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Abstract

This thesis investigates efficient VLSI architectural design aspects of a digital signal
processing (DSP) transceiver in high speed multi-pair wireline communication systems,
such as 10 Gigabit Ethernet over copper (10GBASE-T), with the goal to reduce the hard-
ware complexity and power consumption of various DSP components while maintaining the
speed and performance requirements. The covered topics mainly include efficient far-end
crosstalk (FEXT) cancellers, novel multi-input multi-output (MIMO) equalizers combined
with Tomlinson-Harashima Precoding (THP), low complexity echo and near-end crosstalk
(NEXT) cancellers.

A novel feedforward delayed FEXT canceller in a THP based system is developed to
remove FEXT as noise. Unlike conventional techniques on FEXT cancellation, the proposed
FEXT canceller can mitigate the non-causal part of FEXT; thus it can achieve better
cancellation performance. In addition, a modified design is developed by eliminating the
feedback loops in the FEXT cancellers such that the resulting feedforward FEXT canceller
is suitable for high speed applications.

FEXT has been found to contain information about the symbols transmitted from re-
mote transmitters and thus MIMO equalization technique is proposed to jointly process ISI
and FEXT such that the useful information in FEXT can be utilized. It is shown that the
proposed architecture overcomes the limitation of the traditional equalization schemes and
can achieve a better system performance and lower hardware complexity. A computation-
ally efficient approach for calculating the optimal tap coefficients of MIMO equalizers and
cancellers is also proposed to speedup the computation. Furthermore, a practical equaliza-
tion scheme which combines the MIMO equalization technique and TH precoding technique
is proposed for the real application of high speed Ethernet systems. Different from exist-
ing work on MIMO equalization, the proposed scheme exactly complies with the current
10GBASE-T standard and can be easily pipelined for high speed implementation. Hardware
complexity reduction schemes by utilizing the increased decision point SNR (DP-SNR) are
also considered.

Gigabit and multi-gigabit transceivers require very long adaptive filters for echo and



iii

NEXT cancellation. Implementation of these filters not only occupies large silicon area
but also consumes significant power. This thesis considers the problems of designing cost-
efficient echo and NEXT cancellers mainly from two different aspects: one is to reduce the
number of taps used in these noise cancellers; the other is to reduce the word-length used
to represent data in a VLSI system. First, the sparse characteristics of the echo and NEXT
channel impulse responses is exploited to reduce computational cost of adaptive echo and
NEXT cancellers. Second, a novel word-length reduction scheme is proposed by replacing
the original input to the echo and NEXT cancellers with a finite-level signal, which is then
recoded to have shorter word-length. To further reduce the complexity of these cancellers,
an improved design is proposed by exploiting the property of the compensation signal.
Compared with the traditional design, the proposed echo and NEXT cancellers have exact
input and do not suffer from the quantization problem, and thus they are more suitable for
VLSI implementation. The design issues of adaptive noise cancellers by using the proposed
word-length reduction method are also considered and modified designs of the adaptive
cancellers are developed to further reduce the overall hardware cost of echo and NEXT
cancellers with acceptable cancellation performance. Finally, the design approach for stable

pole-zero modeling of long finite impulse response (FIR) filters is proposed.
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Chapter 1

Introduction

1.1 Overview

The need for high data rates in local area network (LAN) applications has prompted the de-
velopments of fast Ethernet standards (such as 10 Mbps and 100 Mbps) since the mid-1990s.
Gigabit Ethernet was the next generation, increasing the speed to 1000 Mbps. The initial
standard for gigabit Ethernet was standardized by the IEEE in 1998. In 1999, IEEE802.3ab
defined gigabit Ethernet transmission over Cat-5 unshielded twisted-pair (UTP) cables,
which was known as 1000BASE-T. Faster 10 gigabit Ethernet standard over UTP cables,
termed as 10GBASE-T, has become available since 2006. The target 10 Gbps throughput
is achieved by duplex transmission over four pairs of UTP cables with 2.5 Gbps data rate
per pair. The target bit error rate (BER) is 10712 [7].

However, data transmission with high quality and capacity over such multi-pair UTP
cable channels is limited by many impairments. For example, insertion loss (IL) and inter-
symbol interference (ISI) are two of main impairments, and they are usually caused by

the limited bandwidth and real impedance of the cable itself [30]. In addition, echo and
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crosstalk interferences such as near-end crosstalk (NEXT) and far-end crosstalk (FEXT)
are other major impairments and need to be suppressed to ensure reliable and high speed
data transmission. Some other noises such as background noise and alien NEXT (ANEXT)
interference from other cables can also reduce the received signal-noise ratio (SNR). To
meet the desired throughput (e.g., 10Gbps) and target BER requirements (e.g., 10712),
a DSP transceiver has to perform a significant amount of digital processing operations,
which include channel equalization, channel coding, and noise cancellation such as echo and
crosstalk interferences including NEXT and/or FEXT.

The design and implementation of a DSP transceiver poses numerous challenges and
open problems. For example, to meet the throughput requirement, all these DSP blocks
must be able to operate at a high speed (e.g., 800 MHz). The high-speed design and im-
plementation of those components, especially for those containing feedback loops, are not
trivial. However, the success of a DSP transceiver is largely dependent on its cost in terms
of power consumption and hardware complexity, especially for the emerging 10GBASE-
T application. To this end, this thesis addresses low complexity and low power design
methodologies for efficient implementation of various DSP blocks including channel equal-
ization and noise cancellation, targeting at the high speed Ethernet transmission systems,
such as 10GBASE-T.

The goal of this thesis is mainly focused on reducing hardware complexity and power
consumption of those DSP blocks in a 10GBASE-T transceiver while maintaining the speed
and performance requirements. To achieve this goal, optimizations are considered at both
algorithmic and architectural levels. The former requires extensive simulations of receiver
algorithms and performance trade-off analysis; while the latter requires extensive architec-

tural considerations with respect to feasibility of speed and power consumption. Thus, novel
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equalization and noise cancellation schemes will be studied and the efficient architecture of
a DSP transceiver with least area and power consumption will be sought in this thesis.
The specific motivations for the work presented in this thesis and the corresponding

contributions will be summarized in the next section.

1.2 Summary of Motivations and Contributions

1.2.1 Feedforward FEXT Cancellation with TH Precoding

Motivation: In high-speed multi-pair wireline communication systems, such as 10 Gigabit
Ethernet over copper (10GBASE-T), far-end crosstalk (FEXT) becomes a major impair-
ment and needs to be suppressed to increase data rates. Conventional techniques based on
crosstalk cancellation can not be easily applied due to the fact that the disturbing source of
FEXT is generally unknown to the victims. One prior technique makes use of the tentative
decision of the disturbing far-end transmitted signal as the input to the FEXT canceller,
and both the FEXT canceller and linear equalizer are jointly adapted to combat intersymbol
interference (ISI) and FEXT. One particular drawback of this technique is that the tentative
decision is only a guess of the disturbing far-end transmitted signal, and incorrect tentative
decisions occur in practice, which thereby increases the error rates. Another technique is
to use the actual decision of the disturbing far-end transmitted signal as the input to the
FEXT canceller. However, FEXT may exhibit non-causal characteristic which makes the
FEXT cancellation insufficient. In addition, both techniques on FEXT cancellation did not
consider error propagation problem inherent in the traditional decision feedback equaliza-

tion (DFE) structure.

Contribution: We propose a novel approach to deal with FEXT interference in the appli-

cation of high speed Ethernet systems. In the proposed approach, FEXT is treated as noise,
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and a new feedforward FEXT canceller with TH precoding is developed by overcoming the
limitations of prior FEXT cancellation applications. Compared with the existing designs,
the proposed FEXT canceller can deal with the non-causal part of the FEXT, thus it can
achieve better cancellation performance. Due to the use of the TH precoders, the error
propagation problem is also alleviated in practice. The resulting FEXT cancellers do not
contain feedback loops such that high speed VLSI implementation is possible. A modified
design is also developed by using a finite signal as the input to the FEXT canceller such
that the hardware complexity of the proposed FEXT canceller can be reduced. We also
performed extensive simulations under practical Cat-6 UTP channel environment to verify
the effectiveness of proposed designs in the 10GBASE-T application. Part of this work

appeared in an IP disclosure filed at the University of Minnesota, Twin Cities [18].

1.2.2 MIMO Equalization and Cancellation for Ethernet Transmission
A. MIMO Equalization and Cancellation incorporated with TH Precoding

Motivation: Equalization technique is widely used in many wireline communication sys-
tems, such as digital subscribe line (DSL) systems and gigabit ethernet systems, to combat
the intersymbol interference (ISI). The traditional equalization scheme is mainly based on
single-input single output (SISO) structure, where equalization is performed individually
for each channel and far end crosstalk (FEXT) is treated as noise to be cancelled at the
receiver side. However, we note that, for each receiver, FEXT crosstalk inherently contains
information about the symbols transmitted from the remote transmitters. Hence, it is bet-

ter to exploit the far end crosstalk rather than simply treat it as noise.

Contribution: We propose to use multi-input multi output (MIMO) equalization tech-

nique to jointly process ISI and FEXT such that the useful information in FEXT can be
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utilized. We demonstrate the advantage of the MIMO equalization technique by apply-
ing a general MIMO-DFE architecture to the 10GBASE-T application. To explore better
system architecture, we compare two different arrangements of echo and NEXT cancellers
based on the MIMO-DFE architecture. Furthermore, we propose a practical equalization
scheme which combines the MIMO equalization technique and TH precoding technique for
the real application of high speed Ethernet systems. Different from existing work on MIMO
equalization, the proposed scheme exactly complies with the current 10GBASE-T standard
and can be easily pipelined for high speed implementation. Owing to the both benefits of
MIMO signal processing and TH precoding, the proposed architecture can achieve much
better performance than the traditional equalization architecture. We also propose com-
plexity reduction schemes to reduce the hardware complexity of the overall DSP transceiver
by utilizing the increased decision point SNR (DP-SNR). Part of this work appeared in an

IP disclosure filed at the University of Minnesota, Twin Cities [18].

B. Fast Computation of MIMO Equalizers and Cancellers with Long Taps

Motivation: Previous approaches on efficiently computing the tap coefficients of the equal-
izers are mostly based on the traditional finite-length MMSE-DFE structure [23, 24, 26].
Although these methods can be easily extended to the computation of the general MMSE-
DFE equalizers with echo and NEXT cancellers in MIMO channels [25,27], they may not
always be computationally efficient for computing the optimal coefficients of the MIMO
equalizers and cancellers in the cases where the cancellers have larger numbers of taps than
the feed-forward equalizers. By using Al-Dhahir’s method [25], the inversion of an embed-
ded correlation matrix will be computationally intensive. In addition, the number of taps
in echo cancellers and NEXT cancellers is not necessary to be the same in real applications.

Thus, applying the efficient method in [27] is also not straightforward.
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Contribution: We propose a new computationally efficient approach for calculating the
optimum settings of the MIMO equalizers and cancellers for 10Gbase-T, assuming that the
channel impulse response estimate and the noise characteristics are known. The proposed
method provides an insight of the minimum mean-square error (MMSE) solution in a gen-
eral MIMO system and shows that the mean-square error (MSE) optimization problem in
a M-input N-output system can be decomposed into N independent minimization problems
each with smaller size. Solving each separate problem in MMSE sense is computationally
efficient, thus leading to substantial savings in overall computational complexity. Com-
pared with a prior method, this new method is exact and much faster. This computation
speedup also makes the analysis easier when alien crosstalk (e.g., ANEXT) is considered in

the channel model.

1.2.3 Cost-effective Echo and NEXT Cancellers

Motivation: Echo and NEXT cancellers are widely used to counter the effect of echo and
NEXT noise. The typical way to implement those noise cancellers is to use finite impulse
response (FIR) filters in digital domain. This straightforward approach, however, will lead
to a significant hardware complexity if the number of taps in the FIR filters is large. For
example, in the typical 10GBASE-T application [7], one echo canceller and three NEXT
cancellers are needed for each pair of cables. Since there are four pairs of cables (four chan-
nels) in 10GBASE-T, a total of four echo cancellers and twelve NEXT cancellers are needed
at the receiver end. To achieve high performance noise cancellation, each FIR based echo
and NEXT canceller requires hundreds of taps [7], and the total number of taps in these
cancellers is around 5600~6800. Furthermore, all these cancellers need to be adapted to
accommodate channel variation. Implementing these cancellers will consume large silicon

area and power consumption. Therefore, efficient implementation of these cancellers is very
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important.

Contribution: We approach the problems of designing cost-efficient echo and NEXT can-
cellers in the application of I0GBASE-T ethernet systems mainly from two different aspects.
First, we focus on reducing the number of taps used in these noise cancellers to achieve the
overall cost reduction of implementing these noise cancellers. We propose a new adap-
tive tap management algorithm to design echo and NEXT cancellers by exploiting sparse
characteristics of the Cat-6 UTP copper channel. The proposed algorithm exhibits a sig-
nificant computational complexity reduction as well as a faster initial convergence speed,
compared with conventional LMS algorithm. We also develop an area efficient architecture
to implement our algorithm. It is shown that, by applying the proposed method to gigabit
transceiver design, we are able to achieve 50% and 29~66.7% computational cost reduction
during the initial training stage and steady state, respectively.

Second, we propose to reduce the word-length of the input signal to echo and NEXT
cancellers to achieve the low complexity and low power design of these cancellers. The
proposed design is derived by replacing the original input to the echo and NEXT cancellers
with a finite-level signal, which is the sum of the input to the TH precoder and a finite-
level compensation signal. In order to reduce the word-length of this modified input signal,
an efficient data encoding and decoding scheme is developed. Moreover, we improve our
design by analyzing the statistical properties of the compensation signal. It is shown that
this improved design can also be optimized for a low power design by minimizing internal
switching activities. Compared with the traditional design, the proposed echo and NEXT
cancellers have exact input and do not suffer from the quantization problem, and thus they
are more suitable for VLSI implementation. The design issues of adaptive noise cancellers

by applying the proposed word-length reduction method are also considered and modified
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designs of the adaptive cancellers are developed to further reduce the overall hardware cost
of echo and NEXT cancellers with acceptable cancellation performance. Part of this work

appeared in an IP disclosure filed at the University of Minnesota, Twin Cities [19].

1.2.4 Stable ITR Approximation of Long FIR Filters

Motivation: To meet a given magnitude-response specification, an FIR filter usually re-
quires larger numbers of taps than an IIR filter. Thus the hardware cost of an FIR filter
is more expensive than that of an IIR filter as the hardware cost in terms of chip area and
power consumption is directly related to the total number of taps in the filter. If the phase
response is not important, approximating a long FIR filter by an IIR filter (or pole-zero
filter) with a smaller number of taps including numerator and denominator will reduce the
overall hardware cost. However, since an IIR may not be stable, it is not trivial to find a

stable IIR filter corresponding to a given long FIR filter.

Contribution: We propose a new efficient method for computing the optimal coefficients
of the stable IIR filter, assuming that the coefficients of the target FIR filter are known.
Unlike the existing approaches, we formulate an optimization problem which minimizes the
mean-square error (MSE) between the target FIR filter and the approximate IIR filter.
This MMSE problem can be solved by use of many methods in [23,24,26]. We exploit
the internal structured matrices in the MMSE solution, and then derive a computationally
efficient solution, which is general and applicable to cases where the number of poles and
zeros of the approximate IIR filter is different. We also show that the proposed method
is as accurate as the Generalized ARMA-Levinson algorithm but with much lower compu-
tational complexity. Finally, we apply the proposed method to generate stable pole-zero

approximation of long FIR filters in the application of DFEs and echo cancellers.
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1.3 Outline of The Thesis

This thesis is outlined as follows. In Chapter 2, conventional approaches on FEXT cancella-
tion are briefly reviewed, and then the proposed approach for FEXT cancellation with TH
precoding is presented in detail. Simulations are also provided to demonstrate the proposed
design.

Chapter 3 presents another way to deal with FEXT crosstalk in multi-pair wireline com-
munication systems, by applying MIMO signal processing techniques. A computationally
efficient approach for calculating the optimal settings of MIMO equalizers and cancellers
is also presented. A practical equalization scheme which combines the MIMO equalization
technique and TH precoding technique is proposed for the real application of high speed
Ethernet systems. Finally, the proposed MIMO equalization scheme is compared with the
FEXT cancellation scheme proposed in Chapter 2 in terms of hardware complexity, conver-
gence speed, and DP-SNR performance.

Chapter 4 addresses the problem of low-complexity designs of echo and NEXT cancellers
in the application of I0GBASE-T Ethernet systems. Two different approaches are presented
to achieve low complexity and low power designs of these cancellers: one is to reduce the
number of taps used in these noise cancellers; the other is to reduce the word-length used
to represent data in a VLSI system.

Chapter 5 presents the proposed approach for stable IIR filter modeling of long FIR
filters, and a computational complexity analysis is also performed to compare the proposed

method with the Generalized ARMA-Levinson algorithm.

Chapter 6 gives a brief conclusion and lists some future research tasks.
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Chapter 2

FEXT Cancellation for Ethernet

Transmission

2.1 Introduction

In high-speed multi-pair wireline communication systems, such as 10 Gigabit Ethernet
over copper (10GBASE-T), far-end crosstalk (FEXT) becomes a major impairment and
needs to be suppressed to increase data rates. Conventional techniques based on crosstalk
cancellation are not suitable for FEXT due to the fact that the disturbing source of FEXT
is generally unknown to the victims. This chapter reviews different FEXT cancellation
schemes and then proposes an efficient FEXT cancellation scheme which can achieve much
better performance than other existing noise cancellation schemes.

Fig. 2.1 illustrates a typical channel environment for gigabit and multi-gigabit Ethernet
systems. It can be seen that data transmission over such multi-channel communication
systems is primarily limited by channel attenuation (insertion loss), intersymbol interference

(ISI), echo, crosstalk interferences such as near-end crosstalk (NEXT), far-end crosstalk
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Figure 2.1: Impairments to data transmission over UTP

(FEXT), and alien crosstalk. To meet the throughput and BER requirements, the receiver
needs to perform a significant amount of digital processing operations, which include channel
equalization, echo and NEXT cancellation. FEXT can generally be tolerated in 1000BASE-
T [10]. However, for high speed applications, such as 10GBASE-T, FEXT is a major
impairment which needs to be reduced by about 25dB [§].

Conventional technology that addresses FEXT interference is mainly based on the con-
cept of noise cancellation. The FEXT canceller is employed at the receiver side to suppress
FEXT interference. Due to the fact that the disturbing source of FEXT is generally un-
known to the victims, it is difficult to apply an accurate input to the FEXT canceller at
the receiver side. In [12], a tentative decision of the disturbing far end transmit signal was
used as the input to the FEXT canceller, and both the FEXT canceller and linear equal-
izer were jointly adapted to combat ISI and FEXT. To get a sufficient FEXT cancellation,
the tentative decision needs to be accurate enough. However, accurate tentative decisions
are hard to acquire and incorrect decisions occur in practice, which thereby increases error

rates. Instead of using the tentative decisions as the input to FEXT canceller, the final
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decisions of the transmitted symbols are used in [13], where a structure based on multi-
input multi-output (MIMO) decision feedback was proposed to remove the FEXT crosstalk
in digital subscriber line (DSL) systems. Due to the error propagation problem inherent in
the decision feedback based structure, this technique is not suitable for Ethernet systems.
In addition, nonlinear feedback loops in this structure limit its use for high speed applica-
tions. In [20], a joint equalization and decoding scheme was proposed for the application
of 10GBASE-T. Later on, a new type of equalizer that combined the shortened filter and
a decision feedback equalizer (DFE) was developed to achieve a better performance [21].
However, both designs do not address the FEXT interference adequately, and also the error
propagation problem remains unsolved.

This chapter presents a novel approach to deal with FEXT interference in the application
of high speed Ethernet systems. In the proposed approach, FEXT is treated as noise, and
a new feedforward FEXT canceller is designed to remove FEXT interference at the receiver
side. Compared with the existing designs, the proposed FEXT canceller can deal with
the non-causal part of the FEXT [30], thus it can achieve better cancellation performance.
Instead of using the conventional DFE structure, an equalization structure is applied with
four separate TH precoders at the transmitter side and four corresponding feedforward
equalizers at the receiver side. Based on this structure, the error propagation problem can
be alleviated. In addition, by eliminating the feedback loops, the resulting feedforward
FEXT canceller is suitable for high speed applications.

The rest of this chapter is organized as follows. In Section 2.2, conventional technique on
FEXT cancellation is briefly reviewed, and a general DFE structure for FEXT cancellation
is analyzed. Section 2.3 introduces the delayed feedforward FEXT cancellation scheme.

Section 2.4 presents the proposed approach for FEXT cancellation with TH precoding and
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Figure 2.2: A straightforward design of FEXT canceller based on DFE structure

develops a new feedforward FEXT canceller at the receiver side. In addition, the average
decision-point (DP-SNR) over four pairs is derived as a performance measure to evaluate the
proposed FEXT canceller. Simulation results and discussions are presented in this section.

Finally, Section 2.5 concludes the work of this chapter.

2.2 Conventional FEXT cancellation

Consider signal transmission path in Fig. 2.1, FEXT interferences are generated by dis-
turbing signals from adjacent transmitters at the far end of the transmission link, and pass
through the victim channel, i.e., the first channel in Fig. 2.1. In order to suppress FEXT
interferences, FEXT cancellers are introduced for the victim channel at the near end re-
ceiver. According to [12,13], the inputs to these FEXT cancellers can be obtained from the
tentative decisions of the disturbing signals from the adjacent receivers. The outputs of the
FEXT cancellers are then subtracted from the received signal for the victim channel, thus
cancelling the FEXT interferences.

Based on this idea, Fig. 2.2 shows a straightforward design of the FEXT cancellers in
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a typical Ethernet transceiver for one pair, and similar structures are applied to the other
three pairs. In this figure, the local transmitted signal z1 (k) goes through a shaping filter, a
digital to analog (D/A) converter, hybrid circuitry, and finally is coupled to the UTP cable
for transmission. On the receiving path, the received signal is first sampled to get y1(k),
and then the outputs of the echo and NEXT cancellers are subtracted from y; (k) to remove
the echo and NEXT interferences. After that, a DFE structure, containing a feed-forward
equalizer (FFE) and a feedback equalizer (FBE), is used to perform channel equalization.
Assume the decision delay is A, and then the estimates of the far end transmitted signals
Z;(k — A) are fed to the FEXT cancellers for proper FEXT cancellation. Note that all the
filters in the figure are adapted to the varying channel environment and the coefficients of
these filters can be obtained during an initial training period.

However the design in Fig. 2.2 leads to insufficient FEXT cancellation in practice.
Notice that the inputs to the FEXT cancellers are from the decisions of the disturbing
signals with a certain decision delay A. It is impossible to generate a FEXT cancellation
signal until the decision of the disturbing signal is available. Thus, if FEXT occurs at the
output of the FFE filter before the decision of the disturbing signal is made, then part of the
FEXT will not be cancelled. In practice, this does happen because of two reasons. Firstly,
the FFE is only designed for mitigating the pre-cursor ISI for each pair. However, the
pre-cursor FEXT will not be mitigated accordingly. Secondly, FEXT exhibits non-causal
characteristics, which means FEXT can arrive at the near end receiver before its disturbing
source arrives [30]. To be consistent, in this chapter we define the non-causal part of the
FEXT as the FEXT components that arrive at the output of the FFE before the decisions of
the disturbing signals are made. For a practical channel environment, this can be illustrated

in Fig. 2.3. In this figure, it shows that the decision delay is 420. The optimal coefficients
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Figure 2.3: Insufficient FEXT cancellation due to non-causal part of FEXT

of the FEXT canceller are obtained based on MMSE criterion [84]. After the decision delay
of 420 samples, the decision at the slicer will be available to generate a FEXT cancellation
signal. However, it can be seen that part of FEXT already occurs at the output of the
FFE filter before the decision delay. Thus, failure to account for this non-causal part of the
FEXT will lead to insufficient FEXT cancellation, even though all previous decisions are
correct.

In real applications, the performance of the design in Fig. 2.2 is even worse due to the
problem of error propagation in the decision feedback structure. In addition, nonlinear feed-
back loops in this structure limit its use for high speed applications. Thus, it is important
to develop new approaches to overcome these problems. Next, based on the conventional

crosstalk cancellation techniques, a new feedforward FEXT canceller is first proposed.
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2.3 Delayed Feedforward FEXT Canceller

As discussed in Section 2.2, the conventional FEXT cancellation is not sufficient because
the non-causal part of FEXT is not cancelled. In Fig. 2.3, if we can delay the received
signal corrupted by the FEXT interference at the victim channel till the FEXT cancellation
signal from disturbing channel is available, then non-causal FEXT can be removed.

Based on this idea, Fig. 2.2 can be modified by inserting a bulk delay D at output of the
FFE. The resulting design is shown in Fig. 2.4, where three FEXT cancellers are needed
for the victim pair 1 since y; (k) suffers from the FEXT interferences from the other three
disturbing channels. From this figure, it is seen that the FEXT cancellers do not contain
any feedback loop. The inputs to these FEXT cancellers are called tentative decisions,
which are described as gross estimates of the disturbing signals and can be obtained by
slicing the outputs of the FFE from adjacent receivers. For example, tentative decision
Z1(k) at victim pair 1 is obtained by slicing the output at point A. Initially, the cancellers
and equalizers are not well trained such that the tentative decisions are mostly wrong and
can not be used as the inputs to the FEXT cancellers. Therefore, an initial training stage is
needed to get the reliable tentative decisions. After convergence, the system would operate
in a direct-decision (DD) mode to adapt to the varying channel environment.

