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Abstract

Digital subscriber line (DSL) technology is a very popular broadband access
technology. It uses the existing telephone infrastructure to provide broadband
access. In order to cope with the increased bandwidth demand to support
broadband services, such as, Video on Demand (VoD), real time multimedia
streaming, it is important to further improve the DSL.

The main performance degradation of the DSL system is caused by channel
impairments, such as, crosstalk and inter-symbol interference (ISI). Furthermore,
the discrete Fourier transform (DFT) based discrete multitone (DMT) system has
very poor spectral properties, which prohibit the use of tones at the band edges
in order to meet the power spectral density (PSD) constraints of the system, thus
reducing the achievable bit rate.

In order to mitigate the channel impairments as well as to combat the poor spectral
properties of the DFT based DMT, sophisticated signal processing techniques are
employed both in single-user DSL and multi-user DSL scenarios. These signal
processing techniques increase the overall run-time complexity of the DSL system,
which makes them hard to realize in practice. However, the DSL channel is
a very slowly time-varying channel, which allows for offline optimization of the
signal processing techniques such that their run-time complexity is reduced. This
necessitates efficient algorithms to reduce the overall run-time complexity without
affecting the system performance significantly.

In this dissertation, various resource allocation algorithms are investigated in order
to reduce the run-time complexity of the signal processing techniques without
sacrificing the performance of the system.

In the first part, resource allocation algorithms for the single-user DSL scenario
are investigated. In particular, the per-tone pulse shaping filter based DMT
transmitter and per-tone equalization (PTEQ) based DMT receiver will be
considered. Owing to various properties of the DSL channel, the use of a constant
number of non-zero filter taps in both the pulse shaping filter and the PTEQ is
seen to unnecessarily increase the run-time complexity and hence an allocation



procedure for the non-zero filter taps is called for. It can be seen that the
filter tap allocation problem is a combinatorial problem. In this dissertation,
we propose two approaches to reduce this combinatorial complexity: The first
approach is based on a contiguous filter tap selection and the second approach
is based on sparse approximation based filter design. It is shown that with both
of these methods the number of required non-zero filter taps and hence the run-
time complexity is reduced significantly. Furthermore, it is shown that the filter
tap allocation performs even better when employed in combination with transmit
power allocation.

In the second part, resource allocation algorithms for the multi-user DSL scenario
are investigated, where crosstalk cancellation is a crucial component. In the
presence of only additive white Gaussian noise (AWGN), it has been shown that
instead of performing a full so called linear zero-forcing (ZF) crosstalk cancellation
only few major crosstalkers may be canceled without significant performance loss.
Therefore, an optimum canceler allocation algorithm, known as partial crosstalk
cancellation, only cancels the major crosstalkers per line and per tone, resulting in
a significant reduction in run-time complexity. In this dissertation, we extend this
partial crosstalk cancellation concept to the scenario where spatially correlated
background noise is present. It is shown that in this scenario, minimum mean
square error (MMSE) based cancelers outperform linear ZF cancelers. However,
the optimal canceler allocation problem then has a prohibitively high complexity.
In this dissertation, we propose two approaches to reduce the complexity: the first
approach is based on a selection metric, which combines the information of in-
domain crosstalk with information of spatially correlated background noise. Based
on this selection metric the crosstalkers are ordered and selected for inclusion in
the linear MMSE cancellation. This approach is then extended to include non-
linear MMSE cancelers. The second approach, based on sparse approximation,
directly chooses the cancelers to be taken into account by first designing a sparse
linear MMSE canceler. Both of these approaches reduce the run-time complexity
while performing near optimally under the resource constraint. Furthermore, it is
shown that the spectrum balancing, i.e., transmit power optimization, combined
with partial crosstalk cancellation further reduces the number of canceler taps
required without sacrificing performance.



Korte Inhoud

Digital subscriber line’ (DSL)-technologie is een zeer populaire breedbandtoe-
gangstechnologie. Hierbij wordt gebruik gemaakt van de bestaande telefonie-
infrastructuur voor het aanbieden van breedbandinternettoegang. Om echter tege-
moet te komen aan de toenemende bandbreedte-vereisten van breedbanddiensten,
zoals o.a. Video on Demand (VoD) en real-time multimedia streaming, is het
belangrijk om DSL-technologie verder te verbeteren.

De grootste degradatie van DSL-performantie wordt veroorzaakt door kanaaldis-
torties zoals overspraak (crosstalk) en intersymboolinterferentie (IST). Bovendien
wordt discrete Fourier transform (DFT) gebaseerde discrete multitone (DMT)
gekenmerkt door slechte spectrale eigenschappen, dat het gebruik van tonen nabij
de spectrumgrenzen niet toelaat om te kunnen voldoen aan de zendvermogen-
beperkingen van het systeem. Hierdoor wordt echter de maximaal bereikbare
bitsnelheid beperkt.

Om de impact van de kanaaldistorties tegen te gaan en om de slechte spectrale
eigenschappen van DFT gebaseerde DMT systemen aan te pakken, worden
signaalverwerkingstechnieken gebruikt voor zowel enkele gebruiker als meerdere
gebruiker DSL scenario’s. Deze signaalverwerkingstechnieken verhogen de globale
runtime complexiteit van het DSL systeem, hetgeen praktische implementatie
vermoeilijkt. Het DSL kanaal is zeer traag tijdsvariAnrend waardoor offline
optimalisatie van de signaalverwerkingstechnieken mogelijk wordt, en dat toelaat
om de runtime complexiteit significant te reduceren. Dit vergt efficiAnnte
algoritmes om de globale runtime complexiteit te kunnen verlagen zonder de
systeemperformantie aan te tasten.

In deze thesis worden verschillende resource allocatie algoritmes onderzocht om
de runtime complexiteit van signaalverwerkingstechnieken te reduceren zonder
opoffering van de performantie van het systeem.

