the
post-cursor in our channel model is considerably shorter than most responses used by
other research groups investigating HDSL equalization. This is due to the influence
of the large primary inductance in the transformer which has been used in the chan-
nel modeling. Hence a shorter feedback equalizer length could be expected in our
simulations.
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Figure 3.6 Impulse response of a 13-kft 24-gauge loop
3.4 Crosstalk Modeling

The NEXT forms the limiting factor in the determination of maximum allowable
loop lengths in HDSL [6]. The different forms of crosstalk existing in the loop plant
are shown in Fig. 3.7. The multi-pair cables in the subscriber loop plant can contain
a maximum of 50 lines each of which can be used for different services as indicated

in the above figure. Some of the typical services are analog voice, basic rate ISDN,

Analog voice +basic rate ISDN+primary rate
ISDN+ other special services

Transceiver Transceiver

Dual duplex loop

Transceiver Transceiver

Dual duplex loop

Figure 3.7 Crosstalk environment in the subscriber loop plant
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and HDSL. Interference from all these signals can occur in a HDSL environment.
Moreover, the crosstalk can be NEXT or and far-end crosstalk (FEXT) which are
illustrated in Fig. 3.7.

NEXT is interference from the same end transceivers and is predictably more
damaging than FEXT because of the line loss suffered by the far-end signal. The
most damaging interference occurs due to self-NEXT which is caused by other simi-
lar HDSL transmitters using the same cable [6]. Typically, there are 50 lines in a sin-
gle cable, and as was stated earlier, in a worst-case scenario, all other lines could
have HDSL transceivers causing crosstalk into one receiver. We will consider this
worst-case scenario of 49 interferers in our equalizer simulations. The worst-case
NEXT scenario will occur in the central office since lines branch out closer to the cus-
tomer.

Most HDSL studies model crosstalk as stationary gaussian noise with a power
spectrum given by

Hygxr D|* = Kf3/? (3.4)

where k=103 is a constant and Hyexi(f) 1s the frequency response of the NEXT co-
channel coupling. An important factor not considered in such a model is the relative
phase among the various interferers. Practical loop-plant studies have indicated that
the crosstalk statistics can vary under different synchronization conditions. The
crosstalk statistics can be cyclostationary if the interferers are in phase or if the inter-
ference is dominated by a few interferers [38]. Cyclostationary processes are those
where the inherent physical phenomena give rise to periodicities and consequently
the appropriate probablistic models exhibit periodically time-varying parameters.
The case of interference being dominated by a few interferers has been found to
occur in many practical situations in [36]. The degree of cyclostationarity is governed
by the amount of synchronization achievable within the loop plant [33].

Interference from digital signals are in general cyclostationary, but if the rela-
tive phase of multiple interferers is randomized, then the resulting crosstalk has sta-
tionary statistics [34]. This fact has been revealed in practical crosstalk
measurements where the cyclostationarity is manifested as varying crosstalk power
within a symbol period. When the interference is stationary the power is constant in
a symbol period.

41



One approach in simulating the crosstalk with all the synchronization effects is
to measure the crosstalk impulse response in a typical cable pair as was done in
[36]. Since access to such a facility was not available, we used simulation models

which could simulate the extreme cases of synchronization.

A worst-case crosstalk model for a single interferer was obtained from [18] and

is given as

Hypxr) () = K1f3/4 (3.5)

where K,=1 0 7and Hyex1(f) 1s the coupled frequency response of a single interferer.
This is modeled using an f3/ 4filter designed using [35] and the effects of the trans-
former and hybrid are then included. The impulse response of the single interferer
obtained using this method is shown in Fig. 3.8. The use of this single interferer for
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Figure 3.8 Worst-case crosstalk impulse response used in HDSL equalizer
simulation

modeling the crosstalk under different synchronization conditions will be outlined in
a later section.
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3.5 ISI and Crosstalk Suppression using FSE

In this section we review the theory presented in [32][33], which can be used in
achieving satisfactory performance levels in an HDSL equalizer. The relevance of the
theory to the HDSL scenario is explained and helps in devising a successful scheme
for the HDSL equalizer.