It should be noted that the bulk delay D is determined by the duration of the non-causal
FEXT part as shown in Fig. 2.3. By adjusting the bulk delay D, we can decide how much
non-causal FEXT can be cancelled. For the general cases, applying larger bulk delay and
longer FEXT cancellers would lead to better FEXT cancellation performance. However,
in a similar design presented in [12], the inserted bulk delay at the output of the equalizer
was defined as the delay due to the FEXT cancellers. It was shown that by applying larger

bulk delay and longer FEXT cancellers, the performance was even worse. This undesired
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Figure 2.4: Delayed feedforward FEXT cancellation based on DFE structure

result was explained in [12] due to the drawback of the proposed blind startup algorithm
for large delay cases. In this chapter, this problem is avoided by applying the ideal training
process during the initial period with the known training sequences, which is supported by
the 10GBASE-T standard.

Consider the point A in the design as shown in Fig. 2.4, we need to note that the signal
at point A continues to suffer from FEXT crosstalk, post-cursor ISI and other background
noise assuming the echo and NEXT crosstalks and pre-cursor ISI are removed perfectly.
Hence, incorrect tentative decisions, i.e., Z;(k) # x;(k), will occur to generate wrong FEXT
cancellation signals, which may lead to wrong final decision of far end transmitted signal,
i.e., Ti(k— D). As we can see, the signal will be fed back to decide the next decision through
a DFE structure. Therefore, the error propagation problem will result in an increase of error
rates. To solve this problem, a new FEXT canceller is developed for a TH precoder based

transceiver.
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2.4 FEXT Cancellation Combined with TH Precoding

2.4.1 Proposed FEXT Canceller with TH Precoding

To describe the proposed FEXT canceller, we first briefly introduce the TH precoder.

The TH precoder was first proposed by Tomlinson and Harashima in 1971 [59-61]. It
has similar structure as a traditional DFE, except that the decision device in the DFE is
replaced with a modulo device in the TH precoder as shown in Fig. 2.5(a). The operation
of TH precoding can be interpreted by using the equivalent form of the TH precoder as
shown in Fig. 2.5(b). A unique compensation signal v(k), which is a multiple of 2M, is
added to the transmitted M-PAM signal z(k) such that the output of the precoder t(k) lies
in the interval [—-M, M). If the input of the TH precoder, x(k), is i.i.d, it can be shown that
t(k) has uniform distribution over [—M, M) [32]. The effective transmitted data sequence
in Z-domain is given by

T(z) = 22T 7)) (2.1)

where B(z) is a causal FIR filter in the TH precoder feedback path. From (2.1), we see
that a TH precoder can be viewed as an IIR filter with the input equal to the sum of the

original TH precoder and a finite level compensation signal, i.e., x(k) + v(k).

v(k)
x(k) k) x(k) t(k)
o N ah N
V\‘ ‘J mod(2M) > —\‘ ‘/ >
B(z)-1 B(z)-1
(a) A TH precoder (b) Equivalent Form of a TH Precoder

Figure 2.5: Tomlinson-Harashima precoder and its equivalent form
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If we assume the channel state information (CSI) is known at the transmitter side, then
a general TH precoder can be applied at the transmitter to perform channel equalization.
Fig. 2.6 illustrates a typical application of TH precoder, which is converted from a tradi-
tional DFE structure. As we can see from Fig. 2.6(b), DFE part is implemented at the
transmitter without suffering from decision errors, thus the error propagation problem in a
DFE structure can be eliminated. It is also noted that the transmitted signal x(k) can be
recovered from the output of the FFE by performing a modulo operation.

Applying the TH precoding technique to the design in Fig. 2.4 would be straightforward
if there is no FEXT cancellation. However, we should note that the disturbing signal of the
FEXT is now affected by ¢;(k) rather than x;(k) due to the TH precoding. In general, the
output of the TH precoder ¢;(k) is continuous in the interval [—M, M) [32]. In other words,
the number of different outputs of the modulo device in the TH precoder is infinite, which
makes it difficult to determine the tentative decision of the disturbing signal, #;(k). Thus,
a design of the FEXT canceller in a TH precoding system becomes difficult.

Instead of determining ¢;(k) directly, a tentative decision of the sum signal z;(k) + v;(k)
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Figure 2.7: Block diagram of the proposed FEXT cancellation with TH precoding

is first made, and then ;(k) can be obtained using equation (2.1). Fig. 2.7 shows the block
diagram of the proposed FEXT cancellation in a TH precoding system. At the far end
transmitter, the transmitted signal x;(k);=1,23.4 is first pre-equalized by four corresponding
TH precoders. The output of the TH precoders t;(k);=1,234 will be sent to the channel. At
the near end receiver, pair 1 is taken as an example to illustrate the structure of the receiver,
and the other three pairs will have similar architectures. In this figure, the received noisy
signal yi(k) contains FEXT interferences, echo and NEXT interferences (which are not
shown in the figure), and additive white noise ni(k). First, echo and NEXT cancellation is
performed to obtain the signal r (k). After that, signal r1 (k) is fed to the FFE to remove the
pre-cursor ISI. Ideally, if channel equalization is perfect, the output of the FFE, d, (k), will
only contain z1(k)+v1(k)+n1(k), as well as FEXT interferences. A tentative decision d; (k)
is then obtained by slicing d; (k). To avoid using a complex multilevel slicer, an alternate
implementation is shown in Fig. 2.7. Since the FEXT interference is small, the reliable
tentative decision dj(k) can be achieved. According to (2.1), an estimate of the effective
transmitted signal, £;(k) can be obtained by inserting an IIR filter #(Z) after dy(k) as

shown in Fig. 2.7. Similarly, fi(k),-:273,4 can be obtained from adjacent receivers, and then
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can be used as the inputs to the FEXT cancellers. The final estimate of the transmitted
symbol is denoted as Z1 (k) with a delay D, which is inserted at the output of the FFE.

It should be noted that the coefficients of the TH precoders need to be set the same as
the corresponding DFE coefficients, which are obtained during the initial training stage [36].
During the normal data transmission stage, decision error e;(k) is used to update the filters
corresponding to each pair.

However, in the application of 1I0GBASE-T, we may note that feedback loops inside
the TH precoders and the part where 1(k) is generated would be the bottleneck for high
speed operation both in transmitter and receiver. In [29], the high speed design of the TH

precoder has been addressed. To speed up the receiver in the proposed design, we can simply

eliminate the IIR filter Bll(z) after dy(k), and directly use dj(k) as the input to the FEXT
canceller. By doing so, each of the resulting FEXT cancellers will implicitly contain an
IIR filter. Thus, to achieve good FEXT cancellation performance, the length of the FEXT
cancellers needs to be long enough. However, the advantage is that there are no feedback
loops in the receiver structure and high speed design is possible. The resulting modified
design is shown in Fig. 2.8, where the inputs to the FEXT cancellers corresponding to pair
1 are changed to Ji(k)i:273,4 from adjacent receivers.

The modified design can also achieve a low complexity design if we note that Jl(k‘) has
only finite number of values. Thus, those FEXT cancellers with the input ci,(k:) can be

efficiently implemented by applying techniques such as pre-computation and look-ahead

[62,85].

2.4.2 Performance Analysis

In order to evaluate the performance of the proposed FEXT canceller, we define the average

decision-point SNR (DP-SNR) over four pairs as a performance measure. In this subsection,
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Figure 2.8: Modified FEXT canceller for high speed application

the theoretical average DP-SNR is derived based on the proposed design in Fig. 2.7, and
then a simple least mean square (LMS) algorithm [84] is applied to update the equalizers

and FEXT cancellers.

In Fig. 2.7, the ith effective transmitted signal ¢;(k) can be expressed as:

(2.2)

1.€.,

(2.3)

where d;(k) is defined as d;(k) = x;(k) + vi(k). bi(k),k =0,..., Ny is the coefficient of the
ith TH precoder with b;(0) = 1, and NV, is the order of the TH precoder. If we define the

coefficient vector as b; = [b;(1),...,b;(Ny)]¥, equation (2.3) can be written as:

di(k) = t;(k) + blt;(k — 1), (2.4)
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where the superscript H denotes Hermitian transposition, and t;(k) is an N, x 1 symbol

vector, i.e.,

ti(k—1) = [ti(k — 1), t;(k —2),... t;(k — Ny)|.

A typical transmission channel is shown in Fig. 2.1, and it can be modeled as two
equivalent 4 x 4 MIMO channels. One is h;; which denotes the discrete-time channel
impulse response from the ith transmitter (at far end) to the jth receiver (at near end)
with length Ny + 1, and the other is g, ,, which denotes the echo and NEXT discrete-time
channel impulse response from the mth transmitter (at near end) to the nth receiver (at

near end) with length No 4+ 1. The received signal at jth channel is given by

4 4
yi(k) = hti(k) + > gl iz (k) + n;(k), (2.5)
=1 m=1

for j =1,...,4. nj(k) denotes the additive white Gaussian noise (AWGN) at jth channel.
ti(k) is a (N1 + 1) x 1 far end transmitted symbol vector, and z,, (k) is a (N2 + 1) x 1 near

end transmitted symbol vector, i.e.,

Zm (k) = [2m(k), zm(k — 1), ..., zm(k — No)|2.

After echo and NEXT cancellation, the residual signal r;(k) can be expressed as

NE

4
ri(k) = hTti(k) + D (8mg — 85.5) 2m (k) + 1 (k)
=1

Il
—

m

W~

4
=> hilti(k)+ Y (g15)  zm(k) + ny(k), (2.6)
=1

3
Il
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where
. [01xs, gf,f,ja 01><(N2+1767Ne8)]H7 m=j
gm,j =
(015,801 015 (Nt 1—6-Npo) |y M # ]

Here, g7 j denotes the echo canceller with length N, and g j denotes the NEXT canceller
with length N,.. ¢ is the delay inserted in the echo and NEXT cancellers to indicate the
start position of cancellation.

Further processing of the residual signal r;(k) includes the feedforward equalization and

FEXT cancellation. The signal prior to the modulo device at channel 1 (i.e., point B) is

)

4
ur(k — D) = wiry(k — D) = Y £ £,.(k), (2.7)

m=2

where w; denotes the feedforward equalizer with length L at jth channel, and f,, ; denotes
the FEXT cancellers with length Ny,. r;(k) is a L x 1 symbol vector, and t,,, (k) is a Ny, x 1

symbol vector, i.e.,

The decision error at the channel 1 is then given by

e1(k) = 21(k — D) — Mod {uy(k — D)}
= :ﬁl(k — D) — (ul(k: — D) — Ul(k — D))

::ﬁl(k—D)—i-’Ul(k—D)—ul(k—D>. (2.8)

In the following analysis, the estimate of disturbing signal supplied to the FEXT can-
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celler is assumed to be correct, i.e., t;(k) = t;(k). In addition, the decision at the output of
the decision device is assumed to be correct, i.e., #;(k) = x;(k). It follows from (2.7) that

(2.8) can be expressed as

4
e1(k) = di(k = D) —wiri(k = D)+ > £ 1t (k). (2.9)

m=2

From (2.4), equation (2.9) can be written as

e1(k) = t1(k — D) — WIT(k), (2.10)
where,
W1 rl(k — D)
b, —t1(k—D—1)
W; = fgjl 7T1(k) = —tg(k)
f31 —t3(k)
| fa1) | (k)

Applying the orthogonality principle [25,84], i.e., E[T1(k)ei (k)] = 0, where E[-] de-

notes the expectation operator, we can get the optimal filter coefficients

WD) = w6, (2.11)
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where

U, = E[T;(k)T1(k)"]

er ry Rtr1

_ert Rtt
01 = E[Ty(k)t,(k — D)H]

E[I‘1t1]

0

Substitute (2.11) into (2.10), the minimum mean square error (MMSE) at the receiver

1 is then given by

J1(D) = Ele1(k)ex (k)]
= E[|t1(k — D)|’] — 0f' W{*(D)

= B[t (k))*] — 0 WP (D). (2.12)

The MMSEs at the other three receivers can be derived in a similar way, thus the average

DP-SNR over four channels is defined as

_ E[t:i(k)[*]
SN Raug(D) = 101log; (iZle Ji<D)> . (2.13)

It can be seen that average DP-SNR is a function of D, which is related with the non-causal
part of the FEXT. In Section 2.4.3, the heuristic search is performed to determine the
optimal bulk delay under the certain complexity of the FEXT cancellers.

Assume the far end transmitted M-PAM signal z;(k) is i.i.d, then the output of the TH

precoder is also i.i.d and uniformly distributed over [—M, M) [32]. Therefore, the average
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energy per symbol of the effective transmitted signal ¢;(k) can be represented as

2
S, = El[t:(k)[?] = %sm (2.14)

where S; and S, are average energy per symbol of the signals ¢;(k) and x;(k), respectively.
Especially, when M is large enough (i.e., M = 16), Sy ~ S,. This implies that the proposed
design in Fig. 2.7 would have the similar theoretical average DP-SNR as a MMSE-DFE
design in Fig. 2.4. Thus, the coefficients of the TH precoders can be set using coefficients
of the corresponding DFE filters as mentioned previously.

In order to obtain the coefficients of these filters in practice, and also to track the slowly
time-varying channel environment, the LMS adaptive algorithm is applied in the proposed
design. During the initial training period, the known training sequences x;(k) over four
pairs are transmitted with the THP turned off, i.e., t;(k) = x;(k). And then the update

equations of the equalizers and FEXT cancellers can be summarized as

wjj(k+1) =w;;(k) + pwr;(k)e;(k),
b i(k+1) = bj (k) — upt;(k — D)e;(k),

fij(k+1) =1i;(k) — psti(k)e;(k), i # j, (2.15)

where fu,, pir, and puy are the step sizes for the corresponding adaptive filters. €;(k) is the
update error signal obtained by €;(k) = xj(k — D) — u?/[(k‘ — D). After convergence, the
coefficient b; ; is transmitted to the far end transmitter through a reliable channel to set
up the THP.

During the data transmission mode, the coefficients of the TH precoder should be fixed.

At the receiver side, the update equations of the FFE and FEXT cancellers switched to the
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DD mode, i.e.,

wij(k+1) = wj (k) 4+ pur;(k)e;(k),

fij(k+1) = £ j(k) — psti(k)e;(k), i # J, (2.16)

where the update error signal is changed to e;(k).

2.4.3 Simulations and Discussions

In this section, simulation results are presented to demonstrate the effectiveness of the
proposed designs in the 10GBASE-T application.

As mentioned in Section 2.4.2, the average DP-SNR is used as a performance measure to
evaluate the proposed FEXT canceller. It is clear that the DP-SNR performance is affected
by the design parameters such as the number of echo and NEXT taps, the number of FEXT
canceller taps, the number of equalizer taps, the decision delay, and the inserted bulk delay
D. To determine the optimal design parameters, the analytical result derived in equation
(2.13) is investigated before simulation is performed.

Instead of performing exhaustive search, heuristic search is used to reduce the search
space. In the analysis, Cat-6 UTP cable with length 100 meters is used as the channel
model, which can be obtained from the IEEE 802.3an website [9].

Fig. 2.9 plots the DP-SNR performance versus the lengths of echo and NEXT cancellers.
In this figure, other design parameters are fixed, i.e., the lengths of the FFE and DFE are set
as L = 64 and N, = 32, respectively. The length of the FEXT canceller is Ny, = 100. The
decision delay and the inserted bulk delay are A = 420 and D = 10, respectively. The left
side of the figure illustrates the DP-SNR performance versus the length of the echo canceller,

and each curve corresponds to a fixed length of the NEXT canceller. It can be seen that for
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each fixed length of the NEXT canceller, the DP-SNR. performance continues to increase
with the length of the echo canceller. Specifically, the DP-SNR increases dramatically when
the length of the echo canceller increases from 300 to 400. After that, the DP-SNR increases
gradually with the length of the echo canceller. For example, only less than 0.5 dB gain in
the DP-SNR can be obtained when the length of the echo canceller increases from 400 to
600. If observing the curves corresponding to different lengths of the NEXT canceller, we
find that the increase of the DP-SNR is very small when the length of the NEXT canceller is
over 200. This can be seen clearly from the right side of the figure, where z-axis represents
the length of the NEXT canceller and each curve corresponds to a fixed length of the echo
canceller.

By considering the tradeoff between the DP-SNR performance and the complexity of
the echo and NEXT cancellers, we choose the lengths of the echo and NEXT canceller to
be Ne. = 500 and N, = 300, respectively.

Fig. 2.10 plots the the DP-SNR performance versus the lengths of the FFE filters. In
this figure, N, = 500, Ny, = 300, Ny, = 100, A = 420 and D = 40. The left side of the
figure illustrates the DP-SNR performance versus the length of the FFE filter, and each
curve corresponds to a fixed length of the DFE filter. It can be seen that for each fixed
length of the DFE filter, the DP-SNR always has a steep increase when the length of the
FFE filter increases from around 45 to 60. However, the increase of the DP-SNR is very
small when the length of the FFE filter continues to increase. This can be seen clearly from
the right side of the figure which illustrates the details of DP-SNR performance when the
length of the FFE filter is from 50 to 100. In addition, it can be observed that the increase
of the DP-SNR is very small when the length of the DFE filter increases. Thus, we choose

the lengths of the FFE and DFE filters to be L = 64 and N, = 15, respectively.
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Figure 2.9: The DP-SNR performance versus the lengths of echo and NEXT cancellers

Fig. 2.11 plots the DP-SNR performance versus the decision delay, and each curve
corresponds to a fixed length of the FFE filter. In this figure, No. = 500, N,. = 300,
Ny = 15, Ny, = 100 and D = 40. From this figure, we see that the decision delay
significantly affects the DP-SNR performance. For each curve, there is an optimal decision
delay. It is found that the optimal decision delay is related with the length of the FFE filter
L. Specifically, larger decision delay would be expected if the length of the FFE is longer.
For example, the optimal decision is 420 when L = 64. However, the optimal delay is 460
when L = 100. In our design, we choose the decision delay A = 420, which corresponds to
L = 64.

From the discussion in Section 2.4, it is known that the inserted bulk delay corresponds
to the non-causal part of the FEXT. By increasing the bulk delay D, we can achieve more
non-causal FEXT cancellation, which leads to better DP-SNR performance. In order to
demonstrate the performance improvement of the proposed approach, the DP-SNR perfor-
mance versus the bulk delay and the length of the FEXT canceller is plotted in Fig. 2.12.

In this figure, Ne. = 500, Ny = 300, L = 64, Ny = 15, and A = 420. From the left side of
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Figure 2.10: The DP-SNR performance versus the lengths of the FFE and DFE filters

this figure, it is seen that for each fixed bulk delay D, the DP-SNR performance increases
with the length of the FEXT canceller. Consider the curve with D = 0, which corresponds
to the straightforward design in Fig. 2.2, the DP-SNR curves are nearly flat when Ny, is
over 100. This indicates that not much benefit can be obtained by increasing Ny, only.
To further improve the DP-SNR performance, the non-causal FEXT needs to be cancelled.
By increasing the bulk delay D, an obvious performance improvement can be achieved as
illustrated in the figure. However, it should be noted that for a fixed length of the FEXT
canceller, increasing the bulk delay can not always guarantee better DP-SNR, performance.
This can be illustrated in the right side of the figure, where each curve corresponds a fixed
length of the FEXT canceller. Consider the curve with Ny, = 32, the DP-SNR starts at
approximately 25.7 dB when D = 0, and continues to increase with the increase of the bulk
delay till D = 21. After that, the DP-SNR will decrease as the bulk delay increases. Thus,
for the given FEXT canceller with fixed length, we are interested in finding the optimal
bulk delay D. In our design, we choose the optimal bulk delay to be D = 40 for N, = 100.

Table 2.1 summarizes the design parameters we choose according to the analysis above.



2.4 FEXT Cancellation Combined with TH Precoding 32

Decision delay vs. SNR

T T T
31r R
30+ B
29+ B

o

T ogl i

o

z

P

& 27¢ B
26 - ——20 | ]

—e— 40
o251 —x—064 | 4
¢ 100
24tf i ‘ ‘ ‘ i

370 380 390 400 410 420 430 440 450 460 470
Decision delay

Figure 2.11: The DP-SNR performance versus the decision delay

Compared with the results in [33], the results in Table 2.1 are very similar, which demon-
strates our theoretical analysis. In this table, it is noted that the TH precoder in the
proposed design should have the same length as the DFE filter. Based on these parameters,
the simulation can be performed under Cat-6 unshielded twisted-pair channel environment
to evaluate the performance of the proposed design.

In the simulations, we consider the measured data of the Cat-6 UTP cable with three

Table 2.1: Design parameters for FEXT cancellation

Parameter ‘ Values
Decision delay 420
Inserted bulk delay (D) | 40
FFE taps 64x4
THP/DFE taps 15x4
Echo canceller taps 500x 4
NEXT canceller taps 30012
FEXT canceller taps 100x12
Total taps 7116
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Figure 2.12: The DP-SNR performance versus the lengths of FEXT canceller and inserted
bulk delay

different lengths as the channel models [9]. The transmit power is set as 5dBm, and additive
white Gaussian noise (AWGN) power is set as -150dBm/Hz. In addition, a 2-PAM signal
is used as the training symbol while data symbol is assumed to be 16-PAM [11]. The

procedures of the simulation can be summarized as [11,35]:

(1) At startup, the system operates in training mode. The echo and NEXT cancellers
are first trained with disabling far end transmitter, near end equalizers and FEXT

cancellers.

(2) Enable the equalizers and FEXT cancellers at the near end receiver when echo and
NEXT cancellers are converged. Turn on the far end transmitter to send the training
symbols. The equalizers and FEXT cancellers are updated using the LMS algorithm
discussed in Section 2.4. Note that at the end of this stage, the coefficients of the

DFE need to be sent back to the far end transmitter to set up the TH precoder [36].

(3) When the training process is done, the system switches to normal data transmission
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mode, where 16-PAM data symbols are transmitted and the system is updated in DD

mode. The simulated DP-SNR, can be obtained after the filters have converged.

To illustrate the system operation from startup to normal data mode, a discrete eye
diagram is plotted as shown in Fig. 2.13. In this figure, the discrete eye diagram is obtained
by plotting the symbol values before the decision device and the simulation is performed
based on Cat-6 75m channel model. Notice that the training symbols only have two possible
values, i.e., {—9,9}, to keep the transmit power in the training mode the same as the

transmit power in normal mode.

Eye diagram of the system operation from startup to normal mode

Signal amplitude at the slicer

time X 105

Figure 2.13: Eye diagram of the system operation from startup to normal mode, Cat-6 75m,
DP-SNR=36.89dB

In order to evaluate the performance of the proposed design, we measure the DP-SNR
at the normal mode. Table 2.2 gives the performance comparison for different designs. In
this table, each design is evaluated based on Cat-6 measured channel models with different

lengths: 100m, 75m, and 55m respectively. The analytical result (a) is also listed to be
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Table 2.2: Average decision-point (DP) SNR during the steady state, AWGN=-150dBm/Hz,
Bulk delay D=40, Nf, = 100

Average DP-SNR (dB)

CAT-6 UTP Straightforward | Feedforward FEXT | Proposed design | Proposed design
Cable design (Fig. 2.2) | canceller (Fig. 2.4) I (Fig. 2.7) II (Fig. 2.8)
(a) (b) (a) (b) (a) (b) (a) (b)
Measured 100m | 25.55 19.53 30.74 21.52 30.75 30.36 30.75 28.65
Measured 75m 27.80 24.74 37.05 31.03 37.06 36.89 37.06 35.30
Measured 55m 28.87 27.51 41.37 34.34 41.38 41.23 41.38 38.78

compared with the simulation result (b) for each design.

As we can see from this table, the straightforward design in Fig. 2.2 has the worst per-
formance in terms of analytical results and simulation results. Due to the error propagation
problem, the simulation results are even worse than the analytical results. It is seen that the
error propagation problem can be alleviated when DP-SNR increases at short cable channel.
This is because decisions at the output of the slicer are more reliable when the decision point
SNR is higher. Ideally, the decision estimate should be the same as the transmitted symbol,
and the simulated DP-SNR approaches the analytical result. Similar observation can be
found in the design shown in Fig. 2.4 except that this design has better performance than
the straightforward design. The DP-SNR improvement is mainly because the non-causal
FEXT can be properly considered in this design. However, due to the incorrect tentative
decisions, the simulation results are still worse than the analytical results as we can see from
Table 2.2. Specifically, in terms of the simulation results for 100m channel model, the first
two designs can not meet the minimum DP-SNR requirement, 23.8dB [8]. However, in the
proposed design I (Fig. 2.7) and II (Fig. 2.8), the simulation results are 30.36 and 28.65
respectively for the channel model of the same length. Thus, about 6.6dB and 4.9dB SNR
margin [12] can be achieved. The significant improvement in terms of simulated DP-SNR

verifies that the proposed designs can remove the non-causal FEXT effectively; in addition,
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tentative decisions at the output of the FFE filter are more reliable compared with the de-
sign in Fig. 2.4. It is also found that the SNR margin is larger for shorter channel models.
Compared with the proposed design I, the performance degradation in terms of simulation
results in proposed design II is because an FIR filter is used to approximate an IIR filter in

the FEXT canceller.