In het eerste gedeelte worden resource allocatie algoritmes onderzocht voor
enkele gebruiker DSL systemen. Meer specifiek, de per-tone pulse shaping filter
gebaseerde DMT transmitter en per-tone egalisatie (PTEQ) gebaseerde DMT



vi

ontvanger worden beschouwd. Omwille van de verscheidene eigenschappen van
het DSL kanaal, zorgt het gebruik van een vaste aantal niet-nul filter taps voor
zowel de pulse shaping filter als de PTEQ ontvanger voor een onnodige toename
in de runtime complexiteit, en daarom wordt er een selectieprocedure van de niet-
nul filter taps voorgesteld. Dit filter tap selectieprobleem komt echter overeen
met een combinatorisch probleem. In deze thesis stellen we twee aanpakken voor
om deze combinatorische complexiteit te vereenvoudigen: De eerste aanpak is
gebaseerd op een aangrenzende tap selectie en de tweede aanpak is gebaseerd
op spaarse approximatie gebaseerde filterontwerp. Er wordt aangetoond dat met
deze methodes het aantal vereiste niet-nul filter taps significant gereduceerd wordt.
Verder wordt er aangetoond dat de filter tap allocatie een zelfs betere performantie
heeft wanneer het gebruikt wordt in combinatie met zendvermogen-allocatie.

In het tweede gedeelte worden resource allocatie algoritmes onderzocht voor
meerdere gebruiker DSL scenarios, waarbij crosstalk cancellatie een cruciale
component vormt. In geval van additieve witte Gaussiaanse ruis (AWGN), is
er aangetoond dat, in plaats van volledige lineaire zero-forcing (ZF) crosstalk
cancellatie, het volstaat om enkel de grootste crosstalkers te cancellen zonder een
al te grote impact op de performantie. Een optimale canceller allocatie algoritme,
gekend als partiAnle crosstalk cancellatie, zal daarom enkel de grote crosstalkers
per lijn per toon cancellen, hetgeen resulteert in een significante reductie in runtime
complexiteit. In deze thesis breiden wij dit partiAnle crosstalk cancellatie concept
uit tot het scenario waarbij spatiaal gecorreleerde achtergrondruis aanwezig is. Er
is aangetoond dat voor dit type van scenario, minimum mean square error (MMSE)
gebaseerde cancellers significant beter presteren dan lineaire ZF cancellers. Het
optimale canceller allocatie probleem heeft dan echter een veel grotere complexiteit.
In deze thesis stellen we twee aanpakken voor om de complexiteit te reduceren: de
eerste aanpak is gebaseerd op een selectiemaat, dat de informatie van in-domein
cancellatie combineert met informatie van spatiaal gecorreleerde achtergrondruis.
Op basis van deze selectiemaat worden crosstalkers geAfirdend en geselecteerd voor
lineaire MMSE cancellatie. Deze aanpak wordt dan uitgebreid tot niet-lineaire
MMSE cancellers. De tweede aanpak, dat gebaseerd is op spaarse approximatie,
kiest de cancellers direct door eerst een spaarse lineaire MMSE canceller te
ontwerpen. Beide aanpakken reduceren de runtime complexiteit met een bijna-
optimale performantie onder de gegeven resource beperkingen. Verder wordt er
aangetoond dat spectrum balancing (zendvermogen-optimalisatie), gecombineerd
met partiAnle crosstalk cancellatie het aantal canceller taps verder reduceert
zonder opoffering van performantie.
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Chapter 1

Introduction

1.1 Broadband communication

Modern human life is increasingly dependent on faster and reliable information
access, subsequently to broadband access. The rise in the use of bandwidth
intensive applications such as real-time multimedia, streaming multimedia, voice-
over-internet protocol (VoIP) etc., is fueling the demand for ever increasing data-
rate and the quality of service. Furthermore, the broadband providers are trying
to provide reliable “ Triple Play” service to quell the need for voice, data and
video services with a single connection. This has further heated the competition
for faster and reliable broadband access technology. For example, in order to
provide HDTV service, 15-20 Mbps downstream bandwidth is needed even after
video compression [115]. This pushes the boundary of the current broadband
technologies. In order to provide better broadband services, the broadband access
network has been shown to be the bottleneck [117]. There are many broadband
access technologies that promise much faster and reliable services if the access
network is overhauled. But the cost of the deployment of the new access network
has thus far proved to be prohibitive. Therefore, the broadband service providers
want to increase the quality of service provided to subscribers but either without
any overhaul or with minimum overhaul of the existing access network. Then in
time the access network can be gradually replaced such that the cost is spread
over time.

There are various competing broadband technologies, e.g., cable modem, DSL,
3G, WIiMAX etc. Each technology has its advantages and disadvantages. We can
broadly classify the existing broadband technologies into two categories; wireline
broadband technologies and wireless broadband technologies.
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Figure 1.1: Broadband Access Network

1.1.1 Wireline broadband technologies

Wireline broadband technology relies on a physical connection to the subscriber’s
premise. The existing cable TV connection, telephone connection and the power
line connection can all be used for this type of broadband technology. The
optical fiber connection is also an example of the wireline broadband technology.
The optical fiber connection promises tremendous amounts of bandwidth but
the deployment of an optical fiber network in large scale has proven to be very
expensive. We introduce some of the wireline broadband technologies in more
detail in the following sections.

Hybrid fiber coax (HFC)

HFC uses the coaxial cable TV infrastructure to offer a broadband connection
to the subscriber. Since many subscribers of broadband services already have an
existing cable TV connection, this has become a popular broadband technology.
The recently proposed HFC standard DOCSIS 3.0 may be able to provide 100
Mbps per channel of 8 MHz [115, 79]. However in cable modem broadband access,
the bandwidth is shared because the same cable line connects several subscribers.
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Therefore, the broadband experience depends on the number of subscribers sharing
the same cable connection. As a consequence, the typical data rate is around 1
Mbps downstream and 128 kbps upstream [115].

Broadband power line (BPL)

BPL utilizes the existing power lines for high speed data transmission [74]. In a
BPL system, data is transmitted as a low voltage high frequency signal coupled
with the high voltage low frequency power signal [115]. The subscribers can plug
in the modem into an ordinary wall outlet to receive broadband internet access. In
practice, it has not seen a large scale deployment because it requires investment to
upgrade the power transmission network to support high speed broadband services.
Furthermore, the BPL environment is inherently quite noisy and the frequencies
used by BPL often interfere with the amateur radio transmission. Nevertheless,
BPL remains as a broadband option.