The goal of an equalizer is to suppress ISI and crosstalk without enhancing
noise at the input. This enables reliable detection of the transmitted sequence.

Consider the model shown in Fig. 3.9 where the channel output along with the
crosstalk is shown [32].

Linear -
—H hft) »@ - : For further processing
dyn) equalizer

White

Noise

an) — a0 —b@

—P> hy (1) —_—'»@

dy(n)

Figure 3.9 Linear equalizer operation in a cyclostationary crosstalk
environment

For this model let us define two sets Ly and L; as
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L,={0,1,2,3,..,L}and L, ={1,2,3,..., L} where L is the number of interferers in the
cable. Let A,(t) be the impulse response of the signal channel and let /() where i =
1,2,..., L be the impulse responses of the interferers (co-channels) in the cable. Let
r(t) be the impulse response of the linear equalizer as shown in Fig. 3.9.

The equalized combined channel or combined co-channels can be defined as
hi. (1) = h;(1) ®r,(1) (i€ Ly) (3.6)

where & denotes convolution. A frequency-domain equivalent of (3.6) can be writ-

ten as
H,. () =H,(HR, (N (ie Ly 3.7
The time-domain condition for zero ISI can be written as
ho. (nT) = d(n) (3.8)
and the time-domain condition for zero co-channel interference can be written as
hi.(nT) =0 (ie Ly) (3.9)
These conditions can be illustrated as in Fig. 3.10.

The time-domain condition for zero ISI and zero co-channel interference can be
expressed in the frequency domain as

71“ 3 H,'c(f+%) = 5(i) (i€Ly) (3.10)

| = —co

Substituting (3.7) in (3.10) we obtain

y Hl.(f+§,)R,(f+ 5T') = 1D (i€ Ly (3.10)

k = —co

b

If H(f) and R(f) are strictly bandlimited [32] to 1/(2T) then (3.11) reduces to

H(DR,(f) = Td(i) (O<f<21T) (ieLy) (312
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For the likelihood of a solution to exist, the number of equations must be less than or
equal to the number of unknowns. Since there is only one unknown (R(f)) and L+1
equations we require that L+7<=1. Therefore, L is less than or equal to 0. This

means that no interferers can be suppressed.

If the combined channels and combined co-channels are strictly bandlimited to
2/(2T), then (3.11) reduces to

H,(f- %;)R,(f— %) +H,(DR,(H) = TS (i) (i€Ly (0<f< "21—7) (3.13)

and because of the bandwidth condition, there are two unknowns (R,(f), R(f-1/T)).
As a result, we have L+1<=2 which makes L less than or equal to 1. Therefore, one
interferer can be suppressed.

In general this result can be extended as follows. If the channel and co-channel
are strictly bandlimited to K/(2T) and if there are N=L+1] independent data streams
then a likely solution for (3.11) will exist when the number of independent data

Equalized combined channel

A todt)
L~ N N t
AT A N N
-3T -2T -T T 2T 3T

Equalized combined co-channels

A h(t)i=1,2,3,...,L

N JliN /\U N I\/‘ ‘

-3T 2T -T T 2T 3T

Figure 3.10 Generalized zero-forcing condition for the combined channel
and combined co-channels
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streams is less than or equal to the parameter (K) controlling the bandwidth, i.e.,

N<K (3.14)

3.6 Cyclostationary Crosstalk Suppression for HDSL

The preceding result can be used for realizing crosstalk suppression in the HDSL
equalizer. The gist of the idea is that cyclostationary crosstalk can be suppressed by
means of increased bandwidth in the combined channel and co-channels. Increased
bandwidth means that the forward equalizer has to be proportionately fractionally tap-
spaced, e.g., for a bandwidth of N/2T, the equalizer has to be tap-spaced at 7/N.