2.5 Conclusion

In this chapter, we have presented one novel approach to deal with FEXT interferences in
the application of high speed Ethernet systems. The proposed approach is based on the
concept of noise cancellation. By overcoming the limitations in the prior techniques on
FEXT cancellation, a new feedforward FEXT canceller with TH precoding is developed. In
order to speed up the receiver in the proposed design, a modified design is also developed
by eliminating the feedback loops in the receiver. Compared with the traditional FEXT
cancellation approaches, the proposed FEXT canceller can deal with the non-causal part
of FEXT, and thus can achieve better cancellation performance. Due to the use of the TH
precoders, the error propagation problem is also alleviated in practice. Detailed simulations
are performed under Cat-6 UTP channel environment to verify the effectiveness of proposed

designs in the 1I0GBASE-T application.
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Chapter 3

MIMO Equalization and
Cancellation for Ethernet

Transmission

3.1 Introduction

In previous chapter, we have presented several approaches for FEXT cancellation in multi-
pair wireline communication systems, such as 10 Gigabit Ethernet over copper (10GBASE-
T). From those approaches we discussed, it is noticed that equalization is performed in-
dividually for each channel and FEXT is treated as noise to be cancelled at the receiver
side. However, FEXT inherently contains information about the symbols transmitted from
the remote transmitters, and thus it is better to exploit this information to facilitate signal
recovery rather than simply cancel it as background noise.

In this chapter, we propose to use multi-input multi output (MIMO) equalization tech-

nique to deal with FEXT interferences. By using the MIMO technique, FEXT is treated as
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signal, and a MIMO-DFE architecture is applied to jointly deal with both ISI and FEXT to
improve signal to noise ration (SNR). Considering the received signal also suffers from echo
and NEXT interferences, two different arrangements of echo and NEXT cancellers based
on the MIMO-DFE architecture are also presented to explore better system performance.
However, the MIMO-DFE structure suffers from the error propagation problem. To elimi-
nate this problem in real applications, a new equalization scheme is proposed by combining
the MIMO equalization technique with the TH precoding technique. In the proposed de-
sign, four individual TH precoders are used in the transmitter to pre-equalize each channel
by removing the post-cursor ISI. At the receiver, a MIMO FFE filter is used to remove the
pre-cursor ISI and also exploit the FEXT signals. In addition, a partial MIMO FFE struc-
ture rather than a partial MIMO FBE structure is used to combat the residual post-cursor
FEXT. The proposed design complies with the current 10GBASE-T standard and is suitable
for real applications. Compared with traditional FEXT cancellation approaches discussed
in previous chapter, the proposed scheme inherits the advantage of MIMO equalization and
also alleviates the error propagation, thus can achieve better performance. Moreover, unlike
the general MIMO-DFE structure, the proposed architecture is easy to be pipelined for high
speed applications.

The remainder of this chapter is organized as follows. Section 3.2 describes the sys-
tem model of the I0GBASE-T transmission over UTP copper cables. In Section 3.3, the
general MIMO equalization scheme is applied and two different arrangements of echo and
NEXT cancellers are considered. Section 3.4 provides a computationally efficient method
for computing the optimum settings of the MIMO equalizers and cancellers, assuming that
the channel impulse response estimate and the noise characteristics are known. Section 3.5

presents the proposed equalization scheme which combines MIMO equalization technique
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with TH precoding technique to deal with FEXT. In Section 3.6, methods for reducing the
hardware complexity of the DSP transceiver are presented. In Section 3.7, the proposed
MIMO equalization scheme is compared with the FEXT cancellation scheme proposed in
previous chapter in terms of hardware complexity, convergence speed, and DP-SNR perfor-

mance.

3.2 System Model
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Figure 3.1: Block Diagram of the MIMO Channel for 10GBASE-T

Consider signal transmission path in Fig. 2.1, I0GBASE-T transmission system over 4
pairs of UTP can be viewed as a MIMO system, where a typical Category-6 UTP channel
is modeled as two 4 x 4 MIMO channels as shown in Fig. 3.1. In this figure, h; ; denotes
the MIMO channel impulse response from the ith input to the jth output with length v+ 1
and g, ,, denotes the echo and NEXT channel impulse response from the mth input to the
nth output with length [ + 1. Let z; denote the transmitted symbol sequence from the
ith far end transmitter and z,, denote the transmitted symbol sequence from the mth near

end transmitter, and n; denote background noise at the jth channel output. Then the jth
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channel received symbol sequence is given by

4 4
Yi=Y hij@zi+ > Gmj @ 2m +n; (3.1)
i=1 m=1
for j =1,...,4. where ® denotes convolution.

By grouping symbols from four received channels at time k into a column vector y(k) =

[y1(k) y2(k) y3(k) ya(k)]T, (3.1) can be expressed as

v l
y(k) =Y Hyx(k—7)+ Y Gpa(k —p) +n(k) (3.2)

7=0 p=0

where H; and G), represent 4 x 4 7th far end channel coefficient matrix and pth near end
channel coefficient matrix, respectively. The signals x(k — 7) and z(k — 7) correspond to
far end transmitted column vector and near end transmitted column vector at time index
k — 7, respectively. By stacking Ny successive channel output vector samples, (3.2) can be

expressed as in matrix form

y(k+Ny—1:k)=H -x(k+Ny—1:k—v)
+ Gk + Ny —1:k—1) (3.3)

+n(k—|—Nf—1 : k‘)
where y(k+ Ny —1: k) is a column vector with dimension 4Ny x 1, and it is defined as
yk+Np—1:k) &y (k+ Ny, —1) ... y (k)] (3.4)

Similar definitions are applied to x(k+Ny—1:k—v), z(k+N;—1:k—1),and n(k+N;—1:

k). In addition, matrix H and matrix G are both block Toeplitz matrices with dimension
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Ny x (Ny +v) and Ny x (Ny + 1) respectively.

Hy H ... H 0 ... 0
0 Hy H ... H, ... 0

H- , (3.5)
0 0 Hy H; H,
Gy G G, 0 0
0 Go Gy ... Gy ... 0

G = (3.6)
0O ... 0 Gy Gy ... @G

3.3 MIMO Equalization and Cancellation in Ethernet Sys-

tems

In this section, MIMO equalization technique is proposed to deal with FEXT interferences.
Information contained in the FEXT crosstalk is exploited by the MMSE based MIMO-DFE
structure to improve system performance in terms of decision point SNR. To achieve better
system performance, two different arrangement of the echo and NEXT cancellers based on
this MIMO equalization architecture are investigated. Simulation results are also provided

to demonstrate the advantage of the MIMO equalization technique.

3.3.1 Joint MIMO-DFE Equalization and Cancellation

Fig. 3.2 shows the block diagram of the proposed joint MIMO-DFE equalization and can-
cellation scheme. In this figure, the received signal y;(k)i=1.2.3.4 first goes through a MIMO

FFE which consists of 16 FFEs as shown in Fig. 3.3, to combat pre-cursor ISI and exploit
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Figure 3.2: Joint MIMO-DFE equalization & echo and NEXT cancellation

far end signal transmitted from FEXT channels. After FFE, echo and NEXT cancellers are
used to eliminate echo and NEXT interferences. These cancellers are implemented using
adaptive FIR filters with the inputs z;(k)i=1234. The architecture of the NEXT cancellers
is similar to echo cancellers except that the input signals to the NEXT cancellers are from
the other three transmitted signals at the near end. Instead of using FEXT cancellers, a
MIMO-FBE structure, which has a similar architecture as shown in Fig. 3.3, is used to deal
with post-cursor FEXT. Different from FEXT cancellers discussed in previous chapter, the
length of each feedback filter in the MIMO-DFE structure is much shorter.

Let N¢, Ny, Ny be the lengths of the feedforward filter matrix W, feedback filter matrix
B, and echo and NEXT cancellation filter matrix P, respectively. If we further assume echo
and NEXT cancellers have different numbers of taps with N, and N, respectively, then
N, £ max(Ne, N;). The objective is to choose W, B, and P to minimize mean square

error (MSE) over the four channels.
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Figure 3.3: Internal structure of a MIMO FFE filter

From Fig. 3.2, the error vector at time k of the four channels can be represented by

e(k) =B " x(k+ Ny —1:k—v) + P a(k+ Ny —1:k—1)
(3.7)
~ WHy(k+Np—1:k)

where,

H _
W = wgt owit o wlf ]
wlgl,l) w§1,2) w51,3) w§1,4)

w§4’1) - - w(4’4)
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B — [ 01xa, By Bf' ... BJ 0ixg }
= [ O1xA, BH O1xs, } J

P - [omp P PH 01, ]
= [ O1xn, B 015, ] ;

where B; and P, are 4 x 4 blocks similar to W;, and 0 is a 4 x 4 zero matrix. We also define
s1=Ny+v—Np—Ay—1and sy = Ny +1— N, — A, with the decision delays A, and A,
respectively.

Now the mean square error minimization problem can be formulated as

min.  E[|le(k)||?] = trace(Ree)

s.t. [ g? p” ] d=1 (3.8)

where ®H = [ } , and I'is a 4 x4 indentity matrix. Solving this optimization

I O1x(ny+n,)

problem, we get

Byt
| =Ry ®(@TR,®) ! (3.9)
Popt
Ry
H _ | gH /H Y -1
Wopt = [ Bopt Popt ] R Ry, (3.10)
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Ree,min = E[e(k)eH(k)]

— H _ H _ _
= [B P t}Ra{Bopt Popt}

opt op:
= (@"R @) (3.11)
1
MSE,in = Ztrace(Re@mm) (3.12)

where Ra = QYRQ, and Q is a constant matrix.

B I L e

—RZyR;z}RyZ R, — RZyR;leyz
Since the matrix Ra in (3.9) has dimensions 4(N, + N, + 1) x 4(N, + Np, + 1), Cholesky
factorization would generally need O[64(N,+ N, +1)3] operations. By using fast algorithms
in [25], these computations can be performed efficiently in O[16(N, + N, + 1)?] operations.
However, we note that the computational complexity required for fast Cholesky factorization
depends on the total number of taps in feedback equalizers and echo and NEXT cancellers.
Hence, for cancellers with a large number of taps, the computation of the optimal tap
coefficients will be expensive. To deal with this problem, we provide an efficient method to

calculate those optimal settings of the MIMO equalizer and cancellers in Section 3.4.

3.3.2 Separate MIMO-DFE Equalization and Cancellation

In Fig. 3.2, the echo and NEXT cancellers and MIMO-DFE are jointly adapted to minimize
mean squared error E(e?), where echo and NEXT cancellers are performed after FFE. One
problem associated with this structure is that the FFE filtering will affect echo and NEXT

channel characteristics, i.e., channel length or amplitude, especially when FFE filters are
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Figure 3.4: Separate MIMO-DFE equalization & echo and NEXT cancellation

very long, which will result in long echo and NEXT cancellers. To solve this problem,
consider the structure in Fig. 3.4, where echo and NEXT cancellers are implemented before
FFE. In this arrangement, cancellers and the MIMO-DFE are independently adapted to
minimize E(e?) and F(e?). However, for given echo and NEXT cancellers, the optimal
echo and NEXT cancellers in the sense of minimizing E(e?) may not be the one that also
minimizes E(e?). In other words, increasing the length of the echo and NEXT cancellers in
this case does not necessarily reduce E(e?) as desired. Through simulations, it was found
that separate minimization structure has 0.1 ~ 0.4dB gain over jointly adapted structure
with same canceller length under different channel models. Hence, it can be stated that
in UTP cable channel, with the same echo and NEXT complexity, the jointly adapted

structure is not necessarily superior to the separately adapted structure.
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3.3.3 Simulation Results

In this section, we apply the proposed approaches to the CAT-6 UTP channels with different
cable length, 7.e., 100m and 55m. All these channel models can be obtained from IEEE
802.3an 10GBASE-T Study Group [9].

In order to present a fair comparison, the parameters used in the simulation for tradi-
tional equalization scheme as shown in Fig. 2.2 and proposed MIMO equalization scheme

are given in Table 3.1.

Table 3.1: Parameter settings

Traditional equalization | MIMO equalization

(SISO) (MIMO-DFE)
FFE taps 64 64x4
DFE taps 32 32x4
FEXT taps 200x3 0
Echo taps 500 500
NEXT taps 400%3 400x 3
Total taps 2396 x4=9584 2084 x4=8336
Modulation PAM-16
AWGN —150dBm
TX Power 5dBm

Table 3.2 compares the performance of the traditional equalization scheme based on
FEXT cancellation and the proposed MIMO equalization based on MIMO-DFE structure.
We see the proposed MIMO equalization technique has an obvious SNR gain over traditional
scheme with less complexity for different channel modes. Especially for short cable, by using
the proposed scheme, we can have much more SNR gain over the traditional approach. This
is because the FEXT channel attenuation is proportional to the cable length. FEXT signals
in short cables will be stronger than that in long cables. In this sense, MIMO technology
will get more benefit from the FEXT signal.

Another interesting result is that separate adapted structure has 0.1~0.4dB gain over
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jointly adapted structure with same canceller complexity in different channel models. Hence,
it can be stated that in UTP channel, with the same echo and NEXT complexity, the jointly

adapted structure is not necessarily superior to the separately adapted structure.

Table 3.2: Decision point SNR for different schemes (dB)

CAT®6 Traditional SISO MIMO equalization with DFE
equalization scheme | Joint equalization | Separate equalization
and cancellation and cancellation
Measured 100m 20.9 29.5 29.9
Measured 75m 25.7 37.0 37.1
Measured 55m 28.1 41.2 41.4

3.4 Computation Method for MIMO equalizers and Can-

cellers

3.4.1 Background

To set the optimal tap coefficients of the equalizers and cancellers in a MIMO system, one
straightforward approach is to recursively compute the tap coefficients using adaptive algo-
rithms such as least mean square (LMS). However, the recursive LMS adaptation of these
equalizers and cancellers may take millions of iterations to converge to the optimal solution
on a typical Category-6 UTP channel. Much faster convergence can be achieved using RLS
algorithm, but the higher computational cost is prohibitive in real applications. Another
indirect approach is to compute the tap coeflicients, in MMSE sense, based on the channel
estimates [23]. In this approach, the knowledge of the channel impulse response, as well as
the noise characteristics are required. In addition, a computationally efficient approach is
also needed to compute the optimal settings of the MIMO equalizers and cancellers.

Previous studies on efficiently computing the tap coefficients of the equalizers are mostly
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based on the traditional finite-length MMSE-DFE structure. In [23], Cholesky factorization
is applied to carry out the involved matrix inversion efficiently. By exploiting the struc-
tured matrices, a generalized Schur algorithm for fast Cholesky matrices decomposition
was provided in [24] to reduce the computational complexity in both feedback and feedfor-
ward filters computation. Recently, another efficient approach is proposed to achieve faster
computation by identifying the relationship between the feed-forward equalizer computa-
tion and fast recursive least squares (RLS) adaptive algorithms, and treating the feedback
equalizers computation as a convolution operation [26].

Although these methods can be easily extended to the general MMSE-DFE tap com-
putation in MIMO channels [25,27], they may not always be computationally efficient for
computing the optimal coefficients of the MIMO equalizers and cancellers in the cases
where the cancellers have a larger number of taps than the feed-forward equalizers. By
using Al-Dhahir’s method [25], the inversion of an embedded correlation matrix will be
computationally intensive since the size of the matrix is related to the maximum number
of taps in echo cancellers and NEXT cancellers, as shown in the following section. In addi-
tion, the number of taps in echo cancellers and NEXT cancellers need not be same in real
applications. Thus, applying the efficient method in [27] is also not straightforward.

In the following, we present a new computationally efficient approach for computing
the optimum settings of the MIMO equalizers and cancellers for 10Gbase-T, assuming that
the channel impulse response estimate and the noise characteristics are known. This new
method is exact and applicable to cases where echo and NEXT cancellers have different

lengths. Compared with Al-Dhahir’s method, it has lower computational complexity.
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3.4.2 Fast Computation Method

In this section, a computationally efficient approach for computing the optimum settings of
the MIMO equalizers and cancellers is presented. The basic idea is to reduce the dimension
of matrix required for Cholesky factorization. This can be achieved by decomposing the
original optimization problem in (3.8) into four separate/independent optimization prob-
lems, each with smaller size. Solving each optimization problem is computationally efficient.
Thus, the overall computational complexity will be significantly reduced.

The minimization problem in (3.8) can be written as:

min. E[|le(k)||*] = trace(Ree)
= Elei(k)*] + Elea(k)?] + Eles(k)?] + Elea(k)?]

s.t. [ g7 p” ] ® =1 (3.13)

where e;(k), (i =1,2,3,4) is the error signal for each corresponding channel. To show that
this problem is equivalent to minimizing each of the mean square error for each channel, we

rewrite (3.7) as:

3 ~ x(k+Nf—1:k—v)
o(k) = [BH PH]' Wy (s + Ny —1: k)
2(k+ Ny —1:k—1)
= Afs-WHy(k+N;—1:k) (3.14)

x(k+Np—1:k—w)
where AH = [ B p? ], and s = / . Each element of e(k) is

z(k+Nf—1:k-1)
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given by

where AWH and wOH represent the ith row of A and W | respectively. Then, we have

Eleell] = (WOH _ AOHR Rl)R, (WOH _ AOHR Ry

(]

+ ADH(R,, — Ry R, [ Ry )AL,

The goal is to minimize the total MSE, E[||le(k)||%], with respect to A®) and W ; =
1,2, 3,4. Since there is no constraint on W, we can first minimize the total MSE with respect
to W assuming A is fixed. It is easy to see that Ele;ef](i = 2,3,4) is independent
of WM and minimizing the total MSE with respect to wo g equivalent to minimizing
the E[ele{i | separately. Thus, we get the optimal coefficients of the feed-forward filters

corresponding to channel 1 as follows:

w®

opt

H .
= AVIR R (3.15)
then the minimum E[e;el!] (with respect to W) turns out to be

Eleref’) = ADH(R,, — Ry, R, | Rys) AW (3.16)
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similarly, we have

Elesell] = A@H(R,, — Ry R, IRy ) AP (3.17)
Elesef] = AOH(R,, — Ry R, 'Ry )AB) (3.18)
Elesefl] = AWH(R,, — Ry R, 'Ry ) AW (3.19)

Now we minimize the total MSE with respect to AW As before, minimizing the total MSE

with respect to A is equivalent to minimizing each Ele;ef] only. Therefore, we can solve
the original problem by minimizing each of the E[e;ef].

For minimizing each of the E[e;el’], the problem size is greatly reduced. As an example,
we solve the optimization problem corresponding to E[ejel!] minimization. We first write

e1(k) as

e1(k)=z1(n — Ap) — (W1y1 — B1x1 — P1721)

=z1(n— Ap) — (W1y1 — A17s1) (3.20)



3.4 Computation Method for MIMO equalizers and Cancellers 53

where Ay, is the decision delay for channel 1, and W1, B1 and P1 are all column vectors,

lI>

[I>

lI>

lI>

[I>

lI>

(1>

W(l,l)H W(Q,l)H W(3,1)H W(4’1)H :|

COR ) (i.d)

H

pUH p@ELHH RBEBLHH pHLH :|
I . . .. .. H
()l b%ﬂ]
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y1l, x1 and z1 are also column vectors,

H 2
y]_ = y(lvl)H y(271)H y(371)H y(471)H
x17 & | .ODH L@HH LBDH L@0H
z17 2 | ,AH LeDH BVH ,4)H
xn—Abl—l yn
(4,5) (4.4)
N e T Y
(4,5) (4,5)
L xn—Abl—Nb | L yTL—Nf+1
(i,1) (i,9)
Zn Ae1—1 anAwlfl
(i,3) (,9)
Z(Z’Z) A Zn—Ael—Z 7 Z(i’j) A Zn—Azl—Q
) (i,3)
L anAelfNe | | anAxlsz ]

To minimize E[ejell] from (3.20), the well-known solution is given by [84],

W1

BL | =®7' (3.21)

P1
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where

yl

H
® = FE x1 {yl x1 zl}
zl

yl
0 = FE x1 :L‘l(k'—Abl) . (322)

zl

Finally, the optimum taps of the equalizers and cancellers corresponding to the channel 1

can be computed as,

w1 &0,

Bl | = | -RE, w1 (3.23)

P1 -R}, W1
where

61 = E[ylai(k — Ap)l, (3.24)
and

_ H H
P = Rylyl - RylZlRylzl - Ry1x1Ry1x1- (3-25)

Here, we assume the input vectors x and z are ¢.i.d with unit power in our derivation.
We see that ®; has dimension 4Ny x 4Ny, which only depends on the length of the feed-

forward filters. Thus, the size of the matrix required for Cholesky factorization is reduced
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compared with 4(Ny+Np+1) x 4(Np+ Np+1) in (3.9). We also note that no multiplications
are needed to compute (3.24) and form the the block Toeplitz matrices Ry1,1 and Ryix1

in (3.25). Therefore, computing (3.23) requires a total number of

2(4Ny)? + 4Ny (Ne + 3N;) + 16Nf(Np) + 16N7 (v — 1)

+4N?(Ne — 1) + 12N3(N, — 1) + 16N (N, — 1)

multiplications. Assuming that the complexity is dominated by the multiplication oper-
ations, Fig. 3.5 shows the complexity comparison between Al-Dhahir’s and the proposed
method. Fig. 3.6 shows the computational reduction due to the proposed approach com-
pared with Al-Dhahir’s method. It can be observed that the proposed method can achieve
substantial computational savings of 63.8% (where, Ny is the length of feed-forward MIMO
equalizer; Np = 32 is the length of the feedback matrix filter; N, = 500 is the length of
Echo cancellers; N, = 400 is the length of NEXT cancellers; and direct MIMO channel &

crosstalk channel have lengths v = 1000 & [ = 1000, respectively).

3.5 MIMO equalization incorporated with TH precoding

In previous Sections, we have demonstrated the advantage of MIMO equalization technique
in the application of 10GBASE-T. However, one problem associated with MMSE-DFE
structure is catastrophic error propagation, which degrades system performance signifi-
cantly when input SNR is very low. In addition, the feedback loops inside the MIMO-DFE
architecture limit the high speed implementation of the receiver.

In this section, a new equalization scheme is proposed to deal with FEXT by com-

bining MIMO equalization technique and TH precoding technique. Compared with tradi-
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tional FEXT cancellation approaches, the proposed scheme inherits the advantage of MIMO
equalization and also alleviates the error propagation, thus can achieve better performance.
However, different from traditional MIMO-DFE structures presented in Section 3.3, the
proposed scheme complies with the current 10GBASE-T standard and is also suitable for

high speed implementation by completely removing the feedback loops in receivers.

3.5.1 A Straightforward MIMO-THP Structure

By combining the TH precoding technique with the general MIMO equalization technique,
we obtain a straightforward design as shown in Fig. 3.7, where the feedback part of the
DFE structure is implemented at the transmitter [42]. In this figure, x(k) denotes far
end transmitted vector. Due to the TH precoding, the effective transmitted vectors going
through the physical channel turn to be t(k) and z(k) from far end and near end transmit-
ters, respectively. It should be noted that B(z) represents a MIMO-TH precoder, which is
implemented at the transmitter side to pre-equalize the transmitted symbols. The detailed
MIMO-TH precoder structure for one pair is shown in Fig. 3.8. It consists of four feed-
back filters with the input of the effective transmitted signals t(k) and a nonlinear modulo
device to limit the output dynamic range. At the receiver side, different from MIMO-DFE
structure discussed in previous Section, MIMO-FBE is not needed any more due to the TH
precoding. To recover the transmitted signals, a modulo operation is needed before the
decision device.

However, this straightforward design is not compatible with the current 10GBASE-
T standard [11], where only four separate TH precoders are required for each channel.
Besides, the high speed design of the MIMO-TH precoder is still a challenging problem.
The existing high speed design of the TH precoder in [29] is only based on single-input

single-output (SISO) channel.
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3.5.2 Proposed MIMO Equalization Incorporated With TH Precoding

To develop a transceiver architecture complying with the IEEE 802.3an standard while
maintaining the same system performance as the design in Fig. 3.7, we propose to retain
four SISO TH precoders at the transmitter side and implement the cross-channel pre-
equalizers at the receiver side. The block diagram of the proposed architecture is shown
in Fig. 3.9. In this figure, four individual TH-precoders are used at the transmitter to

pre-equalize each channel by removing the post-cursor ISI. At the receiver, a MIMO FFE
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filter is used to remove pre-cursor ISI and exploit the FEXT signals. In addition, a partial

MIMO-FBE filter is used to combat the residual post-cursor FEXT. The detailed structure

of the partial MIMO-FBE is shown in Fig. 3.10. It contains 12 cross feedback filters, four

nonlinear modulo devices and slicers.
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Feedback loop

w0 e o Y
#0 T
q,(k) TR ALY
q,(k) i (k- A)

mod (2M) T

— > stands for feedback filter

d

Figure 3.10: Internal structure of the partial MIMO-FBE

In Fig. 3.10, it should be noted that the inputs to these feedback filters are not easy
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to obtain due to the TH precoding, which changes the transmitted signal x;(k) to t;(k).
In addition, the feedback loops inside the partial MIMO-FBE filter limit the high speed
implementation of these filters. To solve these problems, we develop the proposed designs
as shown in Fig. 3.11 and Fig. 3.12, respectively.