Digital subscriber line (DSL)

DSL technology uses the existing telephone network infrastructure to provide
broadband connections [19, 44, 143, 64, 63]. This is achieved by splitting the voice
and the data signal into distinct frequency bands. For example, frequencies up to
4 KHz carry the voice signal in traditional telephony and higher frequencies are
used to carry the data stream. The frequency band carrying data can be further
split into two frequency bands, namely, an upstream (US) frequency band and
a downstream (DS) frequency band. DSL using equal bandwidth for upstream
and downstream frequency bands is called symmetric DSL (SDSL). If the DSL
uses unequal bandwidth for the upstream and downstream bands, it is known as
asymmetric DSL (ADSL). However, DSL has a drawback that its performance is
sensitive to the loop length i.e. the broadband data rate depends on the distance
between the subscriber and the central office (CO). ADSL can provide maximum
DS data rates up to 12 Mbps and US data rates up to 640 Kbps. The distance limit
for ADSL is 5.4 Km, for this distance ADSL can provide approximately 500 Kbps
DS data rate. In order to provide video on demand (VoD) service, the minimum
DS data rate required is 15-20 Mbps, which pushes the boundary of current DSL
systems. Various types of DSL, e.g., VDSL, VDSL2 etc., have been proposed in
order to provide faster and more reliable broadband access. These DSL types
increase the data rate by decreasing the loop length and increasing the available
bandwidth, e.g. VDSL2 offers a data rate of 100-200 Mbps over a distance of 300m
[116]. The variety in DSL techniques allows diversity in the service provided and
can be deployed as per subscriber demand. The main features of DSL technology,
its history and advances will be presented in detail in section 1.2.
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Fiber to the curb/home (FTTx)

The term FTTx refers to a set of technologies that bring fiber a step closer to
the subscriber [122; 115]. It uses the optical fiber to provide the broadband
services. Optical fiber exhibits very low signal attenuation over long distances and
do not suffer much from interference. Furthermore, it also provides much larger
transmission bandwidth than any other broadband access medium. Fiber to the
curb (FTTC), as the name suggests, does not connect individual subscribers to an
optical fiber but the optical fiber connection is terminated near the subscriber
premises. Then technologies like VDSL are used to connect the individual
subscribers. The goal is to gradually move towards a fiber to the Home (FTTH)
broadband access network, where all subscribers have an individual high speed
physical fiber connection. But installing such a fiber access network is difficult,
time-consuming, and very cost sensitive. Therefore, the existing fiber network is
being gradually extended toward the end-users and then the last mile is covered
by using other broadband access technologies such as DSL or BPL.

1.1.2 Wireless broadband technologies

Wireless broadband refers to the use of wireless technologies to transmit broadband
signals [115]. It uses very high bandwidth relative to the carrier frequency [101].
The higher frequencies have an advantage over the lower frequencies as more
spectrum is available at higher frequencies and smaller antennas can be used.
However, at high frequencies signal attenuation is higher, therefore the distance
over which a subscriber can be catered is limited.

The wireless technologies can be subdivided into several other categories according
to different aspects of transmission. Satellite communication systems such as
geostationary earth orbit satellite (GEOS) and microwave transmission links
require direct line-of-sight (LOS) to be able to operate. Hence, these can be
categorized as a LOS wireless broadband communication technologies. In contrast,
mobile communication technologies in general do not rely on direct LOS for
communication therefore can be categorized as a nonline-of-sight (NLOS) wireless
broadband communication technologies.  Similarly, wireless communication
systems, where the transmitter and receiver are fixed (e.g. microwave links), can
be categorized as a fixed wireless broadband communication technologies and when
the transmitter and receiver are in relative motion, this can be categorized as a
mobile wireless broadband communication technology. This includes WiFi and 3G
wireless communication systems.
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Satellite communication

Satellite communication entails the use of artificial satellites to provide com-
munication links to connect different geographic locations [125, 115]. This has
been primarily used to connect remote and inaccessible landscapes by using
small portable terminals, e.g., Very Small Aperture Terminals (VSATs). Other
uses are broadcasting TV signals ( Direct Broadcast Satellites (DBS)), providing
transnational communication links etc. The geostationary satellite typically has
a 250ms delay, which is unacceptable for broadband services. However, the lower
earth orbit satellites (LEOS) can reduce this delay significantly. But it needs
significantly more satellites to offer the same coverage.

Microwave links

Microwave links are an example of fixed wireless communication technologies. It
uses two fixed microwave transceivers with direct LOS [127, 115]. These have been
used to connect geographically inaccessible areas, where deployment of cables is
not possible. These areas can be connected with the microwave link and then the
local population can be connected either with a cable network or a wireless local
loop (WLL). The major drawback of the microwave link is that it relies on direct
LOS, which is not always possible.

Wireless fidelity (WiFi) and Worldwide interoperability for microwave access
(WiMAX)

WiFi is the wireless communication technique using a wireless local area network
(WLAN) based on IEEE 802.11x standards [70]. WiFi enabled devices can connect
to the internet when they are within range of a wireless network, known as
access point (AP), connected to the internet. WiFi also allows communication
directly from one WiFi enabled device to another WiFi enabled device without
the involvement of an AP. The main disadvantages of WiF1i are that the spectrum
assignment is not consistent worldwide and the reach of a WiFi network is limited
to 100m in general.

WiIiMAX is a wireless digital communications system, also known as IEEE 802.16.
It is an IP based wireless broadband access technology. It has similar performance
to WiFi but provides the coverage and quality of service (QoS) similar to cellular
networks. It can provide broadband wireless access up to 50 km for fixed stations,
and 5 - 15 km for mobile stations. WiMAX operates on both licensed and non-
licensed frequencies. WiMAX network operators typically provide a WiMAX
subscriber unit, which connects to the WiMAX network and then WiFi can
be used to provide the connection within the house or business. The main
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disadvantages of WiMAX are that LOS is needed for distant connections, bad
weather conditions can affect the performance, and also other wireless equipment
can cause interference.

Mobile communication (3G and beyond)

Third generation (3G) and beyond mobile communication technologies, such as
UMTS, CDMA2000, LTE, feature higher data rates for internet access and real-
time video [50]. Its services include voice telephony, mobile Internet access, video
calls and mobile TV, all in a mobile environment. Recent 3G systems, denoted
as 3.5G and 3.75G, also provide mobile broadband access of several Mbit/s to
laptop computers and smartphones. Evolved high-speed packet access (HSPA+)
can provide peak data rates up to 56 Mbit/s in the downlink in theory and 22
Mbit/s in the uplink. The main disadvantage of wireless mobile communication
is that the channel is shared by many users, therefore the QoS depends on the
number of active users at a certain time. Furthermore, the scarcity of bandwidth
also is a big hindrance.