Thus with a 7/N tap-spaced equalizer (assuming that the bandwidth criteria is
met), N-1 cyclostationary interferers can be suppressed along with ISI. However,
there could be several problems with increasing the bandwidth in the HDSL system
(increasing white noise, vulnerability to impulse noise [6], compatibility with other
services in the loop plant etc.). Most research groups which represent HDSL vendors
have prescribed to using a 200-kHz cutoff transmit and receive filter and, as a result,
there would be very little signal energy above 400 kHz [39]. Given this, crosstalk
can be effectively suppressed under two conditions: 1) All the interferers are synchro-
nized, thus effectively resulting in one interferer to suppress; and 2) use a T/2-spaced
equalizer for suppressing this single cyclostationary interferer along with ISI. This is
the basis for our equalizer simulations in the following sections.

3.7 Simulation Description

The channel and crosstalk modelling have been outlined. These responses are sam-
pled at several times the symbol rate and are used for testing the effect of sampling

phase on the equalizer performance. All the simulations were performed in MAT-
LAB™™,

3.7.1 Signal generation at the receiver input

The transmitted sequence is 2B1Q (4 levels) and is normalized to have unit power.
For obtaining a higher rate data signal, say m times the symbol rate, m-/ zeros are
inserted between adjacent symbols. This sequence is then convolved with the higher-
rate sampled channel to obtain the signal output from the channel.
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3.7.2 NEXT Generation

As mentioned earlier, we use a single worst-case NEXT response to simulate the
effects of up to 49 interferers. This is based on the fact that the measured crosstalk
responses from different cable pairs showed very little difference in practical mea-
surements [36]. Our NEXT modeling concentrates on two extreme cases: NEXT
from completely synchronized interferers or NEXT from interferers with random
phase which appears as stationary noise.

A general procedure for obtaining crosstalk from multiple interferers is to pass
independent data sequences through the crosstalk filters and sum them up at the
receiver. Since the crosstalk responses are similar, synchronization masks the fact
that there are different interferers [38]. This means that one can use a single inter-
ferer and a data sequence with sufficient power to simulate crosstalk from various
numbers of synchronized interferers. The variance of this single crosstalk input gen-
erator is equal to o, the number of active interferers. This input sequence is then con-
verted into a higher rate sequence by zero padding as outlined earlier. The variation

of the cyclostationary crosstalk power in a symbol period is illustrated in Fig. 3.11.
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Figure 3.11 Crosstalk power variation from a single interferer in a symbol
period

For stationary noise, all the m input samples in a symbol period have white gaussian
statistics and the power of this sequence is given by o/m (the number of interferers
divided by the sampling rate factor). The input sequences in both cases (synchro-
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Figure 3.12 Relative power level of signals at the equalizer input

nized, and stationary case) are then passed through the crosstalk filters in (3.5) to
obtain the crosstalk output. The relative power levels of the different signals at the
input of the receiver is shown in Fig. 3.12 for a 13-kft 24-gauge loop for increasing
numbers of interferers.

White noise of adequate power [37] is also added to the above mentioned sig-
nals at the input of the receiver. These signals are then filtered by a lowpass filter
before processing by the equalizer. The input signal power of the equalizer is normal-
ized to have unit power for comparison with other equalizer simulations [32].
Impulse noise can also be a minor source of distortion at the receiver but lack of a

appropriate model makes it difficult to include it in the simulations.

3.8 Equalizer Performance Evaluation

A recommended margin for NEXT in the HDSL equalizer studies is 12 dB [32] and
this is included in the NEXT model. The ultimate performance measure of the equal-
izer is the bit-error rate which is prescribed to be 107, Testing this bit-error rate mea-
sure by means of simulations using limited computing resources would take an
enormous amount of time. Hence the MSE is used as a measure of performance for
the equalizer. A typical performance measure that has been used before is a 21.5-dB
MSE assuming unit data variance [39]. In our simulations, we will use this perfor-
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mance measure while evaluating the equalizers. In a later section, the decision-
directed equalizer’s performance will be measured in terms of the symbol-error,

although for comparatively short sequences.

3.9 Adaptive Algorithm

The LMS algorithm was the first choice for adapting the forward and feedback filters
in the DFE. The reasons for choosing the LMS algorithm were made clear in the pre-
ceding chapter. However, unlike the echo canceler, the input to the forward equalizer
is a symbol sequence and as a result the input could be ill-conditioned. The other
choices were the RLS and FRLS algorithms which involve a high degree of numerical
complexity and are not guaranteed to be numerically stable.