Fig. 3.11 shows the detailed structure of the proposed MIMO equalization scheme for
one pair in a transceiver. Compared with the design in Fig. 2.7, the proposed design here
uses MIMO FFE filters W 1(2)i=1,2,3,4 to jointly process the IST and FEXT such that both
pre-cursor ISI and non-causal FEXT can be effectively mitigated. Thus, the inserted bulk
delay D is not necessary any more. In addition, if considering the output of the MIMO
FFE at pair 1, we see that the tentative decision d; (k) based on d; (k) will be more reliable
compared with the design in Fig. 2.7. This is because non-causal FEXT has been removed
by MIMO FFE filters such that the signal at the output of the MIMO FFE, d,(k), will
only contain z (k) + v1(k) +n1(k) and residual post-cursor FEXT interferences. To further
combat the residual post-cursor FEXT interferences, a partial MIMO feedforward filter
(containing 12 cross filters) is used with the input signal Ei(k‘)i:zg, 4

If following the similar derivation in Section 3.3, we can define the average DP-SNR

as [25]

(3.26)

—A—trace(Ryt)
SN Raug = 1010gy, (WN” ) ,

itrace(Ree,mm)
where Ry is the (L + Np) x (L + Np) auto-correlation matrix of signal ¢;(k), and Ree min 18
the minimum decision error auto-correlation with dimension 4 x 4.

Fig. 3.12 shows a modified design of the proposed MIMO equalization scheme. It is
designed for high speed applications by eliminating the IIR filter #(Z) after Jl(k‘) such that
all units in the receiver do not contain any feedback loops. Thus, pipelining techniques can

be easily applied to speed up the operation [85].
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Figure 3.12: Proposed MIMO equalization scheme II with TH precoding

3.5.3 Simulations and Discussions

In this section, simulation results are presented to demonstrate the effectiveness of the

proposed designs in the 10GBASE-T application. We focus on the proposed scheme on
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MIMO equalization with TH precoding discussed in Section 3.5. The comparisons between
the proposed design and its counterparts are also performed.

Similar to methodology used in Chapter 2, we first determine the design parameters by
analyzing the theoretical result in equation (3.26). Instead of performing exhaustive search,
heuristic search is used to reduce the search space. In the analysis, Cat-6 UTP cable with
length 100m is used as the channel model, which can be obtained from the IEEE 802.3an
website [9].

Fig. 3.13 plots the DP-SNR performance versus the lengths of echo and NEXT can-
cellers. In this figure, the length of the MIMO FFE is L = 64, the length of the TH precoder
is Ny = 32, decision delay is A = 420, and the bulk delay is D = 0. In addition, the length
of each cross feedforward filter at the receiver is set as N, = 32. Compared with Fig. 2.9,
similar observations can be found.

Fig. 3.14 plots the the DP-SNR performance versus the lengths of the MIMO FFE and
TH precoder, and each curve corresponds to a fixed length of the TH precoder. In this
figure, N.. = 500, N, = 300, A = 420, D = 0, and N, = 32. The right side of the figure
illustrates the details of DP-SNR performance when the length of the MIMO FFE filter is
from 50 to 100.

Fig. 3.15 plots the DP-SNR performance versus the decision delay, and each curve
corresponds to a fixed length of the MIMO FFE filter. From Fig. 3.13 to 3.15, we can
determine the design parameters, N, = 500, N, = 300, L = 64, Ny = 15, and A = 420.

It is mentioned in Section 3.5, by applying the MIMO equalization technique, both pre-
cursor ISI and non-causal FEXT can be jointly mitigated by the MIMO FFE filters. Thus,
the bulk delay D is not necessary any more. To demonstrate this, the DP-SNR performance

versus the bulk delay is shown in Fig. 3.16. In this figure, each curve corresponds to a fixed
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Figure 3.13: The DP-SNR performance versus the lengths of echo and NEXT cancellers

N,. As we can see from the figure, the DP-SNR performance decreases as the bulk delay
D increases. Note that for larger N, (i.e., greater than 40), the optimal D is not 0, and
the DP-SNR can be improved by increasing D a little bit. However, the performance
improvement is less than 0.05dB, which is very small. Thus, the bulk delay is not suggested
in the proposed MIMO equalization scheme.

Table 3.3 summarizes the design parameters we choose according to the analysis above.
Based on these parameters, the same simulation settings in subsection 2.4.3 can be applied
to evaluate the performance of the proposed design.

Table 3.4 gives the performance comparison for different designs discussed in Section
3.5. In this table, each design is evaluated based on Cat-6 measured channel models with
different lengths: 100m, 75m, and 55m respectively. The analytical result (a) is also listed
to be compared with the simulation result (b) for each design.

First, compared with the results of the straightforward design listed in Table 2.2, the

results of different schemes shown in Table 3.4 clearly demonstrate the advantage of using
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the MIMO equalization technique. Consider the results in the traditional MIMO-DFE

structure (Fig. 3.4), we see that the error propagation problem inherent in this structure
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Figure 3.16: The DP-SNR performance versus the bulk delay

is alleviated. Especially, for short cable cases, the simulation results are very close to the
analytical results. This indicates that the error propagation is not severe in high DP-SNR
cases. For the MIMO-THP scheme shown in Fig. 3.7, the error propagation problem is
eliminated by using the TH precoding. As we can see from Table 3.4, the MIMO-THP
structure has better performance than the MIMO-DFE structure for 100m Cat-6 case.
However, for high SNR cases (i.e., 75m and 55m), the simulated DP-SNR is a little bit worse
than the MIMO-DFE structure. This may be due to the effect of the estimation errors in
the TH precoders [38,40]. The proposed design IIT (Fig. 3.11) is obtained by combining the
MIMO equalization technique and the TH precoding technique, and it can achieve similar
performance as its counterparts as we expected. Compared with the proposed design III,
the performance degradation in terms of simulation results in the proposed design IV (Fig.

3.12) is because an FIR filter is used to approximate an IIR filter in the cross feedforward
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Table 3.3: Design parameters for the proposed MIMO equalization

Parameter ‘ Values
Decision delay 420
Inserted bulk delay (D) | 0
MIMO FFE taps 64x16
THP taps 15x4
Cross-DFE taps 32x12
Echo canceller taps 500x4
NEXT canceller taps 30012
Total taps 7068

Table 3.4: Average decision-point (DP) SNR during the steady state, AWGN=-150dBm/Hz,
Bulk delay D=0, N, = 32

Average DP-SNR (dB)

CAT-6 UTP MIMO-DFE | MIMO-THP | Proposed design III | Proposed design IV
Cable (Fig. 3.4) (Fig. 3.7) (Fig. 3.11) (Fig. 3.12)

(@ [ ®) | @ [ ®) [ (& ] (b) (a) | (b)
Measured 100m | 30.71 | 29.95 | 30.72 | 30.25 | 30.72 30.64 30.72 29.57
Measured 75m | 36.94 | 36.93 | 36.95 | 36.91 | 36.95 36.94 36.95 36.85
Measured 55m | 41.12 | 41.12 | 41.13 | 41.10 | 41.13 41.10 41.13 40.95

filter at the receiver.

3.6 Hardware Complexity Reduction Scheme

When calculating the total number of taps in Table 2.1 and Table 3.3, we note that com-
plexity of echo and NEXT cancellers accounts for about 79% in the whole transceiver. If the
complexity of echo and NEXT cancellers is reduced, the overall complexity of the transceiver
will be decreased.

In the following, we take the proposed MIMO equalization scheme in Fig. 3.12 as a
design example to present our methods. Consider Fig. 3.13, the DP-SNR performance
increases slowly when the length of the echo canceller N, increases from 400 to 600. How-

ever, when N.. goes over about 650, there is about 0.5dB performance improvement. To
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Table 3.5: Design example for complexity reduction

Parameter Values in | Example | Example
(Table 3.3) I I

MIMO FFE taps 64x16 64x16 70x16
THP taps 15x4 15x4 20x4
Cross-DFE taps 32x12 0x12 0x12
Echo canceller taps 500 x4 670x4 420x4
NEXT canceller taps 30012 170x12 130x12
Total taps 7068 5804 4440
Reduction rate (%) 0 18 37.2
Simulated DP-SNR (dB) 29.57 29.60 26.81

maintain the same performance in the original settings shown in Table 3.3, we can reduce
the length of the NEXT canceller to counteract the 0.5dB performance gain. Table 3.5
gives the proposed design settings shown in Example I column. Since the number of NEXT
cancellers is three times as many as that of echo cancellers, reducing the length of each
NEXT canceller can lead to the overall complexity reduction. It is shown in this table, the
total number of taps is reduced by 18% while maintaining the same performance as the
original design. It is noted that the simulation results are obtained based on Cat-6 100m
channel model. Compared with the minimum DP-SNR requirement 23.8dB suggested in
the 10GBASE-T system, the performance gain in the proposed design can be used to fur-
ther reduce the complexity of echo and NEXT cancellers. The proposed design settings are
shown in Example II column. It can be seen that 37.2% overall complexity reduction can
be achieved while meeting the design requirement with 3dB SNR margin. The savings will

be even greater if lower SNR margin is allowed.
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3.7 MIMO Equalization with THP versus FEXT Cancella-
tion

In this subsection, the proposed MIMO equalization scheme with TH precoding is compared
with the proposed FEXT cancellation scheme presented in Chapter 2 in terms of hardware
complexity, convergence speed, and DP-SNR performance.

We first consider the hardware complexity of the proposed designs based on these two
different approaches. In the comparison, the total number of filter taps in a transceiver is
used as a measure. From Table 2.1 and Table 3.3, we can calculate the the total number
of filter taps for the two different approaches as 7116 and 7068, respectively. As we can
see, the proposed MIMO equalization schemes (Fig. 3.11 and 3.12) have lower hardware
complexity although the complexity reduction is not much.

We also compare the convergence speed of the proposed designs based on two different
approaches by applying the LMS algorithm [84]. The simulation is performed based on
Cat-6 100m channel model. The learning curves of the corresponding designs during the
equalizer training stage are plotted in Fig. 3.17. In this figure, each learning curve is
obtained by averaging the results over 80 independent experiments. From the figure, we see
that the convergence speed of both proposed approaches is similar. Since the ideal training
sequence is assumed during the simulation, both can converge to the theoretical limit. For
the purposes of comparison, the learning curve of the traditional design in Fig. 2.2 is also
plotted in the figure.

Finally, we compare the performance of the proposed designs based on these two ap-
proaches. According to the analytical results in Tables 2.2 and Table 3.4, we see that
the proposed designs I and II based on FEXT cancellation approach have slightly better

performance, which may result in higher hardware complexity compared with the proposed
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designs IIT and IV. However, in terms of the simulation results, the proposed designs III and
IV exhibit better performance than the FEXT cancellation schemes because the difference
between the analytical results and simulation results in both designs is smaller. Specifically,
compared with the results for proposed design II in Fig. 2.8, the proposed design IV in
Fig. 3.12 has better DP-SNR performance even though its analytical results are worse.
This occurs because the tentative decision obtained from the proposed MIMO equalization
schemes is more reliable than that obtained from the proposed FEXT cancellation schemes.
In addition, we need to note that the inserted bulk delay in the proposed FEXT cancellation

schemes will increase the latency of the decision output.

Comparison of learning curves during equalizer training stage
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Figure 3.17: Comparison of the learning curves for different designs during the training
stage
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3.8 Conclusion

In this chapter, we have presented to use MIMO technique to deal with FEXT as sig-
nal rather than background noise in 10GBASE-T transceiver design. First, a classical
MIMO-DFE based receiver architecture is developed to demonstrate the advantage over
the traditional receiver design, where FEXT is cancelled as noise. It is shown that the pro-
posed architecture overcomes the limitation of the traditional schemes and achieves a better
SNR performance and lower receiver complexity. It is also noted that, with the same echo
and NEXT complexity, the joint equalization and cancellation structure is not necessarily
superior to the separate equalization and cancellation structure in the MMSE sense.

We have also presented a new method to compute the optimal coefficients of the MIMO
equalizers and cancellers in 10Gbase-T channel. The proposed approach is exact and ap-
plicable to the general MIMO DFE computation as well as such cases where echo and
NEXT cancellers have a large number of taps with different lengths, which usually make
Al-Dhahir’s method inefficient. It is shown that, by using the proposed method, we are able
to achieve about 63.8% computation cost reduction in terms of multiplication operations
compared with the existing methods. This computation speedup also makes the analysis
easier when Alien crosstalk such as ANEXT is considered in the channel model.

Although the advantage of the MIMO equalization technique has been demonstrated, the
classical MIMO-DFE based receiver architecture suffers from error propagation problem in
real applications. To eliminate this problem, a MIMO-THP structure is proposed by simply
moving the feedback part of the MIMO-DFE to the transmitter. However, the MIMO-
THP structure is not supported in the 10GBASE-T standard, where only four separate
TH precoders are required for each channel. Besides, the high speed implementation of

the MIMO-TH precoder is still difficult. Thus, a new equalization scheme is proposed by
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combining the MIMO equalization technique and TH precoding technique to deal with both
ISI and FEXT. Different with the existing works, the proposed designs inherit the advantage
of MIMO equalization and also alleviate the error propagation. In addition, they comply
with the 10GBASE-T standard and are also suitable for high speed application because
feedback loops in the receiver is completely removed so that pipelining techniques can be

easily applied.
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Chapter 4

Design of Cost-Efficient Echo and

NEXT Cancellers

4.1 Introduction

In many multiple wireline communication systems, such as digital subscribe line (DSL)
and gigabit Ethernet systems, the received signal not only suffers from signal attenuation
and intersymbol inference (ISI), but also suffers from echo and near end crosstalk (NEXT)
interferences. Especially in 10 Gigabit Ethernet over copper (10GBASE-T) system, the
full duplex baseband transmission is performed over four pairs of unshielded twisted pair
(UTP) copper cables, where IST is a significant impairment against reliable high speed digital
transmission, and each received signal is also corrupted by echo from its own transmitter
and NEXT interferences from three adjacent transmitters. To meet the desired throughput
(10Gbps) and target BER (107!'2) requirements, echo and NEXT noise cancellation are
expected to be about 55dB and 40dB, respectively [6-8].

To counter the effect of echo and NEXT interferences, echo and NEXT cancellers are
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widely used in many communication systems. Generally, echo and NEXT cancellers are im-
plemented by using finite impulse response (FIR) filters in digital domain, where the replica
of the echo and NEXT estimated by the FIR filters is subtracted from the received noisy
signals. This traditional approach, however, will lead to a significant hardware complexity
if the number of taps in the FIR filters is large. For example, in the typical 10GBASE-T
application [7], one echo canceller and three NEXT cancellers are needed for each pair of
cables. Since there are four pairs of cables (four channels) in 10GBASE-T, a total of four
echo cancellers and twelve NEXT cancellers are needed at the receiver end. Furthermore,
To achieve high performance noise cancellation, each FIR based echo and NEXT canceller
requires hundreds of taps [7], and the total number of taps in these cancellers is around
5600~6800. Straightforward implementation of these cancellers will consume large silicon
area and power consumption. Thus, it is of great interest to develop techniques to reduce the
hardware cost of these cancellers without degrading the performance of noise cancellation.

Reducing the complexity of the FIR based noise cancellers can be achieved in many
ways. One strategy to reduce the cost of these cancellers is to reduce the computational
complexity at algorithm level. It is known that Fast Fourier Transform (FFT) algorithm is
efficient in filter computation. FIR filtering operation in time domain can be implemented in
frequency domain. However, new issues such as block processing latency, increased memory
and increased precision, associated with this technique make it unsuitable for high speed
Ethernet transmission systems such as the 10GBASE-T [33]. Another effective way is to
reduce the number of taps used in these noise cancellers, as the hardware cost increases with
the number of taps. In [34], a shortened impulse response filter (SIRF) was used to reduce
the number of taps required in echo and NEXT cancellers; hence the overall complexity

can be reduced. Some work on exploiting the sparsity of the echo channel impulse response
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has been addressed to find the most significant (active) taps (with large magnitude) which
contribute most in the echo noise cancellation [43,44]. Since the number of those active
taps are much less compared with the original filter taps, reducing the complexity of the
echo canceller is possible. In [57], adaptive IIR filter was proposed for design of echo
cancellers. The advantage is that the IIR filter structure has less number of taps than the
FIR filter structure, especially when the poles of the echo channels are close to the unit
circle. However, the adaptive IIR filter usually suffers from problems such as instability
and slow convergence, which make them not widely used. Reducing the word-length used
to represent data in a VLSI system is also an effective way to reduce the overall complexity
of the system, as hardware cost increases with word-length. However, due to the use of TH
precoder in 10GBASE-T [7], the inputs to echo and NEXT cancellers are no longer simple
PAM-M symbols but numbers uniformly distributed on [—-M, M). These make look-ahead
and pre-computation techniques difficult to apply [62,63]. Furthermore, the word-length
of these inputs needs to be long to achieve required noise cancellation. Thus, it is more
difficult to efficiently implement these cancellers in a 10GBASE-T Ethernet system [58].
This chapter approaches the problems of designing cost-efficient echo and NEXT can-
cellers in the application of I0GBASE-T Ethernet systems mainly from two different aspects.
In the first approach, the sparse characteristics of the echo and NEXT channel impulse re-
sponses is exploited to reduce computational cost of adaptive echo and NEXT cancellers.
Unlike previous work on exploiting the channel sparsity, the proposed scheme uses correla-
tion method to estimate the long sparse channel impulse response and identifies the active
taps based on a dynamic threshold. Instead of performing full size filtering operation, adap-
tive filtering operation in the proposed approach is only performed on a few active taps.

Hence, the overall complexity of echo and NEXT cancellers can be reduced. Furthermore, to
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avoid performance degradation due to the channel estimate errors in a slowly time-varying
channel, an efficient tap management algorithm is developed to keep track of those active
taps. An area efficient architecture is also presented to implement the proposed algorithm.
Simulation results show that, by using the proposed method in the gigabit transceiver de-
sign, we are able to achieve 50% and 29~66.7% computational cost reduction in terms of
multiplication during the initial training stage and steady stage, respectively.

In the second approach, a novel method based on word-length reduction technique is
proposed to reduce the hardware complexity of echo and NEXT cancellers. The proposed
design is derived by replacing the original input to the echo and NEXT cancellers with a
finite-level signal, which is the sum of the input to the TH precoder and a finite-level com-
pensation signal. Then this modified input signal is recoded to have shorter word-length
compared with the original input. Hence, the overall complexity can be reduced by using the
proposed method. To further reduce the complexity of these cancellers, an improved design
is proposed by exploiting the property of the compensation signal. Compared with the tra-
ditional design, the proposed echo and NEXT cancellers have exact input and do not suffer
from the quantization problem, and thus they are more suitable for VLSI implementation.
Complexity analysis shows that 22.08% hardware saving can be achieved compared with
the traditional design. In practice, echo and NEXT channels are slow-varying and adap-
tive cancellers are needed for noise cancellation. Directly applying the proposed method
to the adaptive filter design will lead to problems such as performance degradation and
slow convergence. To solve these problems, a modified design of adaptive echo and NEXT
cancellers is presented. It is shown that the overall hardware cost of adaptive echo and
NEXT cancellers can be reduced by about 10.82% without any performance loss.

However, the hardware cost reduction is mainly due to the hardware cost reduction of
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the filter part in these adaptive cancellers. To further reduce the overall hardware cost of
these adaptive cancellers, a new complexity reduction scheme is proposed for the weight
update part in these adaptive cancellers. The proposed scheme is general and can be applied
to multiple-input-multiple-output (MIMO) systems such that hardware cost of both echo
and NEXT cancellers can be reduced.

The rest of this chapter is organized as follows. In Section 4.2, the design of cost-efficient
echo and NEXT cancellers based on an adaptive tap management algorithm is presented in
detail, and simulation results are provided to demonstrate the applicability of the proposed
design to the 10GBASE-T application. Section 4.3 presents the low complexity design of
echo and NEXT cancellers based on word-length reduction techniques. In addition, the
design issues of adaptive cancellers by using the proposed method are discussed and a
modified design of the adaptive cancellers is presented to avoid the slow convergence during
the initial training stage. Section 4.4 presents a new complexity reduction scheme for the
weight update part in adaptive filters to further reduce the overall hardware cost of echo

and NEXT cancellers. Conclusion is provided in Section 4.5.

4.2 Adaptive Tap Management in Echo and NEXT Can-

cellers

In traditional echo and NEXT cancellers, to achieve the required noise cancellation, the
number of filter taps in the FIR-based cancellers is usually made as large as possible to
cover the overall echo and NEXT channel impulse responses. Implementing these echo and
NEXT cancellers with very large number of taps leads to a slow convergence speed as well
as a heavy computational load. However, considering the feature of two typical impulse

responses for I0GBASE-T echo and NEXT channels as shown in Fig. 4.1, we note that
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Figure 4.1: Typical echo and NEXT impulse response (Cat-6 UTP)

these channel impulse responses exhibit sparse behavior. For example, there is a short main
part with large magnitude variations followed by a long tail part of very small values. To
cancel the echo and NEXT interferences generated in this kind of channels, the resulting
FIR filter-based cancellers will exhibit similar property as their corresponding channels.
In other words, many taps are negligible with only a few significant or active taps which
effectively contribute to noise cancellation. Without allocating hardware at those inactive
taps, then significant complexity reduction of those echo and NEXT cancellers can be
achieved. However, the challenge is how to identify those active taps during the adaptation.

The problem of identifying active taps in sparse systems has been addressed in many
ways. One popular approach is known as proportionate normalized least mean square
(PNLMS) [44], in which the step size at each iteration was calculated from the last estimate
of the filter coefficients so that a larger coefficient received a larger weight update. Thus it

gave a fast initial convergence speed under sparse channels as well as an improved stability.
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In [45,46] an improved PNLMS was proposed to make the PNLMS algorithm also suitable
with non-sparse channels. However, the high complexity associated with both PNLMS and
IPNLMS algorithms makes them unsuitable for hardware implementation. Queue based
algorithms such as scrub taps waiting in a queue (STWQ) [47,48] can reduce the number
of computations required by considering the active taps only. The STWQ algorithm also
works well with correlated input data and can cancel multiple echoes. However, STWQ
often provides slower convergence than standard least mean square (LMS) [84] because its
queue based technique needs long time to identify all active taps when the queue length is
very large. More recently, the sparse partial (SP) update NLMS (SPNLMS) algorithm [50]
incorporates the MMax tap-selection [51] for the reduction of computational complexity.
Other approaches based on wavelet transform technique [52, 53] have been proposed to
achieve a faster convergence performance as well as a reduced computational complexity.
However, the inherent block delay introduced between the input and output makes them
unacceptable for 1I0GBASE-T application since the number of filter taps could be several
hundreds [7].

In this section, we present a new adaptive tap management algorithm to exploit the
sparsity of the echo and NEXT channels and also detail the corresponding hardware ar-
chitecture. First, a cross-correlation algorithm is briefly reviewed in Section 4.2.1. Section
4.2.2 describes a dynamic threshold rule based on energy cancellation level. Section 4.2.3
introduces a modified LMS algorithm with partial updating. Section 4.2.4 proposes an effi-
cient active tap management algorithm to keep tracking active taps. Section 4.2.5 presents
the hardware architecture of the proposed cancellers, as well as complexity analysis. Simu-

lations and discussions are provided in Section 4.2.6.
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Figure 4.2: Adaptive system identification model

4.2.1 Cross-Correlation Channel Estimation

According to [54,55], we first model the channel estimation problem as the adaptive system

identification problem as shown in Fig. 4.2. In this figure, H represents the unknown echo

and NEXT channel impulse, which needs to be identified using an adaptive FIR filter H

with length N. Here we note, H is a 4 x 4 matrix filter with element (hi,j)i:1...4,j:1...4, where

h; j denotes coefficients of echo and NEXT cancellers from i-th input to the j-th output,

x(k) is a 4 x 1 transmitted vector from the near end transmitter at the time index k, and

n(k) is also a 4 x 1 vector, denoting background noise at the time index k. Then we have

(4.1)
(4.2)

(4.3)

The optimal ﬂopt to minimize the mean square error (MSE) is given by Wiener solution
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[84]7

A~

Hoy = R, P, (4.4)

where R, is auto-correlation of input to the adaptive filters, and P is cross-correlation

between input vector x(k) and received signal y(k). Assuming the input signal z(k) is

2

2, we have Ry, = 1/02. Furthermore, according to [84], the

uncorrelated with variance o
cross-correlation P can be estimated using

P = Bbey" (k)] = 1 > (), (15)
=0

where input vector x has block length of N, which is determined by length of the adaptive
filters. M is the number of samples used to estimate the cross-correlation. The accuracy of

the estimation is related to M. Substituting (4.5) into (4.4), we get

which leads to the cross-correlation estimate.