Currently, the DSL technology remains the most popular broadband access
technology. The main reason for the popularity of the DSL is that it can utilize
existing telephone networks to provide broadband access. It is also more cost
effective than the other broadband access technologies, such as cable modem,
optical fiber, satellite links etc. A recent survey has shown that the number of
DSL subscribers is increasing yearly [164] and it is predicted to rise further in the
coming years. Considering these trends, DSL broadband access is expected to be
an important player in the field of broadband access in the future. However, it is
important that the DSL continues to improve in order to remain competitive with
the other broadband access techniques.

In the following section, we will introduce DSL in more detail.

1.2 Digital subscriber line (DSL)

Data communication over the telephone line started with the invention of the
electric telegraph by Samuel Morse in 1844 [135] and the telephone by Alexander
Graham Bell [16]. After more than a century of transmitting data in the voiceband,
i.e., up to 4KHz, [105] Joseph Lechleider of Bellcore demonstrated that it is possible
to transmit broadband signals over telephone lines in the late 1980s.

The integrated services digital network (ISDN) can be viewed as the first digital
subscriber line (DSL) technology, which was able to provide an aggregate bit-rate
of 160 kbps using a bandwidth of 80 kHz [118]. But the real broadband service
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over the telephone line started with the deployment of ADSL in 1995. ADSL is
specially suited for applications such as internet access and VoD. ADSL uses a
bandwidth of 1.1 MHz, which is divided into multiple tones (sub-bands) using a
discrete multitone (DMT) modulation scheme. The successor of ADSL is VDSL
and VDSL2, which uses a bandwidth up to 30 MHz to provide a higher data
rate in order to meet the increasing broadband demands. Figure 1.2 illustrates a
typical DSL access network. It consists of a central office (CO), which is connected
to the content provider with an optical fiber connection. From the CO twisted
pair cables originate to connect to the subscribers. A pair of DSL modem is
required, one at each side, to set up the DSL connection. Also, a subscriber can
be connected to the CO via a remote terminal (RT). An optical network unit
(ONU) can be connected to the optical line terminal (OLT) in the CO via an
optical fiber connection in order to reduce the length of the twisted pair cable
between the CO and the subscriber. The ONU can then use the twisted pair cable
to deliver a VDSL/VDSL2 connection over a small distance.

The telephone infrastructure was originally designed to only offer voice telephony,
which uses the bandwidth between 0 and 4 kHz. But in order to deliver broadband
services, a higher bandwidth, up to 30 MHz, is used. This results in a DSL
environment with many channel impairments. In the following section, we present
various aspects of the DSL environment, which affect its performance.

co cable bundle
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Content Provider <% twisted pair
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Figure 1.2: Typical DSL access network
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1.3 DSL environment

1.3.1 Channel impairments

In this section, we will give an overview of some major transmission impairments
in the DSL systems [43, 46, 65, 136] and its effect on the performance of the DSL
system [15, 38, 83, 133, 85].

Transmission channel

The transmission channel causes distortion for any communication system. It also
causes the signal to be attenuated as a function of frequency and loop length. This
creates problems for subscribers that are far away from the central office and also
limits the use of the higher frequencies. Furthermore, due to the dispersive nature
of the channel, which can be typically represented by the impulse response of the
channel, adjacent symbols overlap at the receiver. This is known as intersymbol
interference (ISI). The channel dispersion and the attenuation is caused, firstly, by
bridged taps [168, 39, 146], which are unterminated distribution cables. Secondly,
the use of different wire gauges along a line also causes reflections due to the
impedance mismatch at the junction of two line sections with different wire gauges.
To mitigate the effect of the channel distortion and attenuation, a channel equalizer
is employed [19, 44, 143].

Crosstalk

The twisted pairs in the wired access network are bundled within large binder
groups consisting of 20 to 100 individual pairs per binder. Therefore, the
pairs within a binder experience electromagnetic coupling known as crosstalk
from each other [56, 58]. There are two types of crosstalks, namely, near-end
crosstalk (NEXT) and far-end crosstalk (FEXT). The NEXT is caused by a
neighboring transmitter on a different pair whereas the FEXT is caused by the
signal originating from a remote transmitter on a different pair. Both the NEXT
and the FEXT power increase with frequency e.g. NEXT ~ f3/2 and FEXT
~ f? [63]. When the transmitters and the receivers at both ends of the binder
are co-located then the NEXT is much more severe than the FEXT. This is due
to the fact that the FEXT is attenuated by the channel transfer function. The
effect of the NEXT can be reduced by using frequency division duplexing (FDD),
where the upstream and the downstream data occupies different frequency bands
[137, 139, 100]. If the FEXT originates from a remote terminal (RT) in the field
then the effect might be severe, since it may be near the receiver. This is known
as the near-far scenario. The effects of the FEXT can be mitigated by using power
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backoff [80, 172, 163, 132], spectrum coordination [141, 30] or signal coordination
[61, 60, 26, 25, 155] techniques. When the interference arises from either a line
with a different DSL format or from uncoordinated DSL lines in a vectored DSL
scenario, it is known as alien crosstalk [143, 131, 62]. In some cases, it might be
the dominating interference in the DSL system. Mitigating the effect of the alien
crosstalk is much more challenging than mitigating the effect of other interferences
such as NEXT, FEXT etc. Some techniques to mitigate the effect of the alien
crosstalk have been suggested in [178, 162, 62, 155, 20, 167].

Radio frequency interference (RFI)

Every telephone line acts as an antenna that emits and receives radio energy.
Radio frequency signals in the same frequency range as the DSL from wireless
transmitters impinge on the unshielded telephone line, which results in radio
frequency interference (RFI) [144]. Since VDSL uses higher frequency bands, the
RFT is specially important. There are two types of interferences, the first egress is
caused by the DSL into a radio receiver and the second, ingress is the interference
caused by the radio transmitter into the DSL. Techniques to suppress RFI ingress
and egress are presented in [138, 104] and [14, 92, 47, 48] respectively.

Impulse noise

Sudden switching of electronic devices in the vicinity of telephone lines causes
impulse noise. These are narrow pulses in time with very high level of noise
compared to the received DSL signal level [84, 103, 44, 143]. It is difficult
to characterize the impulse noise completely but there has been some effort to
measure and model impulse noise [136, 170, 45, 71, 53, 123]. Different techniques
to mitigate the impulse noise are presented in [75, 68, 95, 150].