If r; and ry are the vectors of forward and feedback filter coefficients respec-

tively, then the LMS adaptation algorithm used in the following simulations is

rp(n+1) = rp(n+1) +pie(n) uy(n) (3.15)
ry(n+1) =r;(n+1) +pe(n)uy(n) (3.16)

where
e(n) =d(n) —y(n) (3.17)
y(n) = rp(n)ug(n) +ry(n)u,(n) (3.18)

and |l is the convergence factor used in the simulations.
3.10 Simulation Results and Discussion

3.10.1 Influence of sampling phase

The theoretical results presented in [32] suggest that a T/2 equalizer should be able to
suppress one interferer and ISI. Finite-length MMSE equalizers can only approach
these results. In our simulations we will only explore the completely synchronized
and stationary crosstalk scenarios for T/2 and T-spaced equalizers.

The influence of sampling phase on the equalizer performance is important as it
may simplify the timing recovery scheme used in the receiver. FSEs have obviously
better performance with regard to sampling phase whereas SSEs are more sensitive
with respect to the sampling phase.
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The performance of the T/2 FSE and the SSE under synchronized and station-

ary crosstalk conditions with respect to the sampling phase is illustrated in Fig. 3.13.
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Figure 3.13 Performance of SSE and T/2 FSE under different crosstalk
conditions with respect to sampling phase

In this experiment, the crosstalk was simulated to be from 49 interferers. The LMS
algorithm was used in the simulations running for 10 ensembles each with 200,000
iterations and with a convergence factor |L = 0.005. The MSE over the last 1000 itera-
tions were averaged and this mean was used as the performance measure in the simu-
lations. The plot shows that the T/2 FSE under cyclostationary crosstalk conditions
is far superior than the one working under stationary noise conditions or either SSE
scenario. The equalizer was used in a training mode only. The delay was made
nearly optimal by trial and error, and the orders of the forward and feedback filters
are (11, 50) for the SSE and (21, 50) for the T/2 FSE, respectively. These were also
found after sufficient experimentation with various orders for the filters. The SSE
was tested for higher than reported orders but the performance showed no significant
improvement, which is as predicted from the theoretical observations in the earlier
chapter. The forward filter orders for the FSE and SSE were chosen to have the same
temporal span in the impulse response of the filters. Since the T/2 FSE was found to
work satisfactorily irrespective of the sampling phase, we will use one particular

phase for most of the other simulations. The best phases for the other cases will be
used for comparison.
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3.10.2 Equalizer performance with different numbers of interferers

The performance of the equalizer with varying numbers of interferers is illustrated in

Fig. 3.14. In this simulation, the performance of the equalizer with various numbers
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Figure 3.14 Performance of equalizers in different crosstalk environments
and with varying numbers of interferers

of interferers o was monitored using the MSE after 200,000 iterations and 10 ensem-
bles for each ao. The LMS algorithm was used in the simulations. The SSE’s perfor-

mance in either crosstalk conditions does not differ and hence the performance
difference among the two is not visible.

The T/2 FSE’s performance under cyclostationary crosstalk conditions does not
vary much with increasing numbers of interferers. Since we have a synchronized
loop plant, and since the crosstalk response from the various cables are assumed simi-
lar, the equalizer’s task is the suppression of this response. The only change when
increasing the numbers of interferers is the increasing data variance, which has very
minimal effect. The other cases illustrated in the figure show performance degrada-
tion which increases with the number of interferers.

The converged tap coefficients of the forward and feedback filter under cyclos-
tationary crosstalk conditions for 1 interferer and 49 interferers are shown in Figs.
3.15 and 3.16. It can be seen that the coefficients are similar. This implies that, with

synchronized interferers, the equalizer is somewhat insensitive to the actual number

51



of interferers.
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Figure 3.15 Comparison of converged forward filter coefficients of a T/2
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3.11 Decision-Directed Equalization

In decision-directed equalization, the equalizer operates in a real-world scenario
where, after sufficient training, it uses its hard-limited output as the desired response.
This is illustrated for a DFE in Fig. 3.17. The purpose of this section is to realisti-