4.2.2 Dynamic Threshold Rule

One straightforward method to choose active taps from estimated channel is based on their
magnitude. In [54], a fixed number of active taps, B, is pre-assigned, and the most significant
B taps is selected based on their absolute values. The choice of B is troublesome since the
channel is unknown and time-slow varying. Small B saves computation complexity at the
expense of performance; and large B maintains the system performance with the cost of

computation complexity. Thus, it is more attractive to use a variable threshold based on
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the channel estimate to dynamically identify those active taps.

In the following, we consider an echo impulse response with N coefficients
{9(0), ¢g(1), ..., g(N — 1)} to illustrate the proposed threshold rule. However, similar
methodology can be applied to NEXT cancellers. Before cancellation is performed, the

total echo energy can be defined as

E = Z g2(i). (4.7)

Then, the residual echo energy after performing echo cancellation can be expressed as

E'=7 g¢°(i), (4.8)

1€}

where €2 is a set of residual taps which contribute to the total echo energy. Suppose a dB

echo cancellation is required, we have the relation as
a=10-log(E) — 10 - log(E"). (4.9)
From (4.9), E' can be expressed as
E'=E- 1071 =3.E. (4.10)

According to the residual echo energy shown in (4.10), we see that once 3 is given, an energy
threshold will be automatically determined from the overall echo energy E. Furthermore,
we should note that this energy threshold can dynamically change with the time-varying

channel such that the number of active taps is not necessary to be fixed. By using this
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Figure 4.3: Active tap positions identified using (4.11)

threshold, the control signal for each tap can be defined as

1, ¢*() > F

Ci =

0, otherwise

In practice, it is expensive to evaluate the equation (4.10) and (4.11) since square operation

involved. Thus, a relaxed threshold is developed as

C; =

L,

0,

19(0)| > mean|g(i)| VN

otherwise

Fig. 4.3 shows the active taps identified by applying (4.11) to the echo and NEXT channels

shown in Fig. 4.1.
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4.2.3 LMS With Partial Updating

Consider the weight update equation in a LMS algorithm,

hij(k+1) = hi (k) 4+ pxi(k)ej(k), (4.11)

we see that for each sample time, updating these coefficients needs lots of computational
cost, especially when the length of the adaptive filter, IV, is very long. However, not all filter
coefficients need to be updated in the sparse channel. Once the active taps are identified, we
only need to update the filter coefficients on active taps, which will save a lot of computation
compared with the full-size updating on all adaptive filter taps since the number of active
taps is very small. During the period of tracking, group based method can be used when
channel varies slightly. For example, we can separate these coefficients into several groups,
and only one or two groups need to be updated to track the slowly time-varying channel at

each sample time.

4.2.4 Active Tap Tracking

Unfortunately, the cross-correlation method is not an accurate estimation unless the number
of samples is very large. Especially, when the input signal to the adaptive filter is not strictly
uncorrelated and channel is slow-varying, the cross-correlation method will provide more
errors, which needs to perform cross-correlation again. However, this extra computation cost
can be avoided by introducing an efficient active taps tracking scheme. During the process
of coefficients updating, we find some coefficients in the active set will be smaller than those
in inactive set which is due to either inaccurate channel estimate or slowly varying channel.
Based on the idea that larger taps contribute more than smaller taps, it is reasonable to

exchange the smallest coefficient in the active set and the largest coefficient in the inactive
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set. By doing this, the disadvantage of the cross-correlation method can be overcome, and
therefore the noise cancellation performance can be improved. In addition, the scheme can
be easily implemented in hardware by simply changing their tap control signals. Considering
there might be additional computation load due to the absolute comparison operation,
one solution to reduce the hardware overhead is using group-based method, which can be
combined with partial updating technique in practical application. The proposed algorithm

can be summarized as follows:

’ Proposed Algorithm: Adaptive Tap Tracking Algorithm ‘

Two Stages Process :
Step I. Initial training stage
a. Perform the cross-correlation method using M samples (M ~ 4N)
b. Identify active taps using the proposed threshold rule (4.11)
c. Set up the adaptive filter using the coefficient values estimated in Step L.a
d. Store the size of active taps
Step II. Tracking stage
a. Active tap tracking
1. At each iteration, evaluate the coefficients of all taps by groups
2. For each updated group:
find the max {|h;|}, ¢ € inactive set
find the min {|h;|}, j € active set
3. Exchange the index ¢ and j, and set h; =0
b. Partial updating
1. If there is no tap exchange, only adapt coefficients in active set
2. Else, perform partial updating by blocks

4.2.5 Hardware Architecture

In this section, a hardware architecture is developed to implement the proposed algorithm
described in the previous section and the complexity analysis of the proposed hardware
architecture is also provided.

Consider equation (4.6), and we see that it consists of a matrix correlation. Generally,
the matrix correlation can be implemented by 16 correlators with received data samples and

near end transmitted data symbols as inputs. The scalar terms in the equation (4.6) can be
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implemented using a shifter assuming that M is chosen appropriately to be the power of 2.
Suppose the channel to be estimated has length N, and then only N multiplication opera-
tions are needed at each iteration, compared with 2N multiplication operations needed in a
standard LMS algorithm. Since each correlator has N taps, implementing these correlators
separately will occupy large extra silicon area if N is very large. However, we note that the
adaptive tap tracking algorithm described in previous Section has two main stages, in which
correlation operation and adaptive filtering operation are time-divisible. Thus, we can use
the weight updating part of the adaptive filter to implement these correlators with the price
of only one multiplexer and one shifter. The proposed hardware architecture is shown in
Fig. 4.4, which only shows the proposed canceller architecture for one channel, cancellers
for other channels can be implemented in the similar way. From this figure, we note that
it is a modified N-tap standard LMS adaptive filter structure with extra control signals on
each tap. The tap control signals on filtering part determine which tap is active, and control
signals on updating part decide how to group the active taps needed to update. During the
initial stage, the channel estimate is computed by using cross-correlation method and then
stored in the registers in the weight updating part. Once the initial stage finishes, the filter
coefficients are selected by active tap control signals to perform filtering operation.
Consider Fig. 4.4, and we observe that at each iteration effective taps in the filtering
operation are only a few and most of them are inactive. Although those inactive taps are
disabled to minimize the power consume, they still occupy the silicon area. Since there
are 16 such noise cancellers with the same structure, a large amount of extra hardware
area is required. To further reduce the hardware area of the proposed architecture, we
develop a modified design as shown in Fig. 4.5. In this figure, we see that the number of

taps required in the filtering part is reduced at the expense of two extra routing networks.
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Figure 4.5: Area-efficient hardware architecture of the proposed noise canceller (II)
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However, it should be noted that if designed efficiently, the hardware overhead due to the
routing networks will be much less than hardware reduction due to inactive taps. Thus it
will provide us an area efficient design.

Assume the computational complexity is dominated by the multiplication and addition,
the proposed method will significantly reduce the computational complexity not only at
the initial convergence stage, but also at the steady and tracking stage. Thus, it is impor-
tant to reduce the overall power consumption of the gigabit transceiver. To demonstrate
the advantage of the proposed method, Table 4.1 gives the comparison of computational
complexity between the traditional LMS method and the proposed method at each sample
iteration. In this table, N represents the length of the estimated channel and L denotes the
size of the active tap set, and S is the number of groups when performing partial updating.
For example, in Table 4.1, traditional LMS method needs 2N and 2N multiplications at the
initial training stage and steady tracking stage, respectively. While the proposed method
(I and II), only needs N multiplications at the initial stage and N/S + L multiplications
at the steady tracking stage. Thus, significant multiplication cost can be saved, especially
when L is much less than N.

Table 4.2 shows the comparison of hardware complexity between the traditional LMS
method and the proposed method. In this table, we see that the proposed architecture II
has the smallest hardware complexity in terms of multipliers and adders, compared with

traditional LMS architecture and proposed architecture I.

4.2.6 Simulation Results

In this section, we apply the proposed method to different Cat-6 UTP channels with the
length of 100m. All these channel models can be obtained from IEEE 802.3an 10GBASE-T

Study Group [9]. In the simulation, we set the transmit power as 5dBm, additive white
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Table 4.1: Comparison of computational complexity

|

Computational complexity

|

Traditional LMS | Proposed architecture I | Proposed architecture 11
Multiplication 2N + (2N) N+ (N/S+ L) N+ (N/S+1L)
Addition 2N + (2N +1) 2N+ (N/S+L+1) 2N + (N/S+L+1)
comparator routing network
Overhead -/- multiplexer multiplexer
absolute evaluator absolute evaluator

Table 4.2: Comparison of hardware area

Hardware complexity

Traditional LMS | Proposed architecture I | Proposed architecture 11
Multiplier 2N 2N N+ L
Adder 2N +1 2N +1 N+L+1
comparator routing network
Overhead -/- multiplexer multiplexer
absolute logic absolute logic

Gaussian noise (AWGN) power as -150dBm, and the training symbols as {9, —9}; we also
assume the training process follows the current 10GBASE-T standard [11]. For simplicity,
FEXT crosstalk is not considered in the simulation, because it does not affect the cancella-
tion performance of echo and NEXT cancellers.

Fig. 4.6 shows the comparison of the learning curve between the traditional LMS method
and the proposed method. In this figure, each learning curve is obtained by averaging the
results over 80 independent experiments based on measured data of 100m Cat-6 cables. It
can be seen that the proposed method exhibits a faster initial convergence speed, but with a
slight SNR penalty. Similarly, Fig. 4.7 shows the comparison of the learning curve between
the traditional LMS method and the proposed method. However, each learning curve in this
figure is obtained by averaging the results over 80 independent experiments based on scaled

data of 100m Cat-6 cables. From this figure, we note that the performances of different
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Figure 4.6: Comparison of the learning curves between the traditional design and proposed
design I/II for measured data

Echo and NEXT learning curve based on 100m Cat-6 scaled data
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Figure 4.7: Comparison of the learning curves between the traditional design and proposed
design I/II for scaled data

designs in scaled channel case are worse than those in measured channel case. This is

because the scaled channel model is obtained by scaling the measured channel model to the
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Figure 4.8: Comparison of the tap coefficients obtained from the traditional scheme and
proposed scheme

theoretical limit, which is the worst case according to the cable requirement in 10GBASE-T.

To further evaluate the noise cancellation performance of the proposed method, we mea-
sure and compare the decision point signal noise ratio (DP-SNR) between the traditional
LMS method and the proposed method during the steady stage. Table 4.3 gives the per-
formance comparison for different schemes. In this table, each scheme is evaluated based
on 100m Cat-6 measured and scaled data, respectively. As we can see from this table, the
proposed scheme has performance loss in terms of DP-SNR under two different channel
models, compared with traditional scheme. However, we should note that the performance
loss is less than 0.5dB, which is acceptable in real applications.

Finally, for the purpose of illustration, Fig. 4.8 shows the tap coefficients of the echo
canceller obtained by using the traditional scheme and the proposed scheme. To see the
difference clearly, Table 4.4 gives the comparison of the number of active taps under two

different channel conditions. It is seen that the number of active taps identified in the
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proposed scheme is much less than that in the traditional scheme. This indicates that by
applying the proposed scheme, the overall complexity of echo and NEXT cancellers can be
reduced. Based on the analysis of the Table 4.1, we can easily see that there are 50% and
29~66.7% computational complexity reduction in terms of multiplication and addition at

the initial training stage and steady tracking stage, respectively.

Table 4.3: Decision point SNR during the steady stage for different designs

Cat-6 UTP Traditional | Proposed scheme
scheme I and II
100m measured 28.3dB 27.8dB
100m scaled 20.9dB 20.5dB

Table 4.4: The number of active taps

Traditional | Proposed scheme
scheme Tand II
Echo taps (measured) 500 203
NEXT taps (measured) 500 254
Echo taps (scaled) 500 292
NEXT taps (scaled) 500 335

4.3 Word-length Reduction in Echo and NEXT Cancellers

Recently, TH precoding has been proposed to be used in 10GBASE-T because it can elim-
inate error propagation and allow use of capacity-achieving channel codes, such as low-
density parity-check (LDPC) codes, in a natural way. However, the use of TH precoding
significantly increases the hardware complexity of echo and NEXT cancellers in 10GBASE-T
as the input to the echo and NEXT cancellers is no longer a simple PAM-M signal.

In this section, we propose to use word-length reduction techniques to tackle this prob-
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lem. If the word-length of the input to echo and NEXT cancellers can be reduced, the
overall complexity of these cancellers will be reduced. First, a TH precoder is converted to
its equivalent form where the TH precoder can be viewed as an infinite impulse response
(ITR) filter with an input equal to the sum of the original input to the TH precoder and a
finite-level compensation signal. Instead of using the output of the TH precoder as the input
to the echo and NEXT cancellers, the sum of the original input to the TH precoder and
the finite-level compensation signal is proposed to be the input to these cancellers. Based
on the fact that this sum signal has finite levels, it can be represented in less bits than the
original input to the echo and NEXT cancellers. By using a data encoding scheme, the
required word-length of the modified input signal can be reduced to 8 bits. By observing
the statistical distribution of the finite-level compensation signal, an improved design is
proposed to further bring down the complexity and power consumption of these cancellers.
Compared with the traditional design, the proposed echo and NEXT cancellers have exact
input without suffering from the quantization problem, and thus they are more suitable for
VLSI implementation. In practice, echo and NEXT channels are slow-varying and adap-
tive cancellers are needed for noise cancellation. Directly applying the proposed method to
the adaptive filter design will lead to problems such as performance degradation and slow
convergence. To solve these problems, a modified design of these adaptive cancellers is pre-
sented. The modified design does not suffer from the slow convergence problem. To verify
the modified design, the performance in terms of residual error signal power is investigated
under Cat-6 UTP channel environment. Finally, the complexity analysis is performed to
show that the proposed method can save hardware cost of the echo and NEXT cancellers
in a 10GBASE-T Ethernet system.

The rest of this section is organized as follows. In Section 4.3.1, a traditional design
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Figure 4.9: Block diagram of a typical transceiver for one pair in 10GBASE-T

of the echo and NEXT cancellers with TH precoders in the 10GBASE-T application is
briefly reviewed. Section 4.3.2 describes the proposed method to reduce the word-length
of the input signal to the echo and NEXT cancellers. Section 4.3.3 presents an improved
design to further reduce the hardware cost of these cancellers by investigating the statistical
distribution of the compensation signals. The hardware complexity analysis is provided in
Section 4.3.4. In Section 4.3.5, the design issues of adaptive cancellers by using the proposed
method are discussed and a modified design of the adaptive cancellers is proposed to avoid
the slow convergence during the initial training stage. Simulation results and discussions

are presented in Section 4.3.6.

4.3.1 Traditional Echo and NEXT Cancellers with TH precoders

Fig. 4.9 illustrates the block diagram of a typical 10GBASE-T transceiver for one pair,
where one echo and three NEXT cancellers are needed for each of four channels (or four
pairs). Unlike 1000BASE-T, three far end crosstalk (FEXT) cancellers are also needed to
further mitigate the crosstalk interferences from the far end transmitted signals. These

cancellers are usually implemented using adaptive FIR filters. In this section, we focus our
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discussion on the design of low complexity echo and NEXT cancellers. In the traditional
design, the input to these echo and NEXT cancellers comes from the output signal of the
TH precoder associated with the same pair, i.e., the signal £(n) is used as the input to these
cancellers, as shown in Fig. 4.10, where EC denotes echo canceller and NC denotes NEXT
canceller.

P
x(n) : t(n)
S T -

e

TH precoder

_________________ e

Figure 4.10: Input signal to echo and NEXT cancellers: traditional method

The TH precoder used here was first proposed by Tomlinson and Harashima in 1971
[59-61]. The operation of TH precoding can be interpreted by using the equivalent form
of the TH precoder as shown in Fig. 4.11. A unique compensation signal v(n), which is a
multiple of 2M, is added to the transmitted PAM-M signal x(n) such that the output of
the precoder t(n) lies in the interval [—M, M). If the input to a TH precoder, z(n), is i.i.d,
it can be shown that ¢(n) has uniform distribution over [—M, M), which means ¢(n) is not a
simple PAM-M signal any more. To reduce the echo and NEXT noise to the required level,
at least 10 bits are needed to represent signal t(n) [58]. However, in the design without
using the TH precoder, the input to these noise cancellers is a PAM-M signal, 2:(n), which
only has M finite numbers. If assuming M = 16, x(n) can be exactly represented with 4
bits. It can be estimated that the word-length increase from 4 bits to 10 bits would lead to
250% gate increase [58]. Since these cancellers are the largest blocks in the DSP transceiver,
it is important to develop techniques to reduce the hardware cost of these echo and NEXT

cancellers.
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Figure 4.11: TH precoding: The equivalent form

4.3.2 Proposed Word-length Reduction Scheme

It is known that the hardware complexity and power consumption of the filter are influenced
by many factors such as the number of taps used, the coefficient range of the taps, and the
operating speed, etc.. In this section, we propose a novel method by reducing the word-
length of the input signal to the echo and NEXT cancellers to achieve a low complexity
design.

First, we reformulate a TH precoder into its equivalent form as shown in Fig. 4.11. The

effective transmitted data sequence in Z-domain is given by

T(z) = T2 (4.12)

where H(z) is a causal FIR in the TH precoder feedback path. From (4.12), we see that a
TH precoder can be viewed as an IIR filter with the input equal to the sum of the original
TH precoder and a finite level compensation signal, i.e., z(n)+v(n). Assuming M = 16, the
input z(n) is a PAM-16 signal with symbol set {+1, +3, ..., £ 15} and can be encoded
as a binary representation using 4 bits. However, the number of levels for the compensation
signal, v(n), is not fixed and dependent on the coefficients of the TH precoder. The range

of the signal v(n) can be determined by |v(n)| < (1 + ZZL:Hl |hi|)M, where Ly is length of
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Figure 4.12: Input signal to the echo and NEXT cancellers: proposed method

the TH precoder and h; represents the THP coefficients. According to the THP coefficients
provided in [64], it is found that v(n) is always in the set {0, £32, ..., £ 192}. These
13 possible numbers can be represented using 4 bits. Hence, the sum of these two signals,
z(n) + v(n), will have at most 16 x 13 possible values, which can be represented with an
8-bit binary number. Based on this key observation, the sum signal z(n) 4 v(n) is proposed
to be used as the input to the echo and NEXT cancellers instead of using the TH precoder
output, t(n), as shown in Fig. 4.12. The advantage is that the word-length of the input
signal to these cancellers now is reduced to 8 bits, compared with 10 bits in the original
input, ¢(n). If the number of taps and the coefficient word-length of these cancellers in the
traditional method and the proposed method are the same, then the overall complexity will
be reduced in the proposed design. It should be noted that the modified input signal does
not suffer from any quantization problem and it uses the exact values in the computation.

Thus, the proposed design is more suitable for VLSI implementation.

Data Encoding Scheme

Note that the value of the sum signal, x(n) + v(n), lies in the finite set with elements
{0, £1, +£3, ..., £207}. These numbers can be converted to binary representation,

for example, 2’s complement representation, using only 9 bits. Thus, we can reduce the
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word-length of the input signal by one bit for each tap in the echo and NEXT cancellers.
However, this is not the most efficient since only 8 bits are enough to represent all the 208
numbers. Therefore, one more bit can be saved for this sum signal.

As we mentioned in Section 4.3.1, the compensation signal v(n) is a multiple of 2M, and
the last five (least significant bits) LSBs are always zeros in its 2’s complement representation
if M = 16. On the other hand, 5 bits are enough to represent a PAM-16 signal. When
adding these two signals, the last 5 LSBs of the sum signal are the same as those of z(n),
and the sum is a 9-bit number. Since all possible values of a PAM-16 signal are odd, the
last bit of z(n) is always one. Subtracting one from z(n) + v(n) leads to a zero at its LSB.
Thus, right shifting the 9-bit result leads to a unique 8-bit representation of the original

sum signal. The encoding process can be formulated as:

q(n) =271 x [d(n) — 1], (4.13)

where d(n) = z(n) + v(n), and g(n) represents the encoded data. Table 4.5 gives the
examples of the proposed encoding scheme. Note that the encoded input signal ¢(n) is in
2’s complement representation, which means its most significant bit (MSB) is a sign bit.
In fact, the encoding circuits are extremely simple and only one shifter is needed as shown
in Fig. 4.13. In real implementation, this one bit right shifter does not add any hardware
cost as the encoded data can be obtained by taking the first 8 MSBs of the sum signal
xz(n) +v(n), i.e., simply dropping the last LSB. The 8-bit encoded data is then applied to

the echo and NEXT cancellers to compute the replica of the echo and NEXT interferences.
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Table 4.5: Proposed data encoding table

2(n) + v(n) Encoded bits 2(n) + v(n) Encoded bits
q(n) q(n)
15+192 01100111 15-192 10100111
13+192 01100110 13-192 10100110
11+192 01100101 11-192 10100101
9 +192 01100100 9 -192 10100100
7 +192 01100011 7 -192 10100011
5 +192 01100010 5-192 10100010
3 +192 01100001 3-192 10100001
14192 01100000 1-192 10100000
-1 +192 01011111 -1-192 10011111
-3 +192 01011110 -3-192 10011110
-5 +192 01011101 -5-192 10011101
-7 +192 01011100 -7-192 10011100
-9 4192 01011011 -9-192 10011011
-11 4192 01011010 -11-192 10011010
-13 +192 01011001 -13-192 10011001
-15 +192 01011000 -15-192 10011000
_/_ _/_

Data Decoding Scheme

The 8-bit encoded data ¢(n) only has the unique mapping with the sum signal z(n) 4+ v(n);
however, it does not keep the actual value of the sum signal. For example, the maximum
value of z(n) +v(n), i.e., 207, is out of range of ¢(n), which only can represent numbers in
[-27,27 — 1]. Thus, the output of the echo and NEXT cancellers by applying the encoded
input is not desirable. To get the correct result, the output of these cancellers needs to be
recovered by a corresponding decoding process.

To describe the decoding scheme, we consider an N-th order FIR filter with the input

d(n) = z(n) + v(n). The output of this filter is given as:

y(n) =Y _ g(k)d(n — k), (4.14)
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Figure 4.13: Encoding circuit for input signal

where g(k) is the tap coefficient. From (4.13), we have

d(n) =2 x q(n) + 1. (4.15)

Substituting (4.15) into (4.14), we get

N
y(n) = > g(k)(2q(n — k) +1)
e y
=2 g(k)gln—k)+> g(k). (4.16)
k=0 k=0

From (4.16), we see that the output is composed of two parts: one is the weighted convo-
lution term contributed by encoded input ¢(n), the other is the sum of all the coefficients
of the filter. If using ¢(n) as the input to the filter, the original filter output can be easily
recovered according to (4.16). As an example, Fig. 4.14 shows the overall architecture for a
3-tap FIR filter implemented in the direct form by using the proposed encoding/decoding
scheme. In this figure, the input signal to each multiplier has only 8 bits, and the word-
length of each delay element (register) is also reduced to 8 bits. Although there are three
extra adders, the overall complexity of the proposed design is still less than the traditional

design as the overall cost reduction is more than the hardware overhead of three adders. To
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see this, we assume a direct form FIR structure with array multipliers and tree-structured
carry ripple adders as basic functional units [65]. Then the cost of a bl x b2 bit array mul-
tiplier is approximately b1 x b2 X C',, and the cost of b1 bit register is b1 X C.cy, where C'y,
and Cj.4 are technology dependent constants. Since the word-length of the input is reduced
from 10 to 8, the cost reduction for each multiplier is equal to 2 x W, x Cf,. Similarly, the
cost reduction for each delay element is equal to 2 x C,..4. However, the overhead due to the
three adders is equivalent to 3 x W, x Cy,. For a 3-tap FIR filter, the total cost reduction

can be computed as:

savings = 3(2W.Cypq) + 2 X 2Cpeg — 2W.Crq — WoCliq

= (4Wc - Wo)cfa + 4Creg (417)

where W, is the word-length of the tap coefficients, and W, is the word-length of the output.
If the coefficients of the filter are fixed, the sum of them can be pre-computed so that only
one extra adder is needed. Thus more hardware cost reduction can be expected. Generally,

by using the proposed method, the complexity reduction for a N-tap FIR filter is :

N(2W.Cfq) + (N = 1) X 2Creq — (N = )W, + W,)Cia

= (NWe+ W — W)Ca + 2(N = 1)Creq (4.18)

From (4.18), we see that the saving will be more if the number of taps N increases.

The design in Fig. 4.14 can be generalized to the design of echo and NEXT cancellers
in a 1I0GBASE-T ethernet system, where one echo and three NEXT cancellers are needed
for each pair. Fig. 4.15 shows the proposed echo and NEXT cancellers for one pair, and

the cancellers for the other three pairs will have similar architectures. Before feeding them
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Figure 4.14: 3-tap FIR filter with word-length reduction

into the cancellers, the sum signals are first encoded into 8-bit binary numbers in their 2’s
complement representation. After adding the four outputs of these cancellers, the correct
output is recovered by a shifter and extra adders. Since the total number of taps for echo
and NEXT cancellers is very large (i.e., 5600~6800) in a 10GBASE-T system, a significant

cost reduction can be obtained according to (4.18).