Thermal noise

Due to the thermal agitation of the electrons in the copper wire, DSL systems
experience a constant background noise known as thermal noise. The thermal
noise limit is -173 dBm/Hz at room temperature but due to the quantization
noise of the analog-to-digital converter (ADC) the limit is set to -140 dBm/Hz
[19, 143].
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Figure 1.3: Various channel impairments in DSL

1.3.2 Multicarrier modulation

In order to deal with the frequency selectivity of the transmission channel, the
channel can be divided into many sub-channels (tones), each with flat frequency
response. This is known as multicarrier (MC) modulation [18]. In 1960s, the first
analog multicarrier systems were implemented [31, 128] with disjoint frequency
bands. In [128, 31, 72], it was shown that the spectral overlap may not result
in ISI/ICI after reception. Use of discrete Fourier transform (DFT) for MC
modulation was first proposed by Weinstein [169, 72, 73]. DFT based MC is the
basis of popular techniques such as orthogonal frequency division multiplexing
(OFDM) [3, 44]. OFDM is used in WLAN, digital video broadcast (DVB),
WIMAX etc. [70, 50, 179]. The performance of the MC system can be further
improved by using adaptive bit loading, which allows a different number of bits
to be transmitted on different tones taking their channel state into account
[19, 37, 44, 82, 88]. The modulation format used in DSL is referred to as discrete
multitone modulation (DMT) and corresponds to OFDM with bit and power
loading. Bit loading in WLAN/OFDM was proposed in [158]. In order to mitigate
the effect of channel distortion and ISI, an OFDM system needs equalization at
the receiver [19, 44, 120, 8, 2]. However, a DFT based MC system has very poor
spectral characteristics, requires very stringent synchronization and also exhibit a
high peak-to-average power ratio (PAPR). In order to overcome these drawbacks
of the DFT based MC system, other MC modulation techniques, such as discrete
wavelet multitone (DWMT) [4], filtered multitone (FMT) [34, 35, 147, 23], cosine
modulated [54] and non-orthogonal pulse based systems [22, 86, 156], have been
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proposed. However, due to its simple implementation using fast Fourier transform
(FFT), DMT remains very popular.

1.4 Problem statement

The rise in the use of bandwidth intensive broadband applications has increased
the demand for faster and more reliable broadband access. In the meantime, the
rise of various broadband access technologies has increased the competition for the
broadband market. To meet the demand and remain competetive, DSL technology
also has to improve constantly.

Gradual decrease in the loop length and increased use of optical fiber has enabled
the DSL to use higher frequencies to provide higher data rates. However, the DSL
channel is highly dispersive and hence frequency selective in nature. To overcome
the frequency selectivity of the DSL channel, a DFT based MC modulation
technique referred to as DMT, is being used. However, a DMT transmitter has
very poor spectral properties. The sidelobes are high and they decay very slowly.
This causes problems while transmitting under a PSD constraint. Many tones at
the band edges cannot be used because the PSD mask constraint will be violated.
These unused tones are known as virtual carriers (VC). In order to improve the
poor spectral properties, a transmit windowing is used. In [33], it was shown that
the per-tone pulse shaping improves the spectral containment of a DFT based
MC transmitter compared to time domain transmit windowing, hence reduces the
number of VC’s and increases the achievable data rate.

Due to the dispersive channel, block transmission based systems, such as the
DMT system, suffer from inter-symbol interference and inter-carrier interference
(ISI/ICT). In order to remove ISI, it was shown that a guard time known as the
cyclic prefix (CP) can be added. This transforms the linear convolution between
the channel input and the channel into a cyclic convolution, thus converting the
corresponding channel matrix into a circulant matrix. A circulant matrix can be
diagonalized by applying a DFT and an IDFT matrix. This converts the frequency
selective channel into multiple parallel independent additive white Gaussian noise
(AWGN) channels. These can be easily equalized by using a 1-tap equalizer. But in
order for all this to work, the length of the CP should be greater than the length of
the channel impulse response (CIR). Dispersive channels, such as the DSL channel,
have a very long CIR, therefore an equally long CP is required. This reduces the
effective throughput of the DSL system. One way to reduce the CP length is to
shorten the effective CIR by using a channel shortening filter at the DSL receiver.
In [2], it was shown that a minimum mean squared error per-tone equalization
(MMSE-PTEQ) performs much better than the time-domain channel shortening
combined with a 1-tap frequency domain equalizer (FEQ), without increasing the
run-time complexity.
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In the multi-user scenario, multiple lines are bundled in the same binder, which
causes crosstalk. Crosstalk has been shown to be a major cause of performance
degradation in DSL systems. In the literature, various techniques to mitigate the
effect of crosstalk have been presented. In [61, 60, 26, 25, 30, 155], it has been
shown that the effect of crosstalk can be mitigated by using various spectrum
coordination and signal coordination techniques for different levels of transmit and
receive coordination. When spatially correlated background noise (alien crosstalk)
is also present, the crosstalk mitigation becomes much more challenging [62].

The windowing, equalization and crosstalk mitigation as described above require
sophisticated signal processing techniques. These extra signal processing tech-
niques increase the overall run-time computational complexity of the DSL system,
which makes it hard to realize in practice.

However, the DSL channel is a very slowly time-varying channel. This allows for
offline optimization of the signal processing techniques such that their run-time
complexity is reduced. This necessitates efficient algorithms to reduce the overall
run-time computational complexity without affecting the system performance
significantly. This in turn enables the implementation of sophisticated signal
processing algorithms to mitigate the channel effects in practice, hence increasing
the achievable data rate for the DSL system.

1.5 Thesis objective and approach

The main objective of this dissertation is to provide efficient resource allocation
algorithms for the DMT transceivers, which will enable them to operate at a much
reduced run-time computational complexity without sacrificing performance.

For the per-tone pulse shaping based DMT transmitter, the effect of sparse per-
tone filters is investigated. Since the contribution to the stopband energy from a
tone depends on its position in the passband, not every pulse shaping filter needs
to have the same number of non-zero filter taps. This enables us to apply efficient
resource allocation algorithms to reduce the number of non-zero filter taps of the
pulse shaping filters and hence reduce the run-time computational complexity

Similarly, for the per-tone equalization based DMT receiver, it can be shown that
due to the frequency selective nature of the DSL channel, the use of a fixed length
non-sparse equalizer wastes computational resources. This enables us to apply
efficient resource allocation algorithms to reduce the number of non-zero PTEQ
filter taps, hence reducing the run-time computational complexity.