Error signal used in adaptation

(e

Received | Forward
' filter

-+ —»  Slicer

-
Signal Symbol output

Feedback |g—!
filter

Figure 3.17 Decision directed equalizer operation

cally estimate the training time needed for an HDSL equalizer. The decision-directed
equalizer (DDE) was simulated for different training lengths using the LMS algo-
rithm. In this experiment, the average symbol-errors for different training lengths is
measured. The simulation was run for 50,000 iterations and the average symbol-
error was calculated from the total symbol-errors in 10 ensembles. This is shown in
Fig. 3.18 where the average symbol errors for different training lengths is shown.
The NEXT in this case was synchronized and was assumed to be from 49 interferers.
The experiment indicates that under synchronized noise conditions, a worst-case
training length of 20, 000 iterations might be required in HDSL i.e., with a symbol
rate of 400 ksymbols/s, the training period required is 50 ms.

3.12 Effect of Highpass Filter in the Equalizer

In the last chapter, a highpass filtering technique for reducing the complexity of the
echo canceler was proposed and was found to work successfully. Since the highpass
filter was in the receiver path, the received far-end signal is also highpass filtered by
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Figure 3.18 Performance of decision-directed equalizer under different
training lengths
this technique. The effectiveness of this technique for echo cancellation was demon-
strated, but the performance of the equalizer with this additional highpass filter in the
signal path must be evaluated.

In this experiment, we used a 4th-order Butterworth highpass filter with a 25-
kHz cutoff frequency since this filter was shown to have resulted in good performance
for the echo cancelers. To achieve the performance of 21.5 dB (outlined earlier), the
forward filter order needed to be increased from 21 to 31 taps, but the feedback filter
order can be reduced from 50 to 30 taps. The simulated performance of the DFE
with a receive highpass filter is shown in Fig. 3.19. The performance shows that
highpass filters which are used for reducing the echo-canceler complexity will not
degrade the equalizer performance, provided the number of forward filter taps is suit-
ably adjusted. The forward filter order needed might have to be increased by a few
taps as in our case, but the feedback filter order can be reduced. The benefit of this
technique might be more beneficial in the case of hybrid transformers with larger pri-
mary inductances which cause long channel (and echo) tails since substantial reduc-
tion in the feedback equalizer complexity can also be achieved.
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Figure 3.19 Performance of DFE with a highpass receive filter in the signal
path

3.13 Conclusion

This chapter dealt with HDSL equalization. Since NEXT is the main obstacle in lim-
iting the range of the HDSL system, primary attention is devoted to the study of the
NEXT. Different synchronization conditions in the central office can result in differ-
ent NEXT statistics and this was explained in detail.

An important theoretical result which was used in this chapter was originally
derived in [33], where the advantages of increased bandwidths in suppressing cyclos-
tationary crosstalk was presented. This was investigated for the HDSL case and a
FSE (T/2) which operates in a synchronized crosstalk environment was found to be
needed to achieve the performance requirements in HDSL. An interpretation based
on this result for the HDSL equalization case was presented, and was used in the sim-
ulations. Symbol by symbol simulations were presented using the LMS algorithm
and the performance of the T/2 FSE with a 13-kft 24-gauge line were found to be sat-
isfactory with a 12 dB NEXT margin. The performance variations as a function of

number of interferers was illustrated and training lengths for a practical DFE working
in HDSL were presented.

The highpass filtering technique which was introduced for reducing the com-

-



plexity of the echo canceler was also introduced into the far-end signal path, as for a
practical transceiver configuration, the highpass filter will also be in the received sig-
nal path. Hence this was introduced in the equalizer simulations and the satisfactory
equalizer performance was achieved with an increase in the forward-filter length and
a reduced number of feedback coefficients.
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Chapter 4

Conclusions and Suggestions for Further
Work

4.1 Conclusions

The main goal of this work was to examine the performance of echo cancelers and equal-
izers in the HDSL environment. The performance of these two elements satisfying pre-

scribed standards was studied using a detailed simulation environment.