4.3.3 An Improved Design

In this section, we improve our design in previous Section by exploiting the statistical
distribution of the finite-level compensation signal v(n). It will be shown that the probability
of taking each value of v(n) is not equal, and some values will be taken with very high
probability. A straightforward 2’s complement representation of v(n) in the previous design
will lead to many unnecessary switching activities within the functional unit such as a
multiplier [66]. To minimize these switching activities, we first investigate the property of
the compensation signal, and then a sign-magnitude representation is used to represent the

compensation signal instead of 2’s complement representation. Finally, v(n) is encoded to
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Figure 4.15: Proposed echo and NEXT cancellers with word-length reduction

further reduce the complexity of the multipliers for each tap.

From the previous discussions in Section 4.3.2, we know that the compensation signal
v(n) is a multiple of 2M, and it takes values from the set {0, +32, ..., £+ 192}. How-
ever, the probability of taking each value in this set is different during the operation. To
illustrate this, extensive simulations are performed for different coefficients of the TH pre-
coder corresponding to the different cable lengths. Table 4.6 lists the results for long cable,
medium cable, and short cable, respectively [64]. The probabilities at each column in this
table are obtained by counting the number of occurrences for each different level out of
20,000,000 random experiments. From this table, we see that v(n) does not go beyond the

range of [—192,192], even for the long cable case. The distribution of v(n) is not uniform
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Table 4.6: Distribution of the finite-level compensation signal v(n) for different cables

v(n) Probability
long (80-100m) | medium (45-80m) [ short (<45m)

192 0 0 0

160 0 0 0

128 2.8001e-06 0 0

96 1.3906e-03 0 0

64 4.5535e-02 4.4435e-03 2.5000e-06
32 2.4627e-01 2.0618e-01 1.2838e-01
0 4.1307e-01 5.7869e-01 7.4320e-01
-32 2.4699e-01 2.0628e-01 1.2841e-01
-64 4.5258¢-02 4.4100e-03 3.0000e-06
-96 1.4792¢-03 0 0
-128 2.7401e-06 0 0
-160 0 0 0
-192 0 0 0

but symmetric, and dense around the symbol set {—32, 0, 32}. Calculating the probability
of v(n) lying in {—32, 0, 32}, we find that over a probability of 90%, v(n) takes the values
from this set for all three cases. Especially for the short cable, this probability is very close
to 100%. In addition, we note that v(n) is a multiple of 2M, i.e., 32 in this case and the
effective values of the set {—32, 0, 32} are {—1, 0, 1}. This implies that no multiplication
is needed when multiplying any number in this set. Therefore, it is possible to further bring
down the complexity and power consumption by taking advantage of these properties of
v(n).

To use the properties of v(n), the sum signal x(n) 4+ v(n) is proposed to be separated,
which leads to an architecture as shown in Fig. 4.16. In this figure, a filter with the input
z(n) + v(n) is implemented using two filters: one has the input z(n) and the other has the
input v(n). The correct output can be obtained by adding the outputs of these two filters.
For the filter with the input x(n), we note that the input x(n) is a PAM-16 signal with the

symbol set {1, £3, ..., £15}, and at least four bits are needed to uniquely differentiate
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Figure 4.16: Improved design: echo and NEXT cancellers with separate inputs

different elements in this set. We also note that the probability of taking each PAM-16
symbol is equal, which infers that any representation of z(n) would have the same average
switching activities. Thus, the filter with the input x(n) can be implemented using the idea
shown in Fig. 4.14. The word-length of z(n) can be finally encoded into 4 bits. For the
filter with the input v(n), an encoder is used to generate 3-bit encoded v(n) as well as the
control signal. Compared with the previous design, the advantage of this new architecture
is that the 8 x W, multipliers used in the echo and NEXT cancellers are replaced by 4 x W,
multipliers and 3 x W, multipliers, respectively. Thus the overall complexity can be further
reduced. In addition, the power consumption due to internal switching activities can also
be reduced.

As discussed above, we only consider the effective symbol set v/(n), i.e., {0, £1, ..., +
6}, as the correct result can be easily obtained by left shifting five bits. Since the probability

of taking values from this symbol set is not equal, and the probability of taking values in
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{-1, 0, 1} is much higher than values in {£+2, +3, ..., +6}, 2’s complement representation
of these numbers leads to higher switching activities. For example, if v'(n) switches from 0
(00002) to —1 (11115), all bits will switch from 0 to 1. Even worse, this kind of transition
happens a lot. Therefore, the average switching activity is more than the case where the
distribution of v’(n) is uniform. To reduce the average switching activity, the number of bit
switches should be reduced for the symbol transitions with high probability. In our example,
—1 can be represented as 10012 to reduce the bit switches during the transition from 0 to
—1. In this representation, the MSB is the sign bit and the last three LSBs represent the
magnitude of the data, which is known as sign-magnitude (S-M) representation.

Table 4.7 lists the sign-magnitude representation of v'(n), as well as its 2’s complement
representation for comparison. It can be seen that the number of ones for those symbols
with high probability is reduced, especially for negative numbers. If we note the symmetry
of v'(n), the word-length of the input to the multipliers can be further reduced to 3 bits
while the sign bit of v'(n) is used as the control signal to indicate if the result is positive
or negative. Fig. 4.17 illustrates a design example for a 3-tap FIR filter with the input
v(n) based on the proposed idea. In this figure, v(n) is first scaled down to a 4-bit number,
v'(n), the last 3 bits are used as the input to each multiplier. The sign bit of v'(n) is used
to select the correct multiplier output for each tap. It should be noted that the adders after
each multiplexer are not real full adders, because the sign bit can be viewed as the carry-in
bit to the accumulating adders. To illustrate this, Fig. 4.18 shows the circuits for one tap.
It can be seen that the hardware overhead for one tap is one XOR gate. On the other hand,
the saving obtained is equivalent to one W_-bit full adder, as the word-length of the input
to the multiplier is reduced from 4 bits to 3 bits. Therefore, the overall complexity of this

design is still reduced.
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Table 4.7: Data encoding table for the compensation signal v(n)

v(n) ‘ v'(n) ‘ S-M representation | 2’s complement

192 6 0110 0110
160 5 0101 0101
128 4 0100 0100
96 3 0011 0011
64 2 0010 0010
32 1 0001 0001
0 0 0000 0000
-32 -1 1001 1111
-64 -2 1010 1110
-96 -3 1011 1101
-128 -4 1100 1100
-160 -5 1101 1011
-192 -6 1110 1010

I A B oy
D - D
R R )
! ' Q)
> SV > D3

Figure 4.17: Improved design: a 3-tap FIR filter with the input v(n)



4.3 Word-length Reduction in Echo and NEXT Cancellers 108

V(i)

gli) —
sign(i) —
From
previous tap > Full . » Tonext tap
Adder

Figure 4.18: Circuit implementation for one tap

% oy
012 53
mux 2 s4
= Y
280w — ;%;
4g() o
sls2
sign(i)
RA
From ? T it
previous tap Full o nexttap
Adder

Figure 4.19: The optimized design for one tap without multipliers

However, the cost of a 3 x W, multiplier is still large compared with a W,-bit full adder.
Considering the last 3 bits in the S-M representation of v'(n), we find that the number of
ones is at most 2. This implies only one adder is actually needed to add two partial products

during the multiplication operation. Based on this fact, we propose to replace the 3 x W,
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multiplier with one full adder at each tap. Fig. 4.19 shows the optimized design for one tap
since other taps have the same structure. In this optimized design, the multiplication of
the input data and the tap coeflicient is accomplished by using a full adder instead of using
a multiplier. Both inputs to the full adder are from two 3-to-1 multiplexers. The inputs
to these two multiplexers are 0, ¢(7), 2¢(i), and 4g(i), where g(i) represents the coefficient
of i-th tap. The outputs of the multiplexers are selected according to the input data. For
example, if the input data is 6, 4¢g(i) from multiplexer 1 will be selected and 2g(i) from
multiplexer 2 will be selected. Then 6g(i) is computed as 4g(i) + 2¢g(i) by using the full
adder. It is noted that 9 combinations of multiplexer outputs are enough to cover all 6
input cases. Let A, B, C represent the last 3 bit of the encoded compensation signal v'(n),

then one of the possible ways to generate the control signals s; ~ s4 is:

s1 = A, (4.19)
sy = AB, (4.20)
s3 = AB, (4.21)
s4 = C. (4.22)

It can be seen that the hardware overhead due to the control logic are only two AND gates.
Other overhead in this optimized design are two 3-to-1 multiplexers. Compared with the
cost reduction from a multiplier to a full adder at each tap, the overhead in Fig. 4.19 is
still less. To explicitly see this, we take the 3-tap direct-form FIR filter as an example, and

compare the hardware complexity of four different designs discussed in this section:

(1) v(n) is converted to 4 bits without using S-M representation;

(2) the word-length of the input to the filter is reduced to 3 bits; however, extra XOR
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gates are needed for each tap;

(3) the optimized version of design (2) requires no multipliers; however, extra multiplexers

are needed compared with design (2);
(4) wv(n) is converted to 4 bits using S-M representation.

Based on the same assumption in Section 4.3.2, we use XOR2 (Cyor), 1-bit D flip-flop
(Creg), and basic 2-input gates (Cyaze) such as NAND2, NOR2, etc., to represent the total
cost of each design. Table 4.8 lists the complexity comparison for four different designs.
Note that Uy, = 2 X Cror + 3 X Cyate, as one full adder is composed of two XOR gates,
two AND gates and one OR gate. The hardware overhead of two 3-to-1 multiplexers used
in Design (3) is obtained after synthesis using Synopsys. To evaluate the total cost of
each design, we assume Cyqre = 32, Cror = 56, and Cjey = 176 based on a student cell
library [67,68] in 0.18uum CMOS technology. By setting W, = 15 and W, = 20, the total
cost can be computed as listed in the table. It can be seen that the savings of Design (2)
and Design (3) are 13.43% and 33.62%, respectively, compared with Design (1). Since the
input signal has the same word-length in both Design (1) and Design (4), the hardware cost
of these two designs is the same as shown in the table. It should be noted that the analysis
in Table 4.8 can be easily generalized to a N-tap FIR filter case.

To verify our analysis on power reduction by using S-M representation, the 3-tap FIR
filter is implemented and synthesized based on the same library mentioned above [67]. The
dynamic power consumption is obtained from gate-level simulation of the synthesized netlist
at 100MHz. Table 4.9 lists the area, dynamic power and timing slack for Design (1)~(4). In
this table, Design (4) is compared with Design (1) by only changing the representation of the
input data to observe the power consumption. It is shown that by using S-M representation

in Design (4), the dynamic power consumption is reduced by about 5.7%. It is also shown
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Table 4.8: Complexity comparison of four different designs

‘ Design (1),(4) ‘ Design (2) ‘ Design (3)
Multipliers (xCfg) AxW,x3 IxW,x3 0
Adders (xCfg) W,x2 W,x2 Wox24+(W, + 3)x3
Registers (XCleg) 4x2 4x2 5x2
XOR2 gates (xCyror) 0 (W, +3)x3 (W, 4+ 3)x3
Multiplexers (xCyqze) 0 0 72x3
Encoding logic (xCyate) 0 0 2
Total cost 47168 40832 31312
Saving -/- 13.43% 33.62%

Table 4.9: Implementation results of a 3-tap FIR filter
‘ Design (1) ‘ Design (2) ‘ Design (3) ‘ Design (4)

Area 34480 30000 25160 34480
Dynamic Power (mW) 37.97 33.61 30.46 35.82
Timing Slack (ns) 1.15 1.13 0.77 1.15

that by reducing the input word-length by 1 bit from Design (1) to Design (2), both area
and power consumption are reduced. Finally, the proposed Design (3) has the minimum
power consumption and area as expected. These results also demonstrate our complexity
analysis in Table 4.8. It should be noted that the increased critial path in Design (3) can

be easily reduced by using pipelining techniques [85].

4.3.4 Complexity Analysis

We presented the proposed method and its improved designs to reduce the complexity of the
echo and NEXT cancellers. In the proposed method, the complexity reduction is due to the
word-length reduction of the input signal to these cancellers. By modifying the input signal
using the sum signal xz(n) + v(n), the input word-length is reduced to 9 bits from 10 bits
without any hardware overhead. Based on the proposed encoding scheme, the word-length

can be further reduced to 8 bits; however, extra adders are needed to recover the correct



Table 4.10: Complexity comparison between traditional and proposed methods in the 10GBASE-T application

Traditional Design (a)
(10-bit input) [58]

Proposed Design (b)
(9-bit input)

Proposed Design (c)
(8-bit input)

Improved Design (d)
(optimized version)

Echo canceller 560354 508859.5 457365 320268.5
NEXT cancellers (x3) 1008644 915960.5 823277 576387.5
Hardware overhead 0 0 136493.5 325859.5

Total cost for one pair 1568998 1424820 1417135.5 1222515.5
Total cost (x4) 6275992 5810066 5668542 4890062
Saving -/- 9.19% 9.68% 22.08%
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output. In the improved designs, further complexity reduction is achieved by exploiting the
properties of the compensation signal v(n). In Section 4.3.3, we show that by separating
the input z(n) 4+ v(n), the filters with the input v(n) can be implemented without using
multipliers. Thus, the overall hardware complexity can be reduced. In this section, the
hardware complexity of the echo and NEXT cancellers for a typical 10GBASE-T system is
analyzed by applying the traditional method and the proposed methods.

In a typical 1I0GBASE-T system, we assume the number of taps in each echo canceller
is 500, and the number of taps in each NEXT canceller is 300 [7]. We also assume the
word-length of tap coefficient in both echo and NEXT canceller is W, = 15, and the word-
lengths of the accumulating output in echo and NEXT cancellers are both 14. Without loss
of generality, the technology dependent constants are normalized with respect to Cyqte, i-e€.,
Cyate = 1, Cgor = 1.75, and Cl¢y = 5.5 in the analysis.

Table 4.10 lists the overall hardware complexity of the echo and NEXT cancellers for

different designs:
(a) traditional design without modifying the input to these cancellers;

(b) proposed design by using the sum signal z(n) 4+ v(n) as the input signal to these

cancellers, where the word-length of input signal is 9;

(c) proposed design by using the data encoding scheme, where the word-length of the

input signal is 8;
(d) improved design with optimized version discussed in Section 4.3.3

From this table, we can see that by using the proposed method, the overall complexity of the
echo and NEXT cancellers can be effectively reduced. Compared with proposed design (b),

proposed design (c) saves one more bit in input data, and thus the complexity is reduced.
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However, the hardware saving is not obvious due to the hardware overhead of extra adders.
In proposed design (d), no multipliers are needed in the cancellers with the input v(n).
Therefore, large savings can be achieved although extra XOR gates and multiplexers are
introduced. Table 4.10 demonstrates that 22.08% hardware saving is achieved compared

with the traditional design.

4.3.5 Proposed Word-length Reduction Scheme in the Adaptive Filter

In real applications such as 10GBASE-T Ethernet systems, echo and NEXT cancellers need
to operate in adaptive mode for noise cancellation due to the slowly varying noise channels.
Directly applying the proposed method to the adaptive filter design will lead to performance
loss, as these adaptive cancellers implicitly contain an IIR filter with a pole close to the
unit circle in Z-plane as shown in Fig. 4.20, where each figure corresponds to long cable,
medium cable and short cable, respectively. If the number of taps in FIR-based cancellers
is not long enough to get a good approximation, the performance of noise cancellation will
be degraded. In addition, the convergence speed of the resulting adaptive cancellers will be
slow, as the eigenvalues of the correlation matrix of the input signals will be widely spread
after modifying the original input signal. Thus the time taken to converge will be very
long [84]. To solve these problems, a modified design of these adaptive cancellers based on
the proposed method is presented in this section.

In the following, we only consider the design of an adaptive echo canceller. However,
our discussion is also applied to adaptive NEXT cancellers since the architecture of NEXT
cancellers is similar to an echo canceller except that the inputs are replaced by the trans-
mitted signals from the adjacent transmitters. Fig. 4.21 shows a traditional design of an
adaptive echo canceller. In this figure, the received signal y is corrupted by additive white

noise w and the interference from echo channel g. Let ¢, denote the transmitted symbol
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Figure 4.21: Traditional Design: adaptive echo canceller without NEXT crosstalk

sequence from the far end transmitter and t,.q- denote the transmitted symbol sequence

from the near end transmitter. Then the received signal y can be represented as:

Yy=cQtlter + g tpear + W, (423)

where ® represents convolution operation, and ¢ denotes channel impulse response. To
cancel the noise term g ® tneqr, an adaptive echo canceller is used with the same input ¢,eq;-
As we can see, an adaptive filter consists of two parts: one is the filter part and the other
is the weight update part. By using a recursive algorithm (e.g., least-mean square [84]),
the coefficients of the echo canceller, §, can be updated to approach the echo channel g,
until the error signal € = ¢ ® tpear — § ® tpear is minimized. Then the echo cancellation is
achieved by subtracting the output of the echo canceller from the received noisy signal y.
After echo cancellation, a feed-forward equalizer (FFE) is used to remove the ISI. Finally,
the transmitted signal from far end is recovered by a corresponding modulo device [29].

If directly applying the proposed method into the design of adaptive echo canceller, we

can have a design as shown in Fig. 4.22(a), where the input to the adaptive echo canceller
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Figure 4.22: Application of the proposed method in adaptive echo canceller
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is changed t0 dpear = Tnear + Unear and the coefficients of the adaptive echo canceller are

assumed to be ¢’. The output of the echo canceller can be represented as:

~!

u=q Q dpear- (4.24)

Representing (4.23) and (4.24) in Z-domain, we can have

Y(2) = C(2)Ttar(2) + G(2)Thear(2) + W(2), (4.25)

and

U(Z) = G/(Z)Dnear(z)- (426)

Comparing these two equations, we see that the ideal echo cancellation can be achieved
when

G'(2) Dpear(2) = G(2)Thear(2)- (4.27)

From (4.12), equation (4.27) can be represented as

G'(2) Dar(z) = S prearl (4.28)
Thus,
G'(z) = giz)) (4.29)

From (4.29), we can see that the canceller, G’(z), to be designed in Fig. 4.22(a) implicitly
contains an IIR filter H(z). To approximate this filter well using FIR-based adaptive filter,
the number of taps in the FIR filter has to be very large to achieve the required noise

cancellation, especially when the poles of H(z) are close to unit circle in the Z-plane. If
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in this case, the benefit from word-length reduction technique will be countered due to
the increased taps of the FIR filter, and also the convergence speed will be slow for long
adaptive FIR filter. On the other hand, system performance may degrade as the FIR filter
is only an approximation of the IIR filter.

Fig. 4.22(b) shows the modified design, which does not suffer from the problems such
as instability, slow convergence speed and performance degradation in noise cancellation.
From Fig. 4.22(b), we see that an IIR filter, ﬁ, with fixed coefficients is inserted into the
echo cancellation path after the output of the echo canceller. In addition, t,eq is used as
the input to the weight update part in the adaptive echo canceller. In this modified design,

the output of the echo canceller, U(z), can be represented as:

_ G(2)Dpear(2) -
U(Z) - W = G(Z)Tnear(z)a (430)
and then the error signal can be computed as:
E(Z) = G(Z)TneaT(z) - G(Z)Tnear('z)- (431)

If using least-mean square (LMS) algorithm, the weight update equation can be represented
as:

G(2)n41 = G(Z)n + BE(2)nThear (2)n, (4.32)

where G(2),, denotes the n-th iteration G(z) and similar definition for E(z) and Theqr
From (4.30)-(4.32), we see that the modified design and the traditional design in Fig.

4.21 are mathematically equivalent. Thus the performance of the modified design is the

same as the traditional design. However, unlike the traditional design, the modified design

inherits the advantage of the proposed method such that it can lead to a low complexity
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design. As we can see from Fig. 4.22(b), the sum signal dyeq, is used as the input to
the filter part of the adaptive echo canceller instead of t,.... By applying the proposed
method in Previous Sections 4.3.2 and 4.3.3, the hardware complexity of the filter part
in the adaptive echo canceller can be reduced. Since the inserted IIR filter has less than
15 taps [64], the hardware overhead of the IIR filter is negligible in practical applications.
Therefore, the overall hardware cost of the adaptive echo and NEXT cancellers will be

reduced in a 10GBASE-T system.

4.3.6 Simulations and Discussion

In this section, simulations are performed to evaluate the modified adaptive echo and NEXT
cancellers in a I0GBASE-T system. We compare the convergence speed and residual error
signal power of three different designs discussed in Section 4.3.5. In addition, the hardware
complexity analysis is also performed to show the hardware complexity reduction of the
resulting modified adaptive echo and NEXT cancellers by using the proposed word-length
reduction technique.

Our simulation is performed under Cat-6 unshielded twisted-pair channel environment.
The channel models (e.g., insertion loss, return loss, and NEXT crosstalk) with different
lengths can be obtained from the IEEE 802.3an website [6]. For simplicity, FEXT crosstalk
is not considered in our simulation, because it does not affect the performance of echo and
NEXT cancellers. A PAM-2 signal is used as the training symbol while data symbol is
assumed to be PAM-16. Other parameters used during the simulation are summarized in
Table 4.11.

First, we compare the convergence speed of three designs by applying the LMS algorithm
[84]. The reason to choose LMS algorithm is its low complexity and it is easy to implement.

In order to give a fair comparison, fixed step sizes pie. = 1/2048 and g, = 1/4096 are used
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Table 4.11: Parameter Setup

Parameter ‘ Values

FFE taps 64
THP taps 13

EC taps 500

NC taps 300
Modulation | PAM-16
AWGN -150dBm

TX Power 5dBm
Band Width | 400MHz

for all three designs. The simulation is performed based on Cat-6 100m channel model. The
learning curves of the corresponding designs are plotted in Fig. 4.23. In these figures, each
learning curve is obtained by averaging the results over 80 independent experiments. From
Fig. 4.23(a), we see that by directly applying the proposed method in adaptive cancellers,
the convergence speed is very slow and the performance difference is obvious compared
with the traditional design. It will be shown later that the performance loss is large at the
steady state although this design can save hardware cost of the resulting adaptive cancellers.
However, the modified design does not suffer from the slow convergence problem. As we
can see from Fig. 4.23(b), the convergence speed is greatly improved. Comparing Fig.
4.23(b) with Fig. 4.23(c), we see that the modified design has similar convergence speed as
the traditional design. In addition, the performance difference between these two designs is
negligible when both designs converge to the steady stage. These results in fact verify our

previous analysis in Section 4.3.5.
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Table 4.12: Fixed point simulation setup

FFE THP Echo canceller NEXT canceller
Wi\WC\WO Wi\WC\WO Wi\WC\Wo Wi\Wc\Wo

Traditional Design
(Fig. 4.21)

Direct Design
(Fig. 4.22(a))
Modified Design
(Fig. 4.22(b))

14 | 14 | 14 8 8 10 10 15 | 14 10 15 | 14

14 | 14 | 14 8 8 10 8 15 | 14 8 15 | 14

14 | 14 | 14 8 8 10 | 8/10 | 15 | 14 | 8/10 | 15 | 14

Next, we compare the noise cancellation performance of these designs in terms of resid-
ual error signal power after echo and NEXT noise cancellation. The residual error signal
power is measured at the input to the FFE during the steady state by performing fixed
point simulation. Table 4.12 lists word-length setup in the fixed-point simulation for three
different designs. In this table, W; denotes the word-length of the input data, W, denotes
the word-length of the coefficients, and W, denotes the word-length of the output data. It
should be noted that in the modified design, the input to the filter part of the echo and
NEXT cancellers is changed to the sum signal d;,eq as discussed in Section 4.3.5 and thus
it can be represented with 8 bits or less by using the proposed word-length reduction tech-
nique; however, the input to the weight update part of these cancellers is unchanged (i.e.,
10 bits). Similarly, in the direct application of the proposed method (Fig. 4.22(a)), the
inputs to both filter part and weight update part in these adaptive cancellers are changed
to the sum signal d,,cq and both can be represented with 8 bits or less.

Table 4.13 shows the performance comparison in terms of residual error signal power at
the input to the FFE. Each different design is evaluated based on Cat-6 measured and scaled
channel models with different lengths: 100m, 75m, and 55m respectively. Scaled channel
models are usually obtained by scaling the measured channel models to the theoretical

limits according to the cable requirement in 10GBASE-T. If the echo and NEXT noise can
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be cancelled to the required level in scaled channel models, it will be certain in measured
channel cases. As we can see from this table, the performances of different designs in
measured channel cases are better than those in scaled channel cases. As we mentioned
before, the direct design (Fig. 4.22(a)) exhibits worse performance than the traditional
design and the performance degradation is obvious. We also note that it is sensitive to the
cable lengths. This indicates that for short cables, the implicit IIR contained in the direct
design requires longer FIR filter to approximate. If the number of taps in FIR filters is
fixed, the residual echo and NEXT noise level will be large, thus the residual error signal
power is higher in short cable cases. However, in the modified design, the performance is
not affected by the cable lengths. As we can see from the table, it has similar residual
error signal power for all three cable lengths. If comparing the modified design with the
traditional design, we can find that both have very similar performance in different channel
models. In addition, the modified design has the exact input signal z(n) 4+ v(n) without
suffering from the quantization errors. Thus, it is shown that the modified design even has

a slightly better performance than the traditional design.