It can also be seen that the per-tone operation based transmitter and receiver affect
each other. Hence, the resource allocation algorithms can take this into account
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to jointly optimize the resources in the DMT receiver and the DMT transmitter,
thus reducing the joint run-time computational complexity.

We then move to the multi-user DSL scenario, where there are multiple lines
in the same binder. In the presence of alien crosstalk, it is known that
MMSE based crosstalk cancellation performs better than zero-forcing (ZF) based
crosstalk cancellation. In zero-forcing based receivers, the run-time complexity
can be reduced by employing a technique known as partial crosstalk cancellation.
However, in MMSE based crosstalk cancellation, it is not straightforward to use
the partial crosstalk cancellation technique.

1.6 Thesis overview and contributions

In this section, we will provide an overview of the thesis and its contributions.

In Chapter 2, the basic concept of DSL transmission is presented in detail.
Different modulation schemes for DSL systems are compared. We then present
the basic structure of the DMT transmitter and receiver and outline their main
operations. The block transmission scheme of DMT is also presented in detail and
various drawbacks of block transmission over a dispersive channel, such as inter-
symbol interference (ISI) and inter-carrier interference (ICI), are also highlighted.
We then present some well known techniques to mitigate these drawbacks. The
multi-user scenario arises in the DSL system when multiple lines in the same
binder interfere with each other. In this chapter, a system model of multi-user
DSL is presented. The multi-user channel model is then presented in detail. We
also explore the effect of crosstalk in such a scenario and then present various
crosstalk mitigation techniques presented in literature for different levels of line
coordination. Finally, some receiver structures to mitigate the crosstalk will be
presented.

The resource allocation techniques devised to reduce the run-time computational
complexity of different signal processing blocks can be applied in both the single-
user and the multi-user DSL scenario.

Part T of this dissertation investigates resource allocation techniques for a single-
user DSL scenario. The channel characteristics of the DSL system demand that
different sub-channels be treated differently. Therefore, the resource allocation
algorithms should try to take advantage of these characteristics to efficiently
allocate the available resources such that the system performs near optimally with
much reduced run-time complexity.

In Chapter 3, we first highlight that a DMT transmitter has poor spectral
properties due to the DFT based windowing. In applications, e.g. in VDSL, the
Power Spectral Density (PSD) of the transmitted signal is not allowed to exceed
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a given PSD mask defining one or more pass bands and stop bands. To meet
this constraint, various transmit windowing techniques have been presented in the
literature. In this chapter, we focus on the per-tone pulse shaping presented in [33].
It tries to minimize the spectral leakage by shaping each tone separately by using
a constant length non-sparse pulse shaping filter. This was shown to outperform
time-domain based transmit windowing. In [33], per-tone transmit windowing was
shown to significantly reduce the number of virtual carriers, i.e., number of null
tones at the band edges. But the contribution to the out of band energy depends
on the position of the tone in the band, therefore the design parameter (number of
non-zero filter taps) to effectively shape each tone also varies. In this chapter, we
show that the number of filter taps required to meet the PSD constraint without
affecting the performance can then be reduced significantly hence reducing the run-
time computational complexity. Efficient resource allocation algorithms are needed
in order to allocate the non-zero filter taps. In this chapter, we present efficient
algorithms to achieve this goal. The first algorithm presented uses only contiguous
filter taps in order to reduce the number of combinations of non-zero filter taps,
thus reducing a combinatorial search in the number of taps to a linear search in the
filter order. We call this contiguous filter tap selection (CTS) approach. However,
restricted sparsity pattern, such as CTS, may not result in the best sparse filters,
since the optimal filter sparsity pattern may not be in that search space. To
address this problem, we propose a sparse approximation based filter tap selection
algorithm. This ensures that there is no restriction on the sparsity pattern of the
filter and hence is shown to perform better than the CTS based resource allocation.
Furthermore, it is shown that the number of non-zero filter taps can be further
reduced when an optimal power allocation is performed alongside the filter tap
allocation.

In Chapter 4, we first highlight that the dispersive nature of DSL channels results
in ISI. In order to mitigate ISI, a guard interval known as cyclic prefix is added. But
the length of the cyclic prefix depends on the channel impulse response. For the
systems that have long channel impulse responses, e.g., DSL, channel shortening
is required in order to limit the length of the cyclic prefix. To this end, several
techniques have been proposed in the literature. In [2], a frequency domain based
equalizer, known as per-tone equalization (PTEQ), has been proposed to equalize
each tone individually. It uses a constant length non-sparse equalizer on each
tone to achieve this. The PTEQ has been shown to outperform time-domain
channel shortening combined with a 1-tap frequency domain equalizer without
increasing the computational complexity. Due to the frequency selective nature
of the DSL channel, different tones have different equalization requirements. We
show that the number of non-zero equalizer taps required to equalize each tone
varies over tones. Therefore, the number of non-zero equalizer taps required
can be reduced without affecting the performance significantly. In this chapter,
we propose efficient algorithms to this end. The first algorithm is based on
selecting only contiguous filter taps in order to reduce the search space, which
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is combinatorial in the filter length, to a linear search space in the filter order.
We call this algorithm the contiguous filter tap selection (CTS) approach. The
second algorithm is based on sparse approximation, where the sparsity pattern of
the PTEQ is not restricted. This is shown to outperform the CTS approach. We
also demonstrate that performing an optimal transmit power allocation alongside
the filter tap allocation further reduces the number of non-zero filter taps required.

In Chapter 5, we then look into the DMT transceiver with per-tone pulse shaping
and per-tone equalization. In chapter 3, we assumed that the channel impulse
response fits in the cyclic prefix perfectly and hence ignored the effect of ISI. In
this chapter, we will look into the effect of the channel impulse response in the
received signal-to-noise ratio. Then the effect of channel shortening on the resource
allocation in the per-tone based DMT transceiver is investigated. To this end, we
analyze both the CTS based resource allocation and the sparse approximation
based resource allocation. By taking the channel equalization into account we can
also compensate for the filtering at the transmitter side. It can be shown that we
can then minimize the overall run-time complexity of the transceiver.

The publications related to chapter 3 are [108, 107, 114].The publications related
to chapter 4 are [106, 112] and the publication related to chapter 5 is [110].

Part IT of this thesis investigates resource allocation for a multi-user scenario.