The echo-path model was built using a transformer which helps in complexity
reduction and was used in testing the echo canceler. The length of the echo canceler
needed to achieve the performance specifications was obtained for three worst-case loops
and the results can be considered as a worst-case estimate of the echo-canceler order
needed in a practical HDSL system. Echo-canceler order reduction can be achieved using
transformers with reduced primary inductance values. The echo canceler might have to
interface in a certain fashion with the equalizer in the transceiver and one particular sce-
nario was investigated. Techniques proposed in the literature for reducing the complex-
ity in echo cancelers were tested, and some comparatory comments between the highpass
filtering technique and these techniques have been presented.

The NEXT was seen as the limiting factor in the HDSL system implementation and
along with ISI forms a strong impediment for reliable data transmission. The NEXT
environment is clearly outlined for different synchronization conditions and the relative
power of the signals in the loop plant is illustrated. A recently proposed concept in
cyclostationary crosstalk suppression has been explained with relevance to HDSL equal-
ization. Simulations of the HDSL equalizer under different NEXT conditions have been

performed. Satisfactory performance is shown to be achieved only in the case of com-



plete synchronization in the loop plant.

The performance of the decision-directed equalizer has been presented and the
highpass filtering technique proposed in the second chapter was used in the signal
path to test the performance of the equalizer. Except for a slight increase in complex-

ity, the performance of the equalizer was shown to be satisfactory.

4.2 Suggestions for Further Work

This thesis presented the HDSL echo canceler and equalizer acting separately. In an
HDSL transceiver, however, these two elements may have to be implemented in a sin-
gle chip and there could be several issues which could arise in the joint working of the
equalizer and echo canceler.

Theoretical MMSE calculations favor the forward filter [18] to be present before
the equalizer, but this could become a problem for the crosstalk suppression used in
this thesis. This is because of the fact that the echo from the near-end data transmitter
is a cyclostationary signal, and has considerably more power than crosstalk (and of
course the far-end signal). Hence the forward filter might have problems with the
crosstalk suppression. Practical adaptation studies favor the echo cancellation to be
done ahead of the equalization [22]. In this case the echo canceler has to be inter-
leaved as outlined in the chapter 2. Even in this case, when the NEXT is low, the
residual echo power is more as shown in Fig. 3.12 and could result in poor NEXT
suppression in the forward filter.

These issues could be investigated in detail and a viable configuration exploiting
the NEXT suppression properties of the FSE could be used in a practical HDSL trans-
ceiver. As mentioned earlier, impulse noise has not been included in the model as in
many other HDSL studies [43], and needs to be investigated in detail using an appro-
priate model. Detailed information about interference from other services in the sub-
scriber loop plant can also help in simplification of the forward equalizer. The use of
the highpass filter in the receiver path in overcoming some of this interference could
also be investigated.
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Appendix A

Echo-tail analysis

A.1 Dominant pole in the echo-path transfer function

In this appendix, we derive the approximate pole positions of the echo path. This is done
by using standard assumptions for the input impedance of the cable. The information
about the dominant pole position, which causes the long echo tails, can then be cancelled
suitably. From (2.1), the echo-path transfer function is given as

Zbal Zin (A 1)

H(S) B Zo+Zba1 - Zo+Zin

where

Zpq = Balance impedance (110 ohms)
Z, = Series impedance (110 ohms)

Zin = Input impedance of the loop looking in through the transformer.

The values of Z;,; and Z, were approximated using the standard nominal value of
110 ohms. Z;, can be calculated using the transformer equivalent circuit shown in Fig.

2.3. The average cable input impedance of 110 ohms, as suggested by calculations in
[16], is used and cable input impedances of some of the echo paths are plotted in Fig.
A.l. Using Z;,, the dominant echo-path poles can be calculated by representing the echo-

path transfer function as



real part of the input impedance

frequency x10%

Figure A.1. Variation of cable input impedance with frequency

_N(s)

H() = 5o (A2)

The poles in the transfer function are obtained by solving the equation

D(s) =0 (A3)

Two real poles were obtained by solving this second-order equation and one of
the poles was found to be much closer to the imaginary axis than the other one. The
pole positions are given by

$;=-0.0002 8

S;=-1.0942 €8

S is the dominant pole and the corresponding frequency position is 2.9 kHz.
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