Table 4.13: Residual error signal power at the inputs to the FFE for different designs,
AWGN=-150dBm

CAT-6 UTP Residual noise level at the input to the FFE (dB)
Cable Type Traditional Design | Direct application | Modified Design
(Fig. 4.21) (Fig. 4.22(a)) (Fig. 4.22(b))

Scaled 100m -57.03 -46.89 -57.06
Scaled 7bm -57.10 -39.67 -57.11
Scaled 55m -57.06 -33.08 -57.07
Measured 100m -63.25 -54.63 -63.28
Measured 75m -63.28 -49.14 -63.36
Measured 55m -63.27 -42.78 -63.27

Finally, we compare the hardware complexity of the resulting adaptive cancellers by

using these different designs, unlike in Table 4.10, where the comparison is made without
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considering the weight update part in the echo and NEXT cancellers. In our analysis,
each weight update unit is composed of a multiplier, an adder and a delay element. The
word-lengths of the adder and the delay element should be the same as the word-length of
the coefficients for each tap. We use the same assumption in Table 4.10 when calculating
the hardware cost of the multipliers and adders. We also assume the same normalized

technology constants, i.e., Cyqte = 1, Cror = 1.75, and Cy¢q = 5.5 in the analysis.

Table 4.14: Hardware Complexity Comparison of three designs

Traditional Design | Direct Design | Modified Design
(Fig. 4.21) (Fig. 4.22(a)) | (Fig. 4.22(b))
Echo canceller (filter part) 560354 320268.5 320268.5
Echo canceller (update part) 545000 281750 545000
NEXT canceller (filter part) 1008644 576387.5 576387.5
NEXT canceller (update part) | 981000 507150 981000
Hardware overhead 0 783834.5 337339.5
Total cost for one pair 3094998 2469390.5 2759995.5
Total cost (x4) 12379992 9877562 11039982
Saving -/- 20.21% 10.82%

Table 4.14 shows the hardware complexity comparison of the resulting adaptive echo and
NEXT cancellers by applying different architectures. From this table, we can see that the
modified design can save the hardware cost of these cancellers about 10.82%. This indicates
that the overhead of the inserted IIR filter is less than the overall hardware reduction. By
direct application of the proposed word-length reduction technique (Fig. 4.22(a)), more
saving can be achieved, since the hardware cost of both filter part and weight update part
in the adaptive filters is reduced. However, we should note that the more hardware reduction
is achieved at the expense of performance degradation. Therefore, the modified design of

the adaptive echo and NEXT cancellers is preferred in practical applications.
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4.4 Further Cost Reduction of Adaptive Echo and NEXT

Cancellers

In previous section, we have proposed a new word-length reduction scheme which can reduce
the the hardware cost of adaptive echo and NEXT cancellers by about 10.82% without any
performance loss. However, this hardware cost reduction is mainly due to the hardware cost
reduction in the filter part of these adaptive cancellers. The problem of reducing hardware
cost of the weight update part in these adaptive cancellers remains unsolved.

This section considers the low complexity design of the weight update part in adaptive
echo and NEXT cancellers. We propose a new cost-efficient scheme for weight update part
in these adaptive filters. By using the proposed weight-updating scheme, the input to the
weight update part is replaced by v(n) which only has finite possible values. Thus, the
previous word-length reduction technique in Section 4.3 can be applied to further reduce
the overall hardware cost of these adaptive cancellers. It should be noted that the proposed
scheme is general and can be applied to multiple-input-multiple-output (MIMO) systems
such that hardware cost of both echo and NEXT cancellers can be reduced. We apply
the proposed scheme to the 10GBASE-T Ethernet system, and show that the proposed
architecture can further reduce hardware cost of echo and NEXT cancellers.

The rest of the section is organized as follows. In Section 4.4.1, our previous work
on low complexity echo and NEXT cancellers is briefly reviewed. In Section 4.4.2, a new
cost-efficient adaptive scheme for weight updating is presented. Based on the proposed
adaptive scheme, a cost-efficient architecture of adaptive echo and NEXT cancellers is de-
veloped. In Section 4.4.3, we apply the proposed method to the 10GBASE-T Ethernet

system. Computer simulation and hardware cost comparison are presented.
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Figure 4.24: Adaptive echo canceller: traditional method
4.4.1 Previous Designs of Echo and NEXT Cancellers in 10GBASE-T

In this section, we briefly review previous design presented in Section 4.3.5. Similarly,
we only consider adaptive echo cancellers to illustrate the proposed design. However, the
proposed design can be applied to adaptive NEXT cancellers since the architecture of NEXT
cancellers is similar to that of echo cancellers except that the inputs are replaced by the
transmitted signals from the adjacent transmitters.

For the purpose of illustration, the traditional design of an adaptive echo canceller shown
in Fig. 4.21 is redrew as shown in Fig. 4.24. As we can see, the adaptive echo canceller
consists of two parts: one is the filter part and the other is the weight update part. By using
a recursive algorithm (e.g., least-mean square [84]), the coefficients of the echo canceller, g,
can be updated to approach the echo channel g, until the error signal e(n) is minimized.
Then the echo cancellation is achieved by subtracting the output of the echo canceller (n)
from the received signal y(n) which is corrupted by additive white noise w(n).

A direct application of the idea shown in Fig. 4.12 to the design of adaptive echo
canceller will lead to an unacceptable performance degradation, as well as slow convergence
speed. In previous section, a modified structure for adaptive echo canceller is developed

to solve these problems. Fig. 4.25 illustrates the proposed design without showing the far
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Figure 4.25: Adaptive echo canceller: proposed method
end transmitter part. In this figure, we see that an IIR filter, —, with fixed coefficients

H(z)

is inserted into the echo cancellation path after the output of the echo canceller. By doing
80, it can be shown that this modified design and the traditional design in Fig. 4.24 are
mathematically equivalent. Thus, the performance of the modified design is the same as
the traditional design. In addition, we note that the sum signal d(n) is used as the input
to the filter part of the adaptive echo canceller instead of t(n). By applying the proposed
word-length reduction scheme in previous Sections 4.3.2 and 4.3.3, the hardware complexity
of the filter part in the adaptive echo canceller can be reduced. Since the inserted IIR filter
has less than 15 taps [64], the hardware overhead of the IIR filter is negligible in practical

applications.

4.4.2 Proposed Cost-efficient Weight Update Scheme

From previous discussions, we know that hardware cost reduction of the adaptive echo
canceller in Fig. 4.25 is due to hardware cost reduction of the filter part in the adaptive
filter by applying the word-length reduction technique. However, hardware cost of the
weight update part in the adaptive filter does not change because the input to the weight

update part is still ¢(n), which is uniform in [—M, M) such that the word-length reduction
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Figure 4.26: Adaptive echo canceller with modified input d(n)

technique can not be applied. In this section, we propose a new method to reduce the
hardware complexity of the weight update part in the adaptive filter. First, a new cost-
efficient weight update scheme is derived, and then experimental results are presented to
illustrate the performance of the proposed design. By using the proposed design, the word-
length of the input signal to the weight update part can be reduced. Thus, the overall
hardware complexity of the proposed method can be reduced.

Consider the traditional architecture of adaptive echo canceller in Fig. 4.24. If we
insert a short FIR filter H(z) at the feed-forward cutset C' denoted by dashed line in Fig.
4.24, we will obtain a design shown in Fig. 4.26. In this figure, the input to the adaptive
echo canceller is changed to the sum signal d(n) rather than ¢(n), thus the word-length
reduction technique can be applied to reduce the hardware complexity of the adaptive echo
canceller. However, the design in Fig. 4.26 is not useful in real applications because the
signal transmitted to the physical channel is also changed by inserting H(z).

To solve this problem, we apply the retiming technique [85] to the design in Fig. 4.26.
The resulting architecture is shown in Fig. 4.27. From this figure, we see that the physical

echo channel path remains the same as the traditional design in Fig. 4.24. In addition,
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the sum signal d(n) is used as the input to both filter part and weight update part of
the adaptive echo canceller. Compared with the design in Fig. 4.25, since the input to
the weight update part of the adaptive filter is changed to d(n), the hardware complexity
of the weight update part of the adaptive echo canceller can be reduced by applying the
word-length reduction technique.

In order to minimize the mean square error, E[|e(n)|*] and also to track the time-varying
channel environment, the LMS adaptive algorithm is applied to the proposed design. Since
the update error signal e(n) is filtered before the weight update part, the resulting adaptive
algorithm is usually referred as filtered error LMS algorithm [69], and it can be summarized

as:

g(n) = [gn)"d(n)] *n~1, (4.33)
e(n) = y(n) —g(n), (4.34)
gn+1) = g(n) + pd(n) [e(n) * b, (4.35)

where g(n) denotes tap weights of the adaptive echo canceller at n-th interation, d(n) is the

input vector at n-th iteration, h~! denotes the equivalent impulse response of the IIR filter
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%, h denotes impulse response of the FIR filter H(z), p is the step size, and * denotes
convolution operation.

Noting that d(n) is the sum of x(n) and v(n), we can write (4.35) as
9(n) = [g(n)"x(n) + g(n)v(n)] x 7", (4.36)

which means the echo canceller in Fig. 4.27 can be implemented as the sum of two filters:
one has the input z(n) and the other has the input v(n). In general, equation (4.36) can
be rewritten as

§(n) = [81(n)"x(n) + &2 (n)"v(n)] x h ™", (4.37)

where g1(n) represents the weights of the filter with the input z(n), and g2(n) represents

the weights of the filter with the input v(n). Then the error signal e(n) can be expressed as
e(n) = y(n) — [g1(n)x(n)] * h™' = [ga(n) v (n)] « 7" (4.38)
To minimize E[|e(n)|?], modified weight update equations can be derived as [84]
gi(n+1) = &i(n) + mx(n) [e(n) « hl, (4.39)
and
g2(n+1) = &2(n) + pav(n)[e(n) x hl, (4.40)

where p1 and po are step sizes for the corresponding adaptive filters.

From (4.39) and (4.40), we see that the sum of the two adaptive filters can be adapted
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Figure 4.29: Proposed adaptive echo canceller with cost-efficient weight updating

separately with their own input signals.

LMS_2

Based on this observation, we can obtain an

architecture for the adaptive echo canceller as shown in Fig. 4.28. In this figure, we see that

the adaptive echo canceller is implemented by two separate parts with the corresponding

input z(n) and v(n), respectively. The correct output of the echo canceller can be obtained

by adding outputs of these two filters. The coefficients of two filters g;(n) and g2(n) can

be updated individually using (4.39) and (4.40).

However, it is not efficient to update both g1(n) and ga(n) every iteration. By consid-

ering the optimal coefficients g7” " and g b after convergence, we find that both of them

will converge to the same optimal value, i.e., g}"* = g, This implies that only one of the
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equations in (4.39) and (4.40) is needed for weight updating. Based on this fact, we can
use either z(n) or v(n) as the input to the weight update part in adaptive filter, and then
use the updated coefficients in both filters for filtering operation. The advantage is that
the hardware complexity of the weight update part can be further reduced because xz(n) or
v(n) can be encoded to have fewer bits than the sum signal d(n).

By exploiting the property of the compensation signal v(n), we found that it could be
encoded to have fewer bits than z(n) [5]. If v(n) is used as the input to the weight update
part, the hardware complexity can be reduced more. On the other hand, we note that v(n)
dominates the eigenvalue spread of the sum signal d(n). It is better to use v(n) instead
of z(n) to avoid the performance degradation. Thus, we propose to use v(n) as the input
to the weight update part in the adaptive echo canceller as shown in Fig. 4.29. In this
figure, every iteration the coefficients are updated according to (4.40) with the input v(n),
and then the updated coefficients are used in the filter part with the input d(n). Compared
with the design in Fig. 4.25, the hardware complexity of weight update part can be further
reduced.

Next, we provide experimental results to illustrate the performance of the proposed
weight-updating scheme. In Fig. 4.29, z(n) is assumed to be a PAM-16 signal, and w(n) is
assumed to be Gaussian White noise with zero mean and variance 0.00003. For simplicity,
the echo channel is assumed to be a 5-tap FIR filter with randomly generated coefficients.
In addition, the coefficients of the TH precoder corresponding to the short cable are used
as the coefficients of H(z).

Fig. 4.30 shows different learning curves by applying the different input signals to the
weight update part in the adaptive echo canceller. In this figure, each learning curve is

obtained by averaging the results over 20 independent experiments. In order to give a fair
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Figure 4.30: Comparison of learning curves of the proposed design with different adapting
signals

comparison, a fixed step size = 5e — 5 is used for all three cases. From the figure, we
see that the convergence speed of the proposed weight update scheme with input v(n) is
similar as the design with input d(n). By observing the mean square error (MSE) during
the steady state, we find that the performance difference is negligible. However, if using
x(n) as the input to the weight update part in Fig. 4.29, we see that the convergence speed
is slow. This is because the input statistical distribution is greatly changed by replacing
d(n) using x(n) in the weight update part.

For comparison, the performances of the traditional design (Fig. 4.24) and our previous
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Figure 4.31: Performances of the tradition design (Fig. 4.24) and our previous design (Fig.
4.25)

design (Fig. 4.25) are also presented in Fig. 4.31. From this figure, we see that our previous
design has the similar performance as the traditional design, which again demonstrates our
previous work. If comparing the results shown in Fig. 4.30, we see that the proposed weight
update scheme with input v(n) exhibits a slower convergence speed. This is because the
eigenvalues of the correlation matrix of the input signal in the proposed design is widely
spread after changing the original input signal. According to [84], the time taken to converge
will be longer for larger eigenvalue spread. In addition, we notice that the performance
penalty of the proposed weight update scheme is negligible. It should be noted that the

proposed method is general and can be applied to NEXT cancellers in the application of

10GBASE-T.

4.4.3 Computer Simulations and Hardware Comparison

In this section, we apply the proposed method to the application of 10GBASE-T. Fixed
point simulations are performed to evaluate the system performance in terms of the residual

error signal power by applying the proposed scheme. In addition, the hardware complexity
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Figure 4.32: The proposed transceiver architecture of one pair in a 10GBASE-T Ethernet
System

analysis is performed to show the complexity reduction of the proposed architecture for
adaptive echo and NEXT cancellers by using the word-length reduction technique.

Fig. 4.32 shows the proposed architecture of the 10GBASE-T transceiver for one pair.
The simulation is performed under Cat-6 unshielded twisted-pair (UTP) channel environ-
ment. The measured data of channel models with different lengths can be obtained from
the IEEE 802.3an website [6]. For simplicity, FEXT crosstalk is not considered in our
simulation, because it does not affect the performance of echo and NEXT cancellers. A
PAM-2 signal is used as the training symbol while data symbol is assumed to be PAM-16.
In addition, the transmit power is assumed to be 5dBm, AWGN power is assumed to be
-150dBm. We also assume the number of taps in each echo canceller is 500, the number of
taps in each NEXT canceller is 300, the number of taps in each TH precoder is 13, and the
number of taps in each feed-forward equalizer (FFE) is 64.

Table 4.15 shows the performance comparison in terms of residual error signal power
at the input to the FFE. In the simulation, we use the same word-length setup as shown

in Table 4.12, and evaluate the proposed design over Cat-6 measured channel models with
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Table 4.15: Residual error signal power at the inputs to the FFE for different designs,
AWGN=-150dBm

Measured | Residual noise level at the input to the FFE (dB)

Cat-6 UTP | Traditional Design | Modified Design | Proposed Design
Cable in Fig. 4.21 in Fig. 4.22(b) in Fig. 4.32
100m —63.25 —63.28 —61.71
75m —63.28 —63.36 —62.16
55m —63.27 —63.27 —62.17

different lengths: 100m, 75m, and 55m respectively. As we can see from this table, the pro-
posed design has around 1.5dB performance penalty compared with the traditional design
and our previous design in previous section.

To evaluate the hardware cost of the proposed design, we use XOR2 (Cyor), 1-bit D
flip-flop (Creg), and basic 2-input gates (Cgqre) such as NAND2, NOR2, etc., to represent
the total cost of the adaptive echo and NEXT cancellers, where Cyop, Creg, and Cyqe are
technology dependent constants. For example, a one-bit full adder can be represented as
Cto = 2 X Cyor + 3 X Cyate- Furthermore, we assume the same normalized technology
constants as in Section 4.3.2, i.e., Cyqte = 1, Cpor = 1.75, and Cyey = 5.5.

Table 4.16 shows the hardware complexity comparison of the resulting adaptive echo and
NEXT cancellers by applying different architectures. From this table, we can see that the
proposed architecture can save the hardware cost of total adaptive cancellers about 42.02%,
while the previous design in [5] can only save about 10.08%. The further cost reduction is
mainly due to the word-length reduction of the input signal at the weight update part. As
we can see from the table, the hardware cost of the weight update part in both echo and

NEXT cancellers has been greatly reduced in the proposed architecture.
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Table 4.16: Hardware Complexity Comparison of three designs

Traditional Design | Modified Design | Proposed Design

in Fig. 4.21 in Fig. 4.22(b) in Fig. 4.32
Echo canceller 560354 320268.5 320268.5
(filter part)
Echo canceller 545000 545000 145250
(update part)
NEXT canceller 1008644 576387.5 576387.5
(filter part)
NEXT canceller 981000 981000 261450
(update part)
Overhead 0 337339.5 491269.5
Cost for one pair 3094998 2759995.5 1794625.5
Total cost (x4) 12379992 11039982 7178502
Saving -/- 10.82% 42.02%

4.5 Conclusion

In this chapter, the problem of low complexity and low power designs of echo and NEXT
cancellers has been addressed in the application of 10GBASE-T ethernet systems. First,
we have proposed a new adaptive tap management algorithm to design echo and NEXT
cancellers by exploiting sparse characteristics of the Cat-6 UTP copper channel. The pro-
posed algorithm exhibits a significant computational complexity reduction as well as a faster
initial convergence speed, compared with conventional LMS. An area saving architecture is
also presented to implement our new algorithm. Experiment results show that, by using the
proposed method in gigabit transceiver design, we are able to achieve 50% and 29~66.7%
computation cost reduction in terms of multiplication during the initial training stage and
steady stage respectively. The benefit from the computational complexity reduction can
lead to a power efficient design in the application of 10GBASE-T.

Then, we have proposed a new word-length reduction scheme for low complexity de-

sign of echo and NEXT cancellers. Based on the equivalent form of a THP precoder, we
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propose to replace the original input signal to the echo and NEXT cancellers with a finite
signal which is the sum of the original signal and a finite compensation signal. In order to
reduce the word-length of this modified input signal, a data encoding and decoding scheme
is developed with little hardware overhead. Furthermore, the statistical properties of the
compensation signal v(n) is studied and an improved design is proposed to further bring
down the hardware cost. It is shown that this improved design can also be optimized for
a low power design by minimizing internal switching activities. Compared with the tradi-
tional design, the proposed echo and NEXT cancellers have exact input without suffering
from the quantization problem, and thus they are more suitable for VLSI implementation.
The proposed method can also be applied to design adaptive echo and NEXT cancellers.
However, direct application leads to an unacceptable performance degradation and slow
convergence speed. To solve these problems, a modified design is developed. This modified
design can achieve similar performance as the traditional design. In addition, it inherits
the advantage of the proposed method such that it can lead to a low complexity design.
It is shown that, the resulting adaptive echo and NEXT cancellers by using the modified
design can save hardware cost by about 10.82%. Detailed simulations under the Cat-6 UTP
channel environment also verify the effectiveness of the modified design.

Finally, we have presented a novel weight-updating scheme to further reduce the hard-
ware cost of echo and NEXT cancellers in the application of 10GBASE-T. Unlike our pre-
vious design, the proposed scheme can reduce the hardware cost of the weight update part
in adaptive echo and NEXT cancellers, thus the overall hardware cost of these cancellers
can be further reduced. It is shown that, by applying the proposed method to the gigabit
transceiver design, we are able to reduce the hardware cost by about 42.02% only with

about 1.5dB performance penalty, compared with the traditional design.
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In a summary, our proposed methods can be applied to the design of adaptive echo and
NEXT cancellers in a 10GBASE-T system. By using the proposed approaches, the overall
hardware cost of these cancellers can be reduced. The hardware complexity reduction can
also lead to the saving of the dynamic power consumption, as Pyynamic = @Cr.Vyq far, where
C, is the load capacitance, Vy, is the supply voltage, and f. is the clock frequency [66].
Especially, during the normal data transmission mode, the power consumption of filter part
in these cancellers is dominant because the weight update part operates in a much slower
speed than the filter part. Thus, larger hardware cost reduction in filter part will lead to

more savings of overall power consumption.
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Chapter 5

Design of Stable IIR Echo and

NEXT Cancellers

5.1 Introduction

In many applications, finite impulse response (FIR) filters are preferred due to their advan-
tages over infinite impulse response (IIR) filters. For example, an FIR filter is always stable
and less sensitive to the quantization effect. In addition, an FIR filter can be designed
to have a strictly linear phase and the FIR filtering operation can be efficiently computed
by applying the Fast Fourier Transform (FFT) algorithm [83]. However, to meet a given
magnitude-response specification, an FIR filter usually requires a larger number of taps
than an IIR filter. Thus the hardware cost of an FIR filter is more expensive than that of
an IIR filter as the hardware cost in terms of chip area and power consumption is directly
related to the total number of taps in the filter. If the phase response is not important,
approximating a long FIR filter by an IIR filter (or pole-zero filter) with a smaller number of

taps including numerator and denominator will reduce the overall hardware cost. Because
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an ITR may not be stable, it is not trivial to find a stable IIR filter corresponding to a given
long FIR filter.

Previous studies on this problem are mostly focused on the decision feedback equaliza-
tion application [74,75]. Specifically, in [74], an adaptive IIR algorithm was developed to
iteratively compute the coefficients of the approximate IIR filter. To avoid the local optima
and make stability easy to monitor, the approximate IIR was assumed to have only two
poles or less, which limited its application in cases where a two-pole model is not adequate.
However, this restriction was eliminated in [75], where a Generalized ARMA-Levinson al-
gorithm was developed to compute the coefficients of the approximate IIR filter. This
algorithm is computationally efficient and also applicable to the model of IIR filters with
unequal numbers of poles and zeros.

Motivated by previous work, in this chapter, we propose a new efficient method for
computing the optimal coefficients of the stable IIR filter, assuming that the coefficients
of the target FIR filter are known. Unlike the existing approaches, we first formulate an
optimization problem which minimizes the mean-square error (MSE) between the target
FIR filter and the approximate IIR filter. This MMSE problem can be solved by use of
many methods in [23,24,26]. By exploiting the structured matrices in the MMSE solution,
the computational complexity can be further reduced. The proposed method is general and
does not make any assumption on the number of poles and zeros of the approximate IIR
filter. Numerical results show that the proposed method is as accurate as the Generalized
ARMA-Levinson algorithm but with much lower computational complexity.

The rest of the chapter is organized as follows. In Section 5.2, the proposed approach for
stable IIR filter modeling of long FIR filters is presented in detail, and a complexity anal-

ysis is performed to compare the proposed method with the Generalized ARMA-Levinson
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algorithm. In Section 5.3, numerical results are presented and discussed. Finally, Section

5.4 concludes the work of this chapter.

5.2 The Proposed Method

In this section, the problem formulation is first introduced and then the MMSE solution
is derived by exploiting the structured matrices. The computational complexity of the
proposed method is also analyzed and compared with the Generalized ARMA-Levinson

algorithm [75].

5.2.1 Problem Formulation

¢ L taps ¢
x(k) Target FIR filter H(z) y(k)
ulk) A e(k)
o ¢
L — —
B(z)-1

Figure 5.1: A generalized system identification model

We consider a generalized system identification model as shown in Fig. 5.1. The target
long FIR filter is assumed to be H(z) with L taps, and the approximate system is assumed
to an IIR filter, %, with ¢ zeros and p poles, respectively.

Let z(k) denote the input signal to both filters, then the output of the target FIR filter

H(z) can be expressed as
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where h(i),i =0,...,L — 1 represents the coefficient of the target long FIR filter.

W(z)

Similarly, the output of the approximate IIR filter can be expressed as

B(z)
q
u(k) =Y w(i)a(k —i) =Y b(H)ulk — ), (52)
i=0 Jj=1
where w(i),i = 0,...,q represents the coefficient of the numerator part of the IIR filter, and

b(i),j = 1,...,p represents the coefficient of the denominator part of the IIR filter. If we
define the coefficient vectors w 2 [w(0),w(1),...,w(q)], and b = [b(1),b(2),...,b(p)]",

equation (5.2) can be written as

u(k) = wix(k) — bfu(k — 1), (5.3)

where the superscript H denotes Hermitian transposition, x(k) is a (¢+ 1) x 1 input vector

and u(k — 1) is a p x 1 symbol vector containing the past p symbols

uk —1) = [u(k —1),u(k —2),...,u(k — p)=.

The error signal e(k) in Fig. 5.1 is then given by

e(k) = y(k) — u(k)

= y(k) — wx(k) + bTu(k — 1). (5.4)

W(z)
B(z)

Our objective is to approximate the target long FIR filter H(z) by the IIR filter
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This can be achieved by adjusting the coefficients of the IIR filter, w and b, such that the
mean square error E[|e(k)|?] is minimized. In this paper, the well-known MMSE criterion

is applied to formulate this minimization problem, i.e.,

min.  Ele(k)?]

sub. H(z) is known, (5.5)

where E[-] denotes the expectation operator.