In Chapter 6, we first present the concept of crosstalk cancellation for upstream
VDSL in detail. We consider the scenario where the receivers are co-located
and hence receiver coordination is possible. In [25], it was shown that due to
the columnwise diagonally dominant (CWDD) structure of the upstream multi-
user DSL channel matrix, a simple linear zero forcing (ZF) receiver performs
near optimally in the presence of AWGN background noise. In [27], it was
also shown that the majority of the crosstalk originates from a very small set
of lines, hence canceling only these lines would reduce the run-time computational
complexity without affecting the performance significantly. This is referred to as
partial crosstalk cancellation. In the presence of spatially correlated background
noise, however, a prewhitening operation is required, which destroys the CWDD
structure of the DSL channel matrix, therefore a linear zero-forcing canceler
performs poorly. Furthermore, the partial cancellation algorithm presented in [27]
also fails to achieve satisfactory results. Hence in this chapter, we first show that
linear and non-linear MMSE based cancelers outperform the linear zero forcing
(ZF) canceler in the presence of spatially correlated background noise. We then
extend the concept of partial crosstalk cancellation to MMSE based cancelers. To
this end, we propose two efficient algorithms. The first algorithm is based on
metric selection, which combines the channel crosstalk information and the noise
autocorrelation information to efficiently select the crosstalk line to be cancelled
for both the linear as well as the non-linear MMSE based crosstalk cancelers. For
the linear MMSE crosstalk canceler, we propose a second algorithm based on
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sparse approximation, which searches for the best crosstalk lines to be canceled.
It is further shown that the use of optimal power allocation along with the partial
crosstalk cancellation further improves the performance.

The publications related to chapter 6 are [109, 113, 111].

In Chapter 7, conclusions are drawn and some directions for future work are
discussed.



Chapter 2

Preliminaries

2.1 Introduction

In this chapter, we will provide an overview of various aspects of multicarrier
modulation, DMT and DSL. In the sections 2.2.1 and 2.2.2, differences
between a single carrier and a multicarrier communication system are highlighted.
Section 2.3 introduces the information theoretic capacity of a given channel in
a multicarrier communication. In section 2.4 the DMT modulation scheme used
in DSL system is presented. The transmitter and receiver structure for the DMT
system are presented in section 2.5 and 2.6 respectively. The various equalization
schemes employed in DSL is presented in section 2.9. Various aspects of multi-
user DSL, such as the multi-user channel model, crosstalk cancelers (liner and
non-linear) and dynamic spectrum balancing (DSM) are also presented in this
chapter.

2.2 Modulation schemes

2.2.1 Single carrier modulation

One of the modulation schemes proposed to be used in DSL is carrierless
amplitude/phase (CAP) modulation [171, 77, 76]. CAP modulation is similar to
quadrature amplitude modulation (QAM) and its performance is the same [121].
The key advantage of CAP modulation is its ease of implementation [51]. In
order to tackle the problem of a dispersive channel, a minimum mean squared
error decision feedback equalizer (MMSE-DFE) [87, 130] has been suggested.

17



18 PRELIMINARIES

Furthermore, since the DSL channel varies slowly with time, precoding schemes at
the transmitter can also be used [149, 69, 55]. Due to the long impulse response of
the DSL channel, the equalizer filters have to be very long and are computationally
complex [129].

2.2.2 Multicarrier modulation

Channe]
gain

As Frequency

Figure 2.1: Multicarrier modulation

In the multicarrier modulation scheme, the transmission bandwidth is divided into
a number of smaller parallel orthogonal frequency bands as shown in Figure 2.1,
also known as subcarriers or tones [18, 31, 32, 128]. The transceiver structure to
implement a multicarrier communication scheme is given in Figure 2.2 [87]. The
incoming bit stream acts as an input to the channel encoder. The bit stream is
encoded in order to protect it from errors introduced by the channel distortion and
the noise. The output of the channel encoder is then fed into the interleaver to
protect it further from burst errors e.g., caused by impulse noise. The interleaver
reorders the bits such that the errors are spread rather than localized hence
increasing the chance of error correction. Then, the output of the interleaver is
split into K parallel bit streams that are assigned to the K tones. The bit stream
is then mapped to a complex-valued transmit symbol stream corresponding to
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Figure 2.2: A Multicarrier transceiver

points in an M-QAM constellation. The constellation size is related to the number
of bits that is represented by a symbol. In the i-th symbol period, the modulator
bank is fed with the K x 1 input symbol vector

X; = [0 Tik-1] - (2.1)

It can be assumed that the modulators use the same prototype pulse shaping
filter ¢(t) frequency shifted by fi i.e., ¢p(t) = ¢(t)e/?7/xt. The output of the
multicarrier transmitter is the superposition of K QAM signals and can then be
written as

K—

Z T x i (t — iTy). (2.2)

oo k=0

,_.

The symbol z(t) is then transmitted over a dispersive channel with impulse
response h(t) and corrupted by the additive noise n(t). The received signal can
therefore be written as

y(t) = h(t) x z(t) + n(t), (2.3)

where x x y represents a linear convolution between x and y. At the receiver,
demodulation of the received signal is performed by a bank of demodulators ¢; (—t),
which are matched to the modulators. The ISI/ICI can be avoided by using
orthogonal filters at the modulators if the channel is non-dispersive. However, the
dispersive channel impulse response destroys the orthogonality and causes ISI/ICI.
If the delay spread of the channel is very small as compared to the symbol time,
then the tones can be considered as narrowband i.e., then there is no frequency
selectivity within a tone [101]. In this case, the ISI can be ignored and each tone
can be assumed to correspond to a flat frequency channel. Each tone can then be
considered as a parallel AWGN channel. The discrete time data model in this case

10101
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can be written as
Yik = D n + Nk, (2.4)

where y; 1 is the ith received symbol on tone k, hy, = h(f;) is the channel frequency
response at the kth tone. The sampled output of the demodulator is then equalized
using a bank of simple complex valued scalars h,;l, k € [0, K—1] , which are known
as frequency domain equalizers.

2.3 Capacity of a transmission medium

The theoretical upper bound on the data rate that can be reliably transmitted
over a transmission medium is called the capacity of the medium. Claude Shannon
developed a mathematical theory of information that provides some fundamental
boundaries on the performance of a communication system [134, 140]. This states
that the maximum number of bits that can be transmitted over a flat AWGN
channel is defined by

b =log,(1 + SNR), (2.5)

where b is the spectral efficiency given as bits per second per Hertz bandwidth
(bps/Hz), and SNR is the signal-to-noise ratio at the receiver. The overall channel
capacity can then be written as

R = Aflogy(1 + SNR), (2.6)

where R is the maximum data rate supported by the channel in bps i.e., the
maximum number of bits that can be transmitted reliably over the given channel,
Ay is equal to the bandwidth of the channel.