To solve this problem, recursive methods by applying adaptive algorithms such as least
mean square (LMS) algorithm [84] can be used. However, the IIR filter structure shown in
Fig. 5.1 will degrade the performance of the LMS algorithm. For example, the convergence
speed will be slow and the optimal minimum may not be always obtained. In addition, the
stability of the algorithm can not be always guaranteed [57,74]. In this paper, we derive a

computationally efficient solution for this problem by exploiting the structured matrix.

5.2.2 Optimal MMSE Solution

In the following analysis, we assume the input signal z(k) is i.i.d. with unit variance, i.e.,

2

Oy

= 1. We also assume previous p estimates are correct, i.e., u(k — i) = y(k — i) for

1 < <p. Then (5.4) can be rewritten as

“(8) = o)~ it 1] , (5.6)
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where y(k —1) = [y(k —1),y(k — 2),...,y(k — p)]*’. From (5.1), we can represent y(k — 1)

as

y(k —1) = Hx(k — 1), (5.7)

where H is the p x (L + p) convolution matrix

ho h1 ... hp_1 0 0
0 ho h ... hp—1 ... 0

H = 3
0 0 ho hy hr—1

and X(k — 1) isa (p+ L) x 1 input vector

x(k—1) =[xk —1),z(k—2),...,z2(k —p — L).

Applying the orthogonality principle [23,25], we get

E e(k) } =o0. (5.8)

Substituting (5.6) into (5.8), we have

Ryr  Ryy \4 01

Rye Ry, | | —b 0,
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and then the optimal coefficients of the approximate IIR filter can be obtained from
-1
w Ry ny th
: (5.10)

where

Ry = Ex(k)x" (k)] = I i1,

Ry, = Ely(k—1)y"(k—1)]=HH,

Ry = RI,

Ry = Elx(k)y"(k-1)]

Elx(k)x (k — 1)H]

01 O1x(L4p—q)

Iqu 0q><(L—l—p—q)

0 0
ho 0
hi ko
hg1 hga ...

0

0

0

hg—p ]

.HH

(g+1)xp
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01 = E [x(k)y(k)"]

ho
ha

[I<q+1>x<q+1> 0(q+1>x(L—q—1)] '

hr,

H
= [ho,hl,..w hq}

and

0 = E[y(k—1)y(k)"]
= E[Hx(k - 1)y(k)"]
ho

hi

hr,

Opxl

Unlike the optimal solution derived for MMSE decision feedback equalizers in [26, 28],
the MMSE solution derived above is unrelated with the decision delay. In addition, it is
noted that 6 is not equal to zero, which limits the further simplification of (5.10) as was
done in [26]. Thus the fast algorithm proposed in [26,28] for computing the MMSE solution
is difficult to apply.

On the other hand, directly performing the matrix inversion will be computationally
expensive if the size of the block matrix in (5.10) is large. In order to reduce the size of

matrix involved in inversion operation, we apply the matrix inversion formula [76] to (5.10),
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and get
w Ry, O(g+1 01
_ (g+1)xp n
—b _OpX(q+1) 0pxp 02
—Ray | | 61
¢ —Ryz, Ly , (5.11)
L Ip><p 02

where ® is a p X p symmetric matrix

=Ry, — Ry Ryy.

It can be seen that the size of the matrix involved in inversion operation has been reduced
to p x p. By applying fast algorithms on Cholesky factorization [24,25], the matrix inversion
operation can be performed efficiently in O[p?] operations.

It should be noted that the MMSE solution in (5.11) has no restrictions on the number
of poles p and the number of zeros ¢ in the approximate IIR filter. In other words, the
proposed solution is general for different values of p and ¢. Similar to the Generalized
ARMA-Levinson algorithm, the generated IIR filter by using the proposed solution is always
guaranteed to be stable. This can be shown by using the facts that the denominator B(z)

has all the roots strictly inside the unit circle [77].

5.2.3 Computational Complexity Comparison

Next, the computational complexity of the proposed solution is analyzed. For the purpose
of comparison, the computational complexity analysis of the Generalized ARMA-Levinson
algorithm is also presented. In the analysis, we assume the computational complexity is

dominated by the multiplication operations, and then calculate the number of multiplica-
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Table 5.1: Computational complexity of the proposed solution

Computation Multiplication
(for p > q) (for p < q)
Ry, p+1(L -5 (@+1(L-%)
Ry, Ryy 0 0
01 0 0
) 0 0
® =Ry, — Ry Ryy 0 0
o1 2p? 2p?
01 2 2

[—Rye, Ipxp] 0, (> +4q)/2 pq+p/2—p°/2

1| X 2 2
@ {X ] p p

px1

—R; X

[I y} [X] (¢* +4q)/2 pq+p/2 —p*/2
PXp px1
_bp _ D

ot GIDE -5 GrDE D)

132+ > +q +2pg+2p° +p

tions required to find the optimal coefficients of the approximate IIR filter.

Table 5.1 summarizes the required computations of the proposed method and their

complexity in terms of multiplication operations. From this table, we see that:

(1) Ry, only requires (p+ 1)(L — &) multiplications, which is obtained by calculating the

number of multiplications required for computing the first row of Ry, i.e., (L + L —

1+---4+ L —p). This is because Ry, is real symmetric, and we only need to compute

the first row of Ryy;

(2) Rgy and Ry, require no multiplications because all the elements of the matrix can be

obtained from the coefficients of the target FIR, which is assumed to be known;

(3) 61 requires no multiplications because it can be obtained by taking the first ¢ + 1
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coefficients of the target FIR;

(4) 6 requires no multiplications because it can be obtained by taking the first row of

R, except the first element;

(5) @ requires no multiplications because Ry, is obtained by taking the first ¢ columns
of H, and the number of multiplications required in the computation of R,,;R;, is

already computed when computing Ry, .

In this table, we also assume the matrix inversion of ® requires 2p? multiplications by
using the fast algorithm in [24,25]. Moreover, by noticing the zeros in R, for different p
and g, we calculate the total number of multiplications for p > ¢ and p < ¢, respectively. It
can be seen that when p >> ¢, the total computational complexity is in O[2.5p?] operations;
when p << ¢, the total computational complexity is linear with q.

Table 5.2 summarizes the required computations of the Generalized ARMA-Levinson
algorithm [75] and their complexity in terms of multiplication operations. In this table,
each matrix involved in the computation has the size of 2 x 2. In calculating the number
of multiplications for each step, we should notice the special structure of each matrix as
shown in [75]. Specifically, R(7),1 < i < m has a second row of all zeros, @g has a second
row of all zeros, and Af 41 also has a second row of all zeros. In addition, E;-c is a diagonal
matrix, and thus the inversion of Zj-c only requires 2 multiplications. However, 22 has no
special structures and its inversion operation is assumed to be 8 multiplications. Therefore,
the total number of multiplications is (m + 1)(L — %) + 16 + (5m + 32)(m — 1), where
m = maz(p,q).

Fig. 5.2 shows the computational complexity in terms of the number of multiplications
versus the number of zeros ¢ for the proposed method and the Generalized ARMA-Levinson

algorithm. In this figure, the number of poles is fixed, i.e., p = 50, and the length of the
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Table 5.2: Computational complexity of the Generalized ARMA-Levinson algorithm, m =
maz(p, q)

Computation Multiplication
Initialization:

R(i),0<i<m (m+1)(L-1%3)
e! =K/ = —R(1)R1(0) 2
Tl =K} =-R(-1)R7Y(0) 2
»/ = (1- K/K)R(0) 242
=% = (1- KYK{)R(0) 4+4
For 1 < j <m — 1, repeat:

Al =R(j+1) + OJR(j) + -+ OIR(1) m(m —1)
K?H = _A;'CH(Z?)A (4+8)(m—1)
K?‘+1 = _A;il(zj'c)*l 4(m —1)
>/, =1-K/ K )=/ (2+2)(m—1)
0, = ([1-K K], (4+8)(m—1)
e/t =e + K£+1‘I';'—i+1v l<i<j 2m(m — 1)
@ﬁﬁ = K{H ) 0
U =+ K0, 1< <) 2m(m — 1)
‘I’;E - Ki 0
Total (m+1)(L—-"2)+16

target FIR filter is set as L = 64. It can be observed that the proposed method has lower
computational complexity than the Generalized ARMA-Levinson algorithm. Especially for
p < ¢, we see that the computational complexity of the proposed method is linear with ¢;
however, the computational complexity of the Generalized ARMA-Levinson algorithm is
quadratic with g. Thus, the proposed method has much lower computational complexity
than the Generalized ARMA-Levinson algorithm when the number of zeros ¢ is larger.
Fig. 5.3 shows the computational complexity reduction of the proposed method com-
pared with the Generalized ARMA-Levinson algorithm for L = 64 and p = 50. In this
figure, the complexity reduction rate is defined as (C; — C3)/C1, where C; denotes the

computational complexity of the Generalized ARMA-Levinson algorithm, and Cs denotes
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Figure 5.2: Computational complexity of the proposed method and the method in [75]
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Figure 5.3: Complexity reduction compared with the method in [75]

the the computational complexity of the proposed method. From this figure, we see that

the proposed method can reduce more than 23% of the overall computational complexity.
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Specifically, when p > ¢, the complexity reducion rate starts at around 40% and decreases
as the increase of g. When p = ¢, it reaches the minimum point at around 23%. After
that, the complexity reduction rate continues to increase as the increase of ¢. As we can
see from this figure, around 68% complexity reduction can be achieved when ¢ = 100 by
using the proposed method. In our further study, we find that the complexity reduction
rate will approach 100% by keeping increasing ¢. This is reasonable because when ¢ >> p,

the approximate filter can be viewed as an FIR filter and thus no computations are needed.

5.3 Numerical Results and Discussions

In this section, we apply the proposed method to find the stable pole-zero approximation of
long FIR filters with much fewer parameters. Numerical results are presented to validate the
applicability of the proposed method. For the comparison against the Generalized ARMA-
Levinson algorithm, we use the normalized norm tap error (NNTE) [75] as a measure to
evaluate the performance of the proposed method. In addition, the computation time
of both methods is simulated using MATLAB to further demonstrate the computational
advantage of the proposed method.

We first consider the pole-zero approximation of long FIR feed-forward and feedback
filters in the application of decision feedback equalizers (DFE). Similar to [75], we can
assume the target FIR feed-forward filter has 98 taps, and the target FIR feedback filter
has 64 taps. Since it is easier to model the decaying tail of the FIR filter following the peak,
we decompose the FIR feed-forward filter into two parts and then approximate each part
separately [75].

Fig. 5.4 shows different pole-zero approximations of the first part of the feed-forward

filter by using the proposed method. In this figure, the target FIR filter has 40 taps and
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Table 5.3: NNTEs of pole-zero approximations of a 40-tap FIR filter (dB)
D ‘ q ‘ The method in [75] ‘ Proposed method

3|2 —37.3237 —37.3237
5|2 —44.7648 —44.7648
6|2 —48.0655 —48.0655

47.1549—6.4777D—24.4024 D?
’ 1-1.0134D—.2416D2+.3091 D3 —.0193D*+.0131D>+.0028 D6

it is obtained by truncating the IIR filter
From this figure, we see that the proposed method generates fairly accurate approximations
with fewer total number of taps. To further demonstrate this, the NNTE is calculated for
each set of parameters as shown in Table 5.3. In this table, the NNTE obtained by using
the method in [75] is also listed for comparison. It can be seen that both methods have the
same accuracy for different sets of parameters. In addition, the pole-zero approximation
will be more accurate if the total number of taps is increased.

Pole-zero approximation of a 40—tap FIR filter

50 T T T T T
sk \ Target FIR filter |
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Figure 5.4: Pole-zero approximations of the first part of the feed-forward filter

Fig. 5.5 shows different pole-zero approximations of the second part of the feed-forward

filter by using the proposed method. In this figure, the target FIR filter has 58 taps and it is
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Table 5.4: NNTEs of pole-zero approximation of a 58-tap FIR filter (dB)

D ‘ q ‘ The method in [75] ‘ Proposed method

211 —32.0137 —32.0137
313 —32.6067 —32.6067
6|6 —35.2739 —35.2739

: : —6.033742.5235D+.6947D2+.7904D34.7084D*+.2405.D5 —.1915D%
obtained by truncating the IIR filter, 1—.9082D—.3155D2+.0725D5—.0224D3+.0965 D> +.0914 D6

As we can see from this figure, the target FIR filter can be approximated well by using dif-
ferent pole-zero models. Table 5.4 summarizes the achievable NNTEs for different pole-zero
approximations by using proposed method and the method in [75]. Similar observations

can be found from this table.

Pole-zero approximation of a 58-tap FIR filter
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Figure 5.5: Pole-zero approximations of the second part of the feed-forward filter

Fig. 5.6 shows different pole-zero approximations of the feedback filter by using the pro-

posed method. In this figure, the target FIR filter has 64 taps and it is obtained by truncat-

: —14.7325D+.572D%—.2791 D3 :
ing the IR filter, {—=msp5 365077 304305~ 520001 1 063605 015705 1004807+ [\gain we can

see from this figure that the generated pole-zero models by using the proposed method can
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Table 5.5: NNTEs of pole-zero approximations of a 64-tap FIR filter (dB)
D ‘ q ‘ The method in [75] ‘ Proposed method

3|2 —31.8049 —31.8049
414 —49.7145 —49.7145
6|3 —40.2330 —40.2330

approximate the target FIR filter fairly well. Table 5.5 summarizes the achievable NNTEs
for different pole-zero approximations by using proposed method and the method in [75].
From this table, we note that increasing p and/or ¢ may not lead to a better approximation,
depending on the target FIR filter. This observation is consistent with the results in [75].

Pole-zero approximation of a 64—tap FIR filter
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Figure 5.6: Pole-zero approximations of the feed-forward FIR filter

Next we apply the proposed method to generate stable pole-zero models for long FIR

echo cancellers used in high speed Ethernet transmission system. In this paper, Cat-6

unshielded twisted-pair (UTP) measured channel model with the cable length 100 meters is
used and it can be obtained from the IEEE 802.3an website [9]. In addition, the FIR based

echo canceller is assumed to have 500 taps. If the long echo canceller can be approximated by
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an IIR filter with fewer total number of taps while still maintaining satisfactory cancellation
performance, the hardware cost will be greatly reduced.

Fig. 5.7 and 5.8 show the pole-zero approximations of a 500-tap FIR based echo canceller
for two different sets of p and ¢. It can be seen that both approximations are fairly good. To
further evaluate the performance of the approximation, the achievable NNTEs for pole-zero
approximations with different sets of parameters are listed in Table 5.6. From this table,
we see that by increasing the number of zeros ¢, the approximation will be more accurate.
Similar observation can be found when increasing the number of poles p. We also note that
for the same total number of poles and zeros, the approximation with more poles is better
than the approximation with more zeros. This suggests that the pole-zero approximation
depends on the target FIR filter, and it is important to specify the objective of optimization
to achieve the best results. For example, one can pursue best accuracy of approximation
under certain hardware complexity constraint.

Pole-zero approximation of a 500-tap FIR Echo canceller
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Figure 5.7: Pole-zero approximation of a 500-tap FIR echo canceller, p = 80, ¢ = 50
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Pole-zero approximation of a 500-tap FIR Echo canceller
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Figure 5.8: Pole-zero approximation of a 500-tap FIR echo canceller, p = 50, ¢ = 80

Table 5.6: NNTEs of pole-zero approximations of a 500-tap FIR echo canceller (dB)

P ‘ q ‘ The method in [75] ‘ Proposed method

50 | 70 —25.5608 —25.5608
50 | 80 —25.9402 —25.9402
50 | 100 —27.2540 —27.2540
80 | 50 —27.0733 —27.0733
90 | 50 —27.7595 —27.7595
100 | 50 —28.1672 —28.1672

Finally, to further demonstrate the analysis in Section 5.2.3, we compare the computa-
tion time required to generate the pole-zero models by applying the proposed method and
the method in [75]. The simulations are performed based on a 2.0GHz Pentium PC running
Window-XP. The required computation time can be obtained by calculating the cputime
using MATLAB. Table 5.7 shows the simulation results for those two methods under differ-
ent sets of parameters. It should be noted that the computation time for each case listed

in this table is obtained by averaging the cputime over 100 independent experiments. From
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Table 5.7: Comparison of required computation time simulated in MATLAB

P ‘ q ‘ The method in [75] ‘ Proposed method ‘ Speedup

600 | 100 2.8737s 0.1932s 14.9x
800 | 100 4.5650s 0.3449s 13.2x
800 | 400 4.7689s 0.5163s 9.2x

800 | 700 5.0088s 0.7485s 6.7x

100 | 600 2.7794s 0.0118s 235.7x
100 | 800 4.5578s 0.0179s 254.6x
100 | 1000 6.9722s 0.02365s 295.4x

this table, we see that for different sets of parameters, the speedup of the proposed method
over the method in [75] is obvious. For example, when p = 800 and ¢ = 100, the proposed
method is computationally faster than the method in [75] by a factor about 13x. However,
when increasing ¢, the speedup factor is reduced till ¢ exceeds p. This observation is in fact
consistent with the curve shown in Fig. 5.3. As we can see from the table, when ¢ > p,
for example, p = 100 and ¢ = 800, the speed up of the proposed method is about 250x.
Especially, when ¢ is much larger than p, the speedup is even larger. This is because when
q > p, the computational complexity of the proposed method is linear with ¢, however, the
computational complexity of the method in [75] is quadratic with ¢, which further verifies
the analysis in Section 5.2.3. Thus, the proposed method is computationally more efficient

and faster than the Generalized ARMA-Levinson algorithm.

5.4 Conclusion

In this chapter, we have presented a new approach to compute the optimal settings of the
pole-zero models of long FIR filters. The proposed method is derived based on the MMSE
formulation of a system identification problem. Instead of solving the MMSE problem

recursively, a computationally efficient solution is developed by exploiting the structured
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matrices. This new approach is guaranteed to be stable and numerically accurate. It is
also general and applicable to cases with unequal numbers of poles and zeros. We have
demonstrated that the proposed method can generate stable pole-zero approximation of
long FIR filters in the application of DFE and echo cancellers. Numerical results show
that using the proposed method results in speedups of much faster than the Generalized

ARMA-Levinson algorithm, while achieving the same accuracy.
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Chapter 6

Conclusion and Future Work

6.1 Conclusion

This thesis has presented low complexity and low power design methodologies for efficient
implementation of various DSP blocks including channel equalization and noise cancellation,

targeting at the high speed Ethernet transmission systems, such as 10GBASE-T.

First, treating FEXT as noise, we have presented a novel feedforward FEXT canceller
with TH precoding by overcoming the limitations of prior techniques on FEXT cancellation.
In order to speed up the proposed FEXT canceller, a modified design is also developed by
eliminating the feedback loops in the FEXT canceller. Compared with the traditional FEXT
cancellation approaches, the proposed FEXT canceller can deal with the non-causal part
of FEXT, and thus can achieve better cancellation performance. Due to the use of the TH
precoders, the error propagation problem is also alleviated in practice. Detailed simulations
have been performed under Cat-6 UTP channel environment to verify the effectiveness of

proposed designs in the 10GBASE-T application.

By noting that FEXT inherently contains useful information from far-end transmitters,



6.1 Conclusion 163

we have proposed to use MIMO technique to deal with FEXT as signal rather than noise.
First, a classical MIMO-DFE based receiver architecture is developed to demonstrate the
advantage over the traditional receiver design, where FEXT is cancelled as noise. It is
shown that the proposed architecture overcomes the limitation of the traditional schemes
and achieves a better SNR performance and lower receiver complexity. It is also noted
that, with the same echo and NEXT complexity, the joint equalization and cancellation
structure is not necessarily superior to the separate equalization and cancellation struc-
ture in the MMSE sense. We have also presented a new method to compute the optimal
coefficients of the MIMO equalizers and cancellers. The proposed approach is exact and
applicable to the general MIMO DFE computation as well as such cases where echo and
NEXT cancellers have a large number of taps with different lengths, which usually make
Al-Dhahir’s method inefficient. It is shown that, by using the proposed method, we are able
to achieve about 63.8% computation cost reduction in terms of multiplication operations
compared with the existing methods. This computation speedup also makes the analysis
easier when Alien crosstalk such as ANEXT is considered in the channel model. Although
the advantage of the MIMO equalization technique has been demonstrated, the classical
MIMO-DFE based receiver architecture suffers from error propagation problem in real ap-
plications. To eliminate this problem, a new equalization scheme is proposed by combining
the MIMO equalization technique and TH precoding technique to deal with both ISI and
FEXT. Different with the existing works, the proposed designs inherit the advantage of
MIMO equalization and also alleviate the error propagation. In addition, they comply
with the 10GBASE-T standard and are also suitable for high speed application because
feedback loops in the receiver is completely removed so that pipelining techniques can be

easily applied. Simulation results verify that the proposed design can achieve much better



6.1 Conclusion 164

performance in terms of decision-point signal-to-noise ratio (DP-SNR) than conventional
techniques. It is also shown that the hardware complexity of the transceiver can be reduced

by about 37.2% by utilizing the increased DP-SNR in the proposed designs.

For low complexity and low power design of echo and NEXT cancellers, we have mainly
focused on two different aspects to address this problem. First, we have proposed a new
tap management algorithm to design echo and NEXT cancellers by exploiting sparse char-
acteristics of the Cat-6 UTP copper channel. Experiment results show that, by using the
proposed method in gigabit transceiver design, we are able to achieve 50% and 29~66.7%
computation cost reduction in terms of multiplication during the initial training stage and
steady stage respectively. The benefit from the computational complexity reduction can
lead to a power efficient design in the application of 10GBASE-T. Second, we have pro-
posed a new word-length reduction scheme for low complexity design of echo and NEXT
cancellers. In addition, the statistical properties of the compensation signal v(n) is stud-
ied and an improved design is proposed to further bring down the hardware cost. It is
shown that this improved design can also be optimized for a low power design by minimiz-
ing internal switching activities. Compared with the traditional design, the proposed echo
and NEXT cancellers have exact input without suffering from the quantization problem,
and thus they are more suitable for VLSI implementation. The proposed method can also
be applied to design adaptive echo and NEXT cancellers with some modification. This
modified design can achieve similar performance as the traditional design, but with lower
hardware complexity. By studying the sum of two adaptive filters, we have proposed a novel
weight-updating scheme to further reduce the hardware cost of echo and NEXT cancellers
in the application of 10GBASE-T. Unlike our previous design, the proposed scheme can

reduce the hardware cost of the weight update part in adaptive echo and NEXT cancellers,



6.2 Future Research Direction 165

thus the overall hardware cost of these cancellers can be further reduced. It is shown that,
by applying the proposed method to the Gigabit transceiver design, we are able to reduce
the hardware cost by about 42.02% only with about 1.5dB performance penalty, compared

with the traditional design.

Finally, we are interested in approximating a long FIR filter by an IIR filter (or pole-zero
filter) with a smaller number of taps including numerator and denominator to reduce the
overall hardware cost. we have presented a new approach to compute the optimal settings
of the pole-zero models of long FIR filters. The proposed method is guaranteed to be stable
and numerically accurate. It is also general and applicable to cases with unequal numbers
of poles and zeros. We have demonstrated that the proposed method can generate stable
pole-zero approximation of long FIR filters in the application of DFE and echo cancellers.
Numerical results show that using the proposed method results in speedups of much faster

than the Generalized ARMA-Levinson algorithm, while achieving the same accuracy.

6.2 Future Research Direction

This thesis has proposed several approaches to improve the performance and reduce the
cost of various DSP blocks in a high speed DSP transceiver. Further research efforts can

be directed in the following.

As we mentioned in Chapter 4, the computational complexity of echo and NEXT can-
cellers can also be reduced at algorithmic level. For example, the linear convolution opera-
tion of these cancellers can be efficiently computed using Fast Fourier Transform (FFT) [78].
However, in practical high speed applications, such as 10GBASE-T, the frequency-domain
approach seems to be unpromising due to its drawbacks such as long block processing delay,

large memory and high precision requirements, especially when the length of the adaptive
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filter is very long (e.g., over several thousands). To address those problems, the multi-delay
filter (MDF) structure has been proposed [79] which partitions the adaptive filter into M
blocks each of length L, and then applies frequency-domain techniques such as FFT to
each block separately. As a result, the FF'T size is reduced and consequently the delay of
MDF algorithm is reduced by a factor of M compared to traditional fast LMS [78]. It is
also found that by using a small FFT size and updating the weights more often, the MDF
adaptive filter can achieve faster convergence speed and require smaller memory. Thus, it
is still promising to use frequency-based approach such as MDF to achieve the overall cost
reduction. Future research effort can be focused on efficient VLSI implementations of echo

and NEXT cancellers in frequency domain.

In Chapter 4, we have also proposed a low complexity and low power design of echo and
NEXT cancellers by exploiting the sparsity of echo and NEXT channel impulse responses.
Further optimization can be obtained by incorporating the frequency-domain technique.
However, we should note that sparsity in time domain may not be retained in frequency
domain. Thus, it would be interesting to investigate sparsity in frequency domain by in-
corporating MDF, in which the further algorithmic and architecture level optimizations of

combining partial update techniques with MDF algorithm would be a challenging task.

Finally, we note that the solutions presented in this thesis is optimized for each partic-
ular problem. Further research efforts would be devoted to a complete substantial VLSI

implementation by integrating all the proposed approaches for a practical application.
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