In the case of the frequency selective channel, Shannon suggested to divide the
channel into multiple narrowband AWGN subchannels [134], also called tones. The
multicarrier system described in Section 2.2 is a possible practical realization of
this idea. The capacity of K parallel and independent AWGN channels can be
written as

K-1 K-1
R=A;Y b= Aflogy(1+SNRy), (2.7)
k=0 k=0

where by is the maximum number of bits that can be transmitted on the kth
tone, SNRy, is the signal-to-noise ratio at the receiver on the kth tone. Under the
assumption that K is large such that the discrete time data model (2.4) is valid,
the true SNRy can be given as

SNRy, = SRIkL (2.8)
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where s, = E{|z; 1|} is the transmit power on tone k and o), = E{|n; x|?} is the

noise power spectral density (PSD) on tone k.

2.4 Discrete multitone modulation (DMT)

DMT is a multicarrier transmission scheme [82, 36, 126] that employs an inverse
discrete Fourier transform (IDFT) to partition the channel bandwidth into parallel
subchannels. The use of an IDFT and DMT for DSL was originally described
in [18, 41]. One of the main advantages of using an IDFT to partition the
channel bandwidth is the availability of efficient computational methods e.g. IFFT.
Another advantage of using IDFT for multicarrier modulation is that the basis
functions are fixed and channel independent.

Let us first consider transmission of a time domain sequence xz through the real
valued baseband continuous time channel with response h(t). The total channel
response typically is the convolution of the transmit filter he,(t), twisted pair
channel response hy,(t) and the receive filter h,,(t) and given as h(t) = hy,(t) *
hip(t) % hyq(t), where % denotes linear convolution. Then for a synchronized system,
the signal at the receiver can be written as

+o00
y(t) = Z zth(t — iTs) +n(t), (2.9)

1=—00

where n(t) is the continuous time additive Gaussian noise filtered by the front end
filters at the receiver h,,(t) and Ty is the sampling period. If y(¢) is sampled at
sample instants t = i, then the discrete time samples can be written as

L
=D bty 4t (2.10)
=0

where y! = y(iTs), hi = h(ITs) and the overall channel is modeled as a finite
impulse response (FIR) filter of order L.

Let us now consider a block transmission, where the transmitted symbol block x
has block length of K > L. Then the ith transmitted symbol block can be written
as

X; = [Tig Tigyr x(i+1)f(71]T (2.11)

and the corresponding received sequence can be written as

}_’ﬁ = Wik Yiks1 y(i+1)f(71]T (2.12)
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From (2.10), we can model this transmission in matrix form as
yi = Hox} + 0}, (2.13)

where n! is the corresponding noise vector and H, is a real Toeplitz matrix of size
K x K and can be written as

RE 0 e o o0
h?i hf) 0O -+ - 0

Ho=| : . . : (2.14)
0 - ... htL hf)

Due to the dispersive nature of the channel, ISI occurs between two successive
symbols. To avoid ISI, a cyclic prefix (CP) of length v is used in each transmitted
block [119, 169]. A cyclic prefix is a copy of the last v data symbols placed at
the beginning of the transmitted block. (2.13) can be rewritten to incorporate the
cyclic prefix as

y: = HoPx! + 0!, (2.15)

where

P:

0 I
|7] , (2.16)
Iy

I, is the identity matrix of size z, P € RE*K | with K = K + v. x! is the input
symbol block of size K x 1. At the receiver, the first v samples of y! are discarded
by multiplying the received symbol block y! with the matrix Q = [0, |[Ix]. The
resulting output can be written as

yi = Qy; = QHoPx;] + nj, (2.17)

where y € R and noise vector nf € RY with n! = Qnl. n! only retains the last
K entries of nf.

In case L < v, the received signal after the insertion of a cyclic prefix of length v
and then discarding the first v samples at the receiver results in an ISI free system.
Here the term QHyP becomes a circulant matrix. Hence, the linear convolution
with the channel is converted into circular convolution. The system can then be
written as

yi = Hex + nj, (2.18)
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where H, = QI:IOP is circulant matrix and can be written as

r h6 o .- hi h?i T
Rt bl ‘ :

HC = '.' '.. htL . (2.19)
T TP L Y

In order to obtain frequency domain signals, we can perform a DFT operation on
both sides of (2.18). This results in

Fry! = FxHx! + Fgnl, (2.20)
N—~— SN~
Yi n;

where Fg is the K-point DFT operation. The time-domain input symbol x! can
be written in terms of frequency domain input symbol as

xt = Tx;, (2.21)

where T is the K-point IDFT operation. Therefore, the frequency domain data
model can be written as

vi = FxkHIrx; +n;, (2.22)

where y;, X; and n; are the frequency domain output symbol, frequency domain
input symbol and the frequency domain additive noise. The circulant matrix is
diagonalized by the IDFT and DFT operation. Therefore, we can write

FxH.Ix = H, (2.23)

where H = diag{ho---hx} with the complex valued scalar frequency domain
channel response in the diagonal. This can then be written as

yi = Hx; +n,. (2.24)

Since the channel matrix H is a diagonal matrix, (2.24) decouples into K parallel
AWGN channels as shown in Figure 2.3.

2.5 DMT transmitter

Figure 2.4 represents the DMT transmitter. The structure of the DMT
transmitter is similar to the structure of the multicarrier transmitter in Figure
2.2. The DMT transmitter involves the following operations
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Figure 2.3: Frequency domain representation of DMT modulation
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Figure 2.4: A DMT transmitter
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o The incoming bit stream is encoded using a Reed-Solomon (RS) encoder [44]
and the output of the encoder is then interleaved and divided into K/2 + 1
parallel streams. Each stream is assigned to a certain tone and mapped on
to a complex valued M-QAM symbol.

e Then a conjugate mirror operation is performed on these K/2 + 1 M-QAM
symbol such that x; = xx_;, where [ is the sample index and output block
length becomes K symbols.

e The K symbols are then modulated using a IDFT (IFFT) resulting in a
real-valued time domain samples.

e A cyclic prefix of v samples is added in front of the block to obtain K + v
time domain samples.

e The resulting time domain samples are sent through the digital front end
filters, digital-to-analog converter (DAC) and the analog front end filters
before transmission over the DSL channel.

2.6 DMT receiver

e
g —

- siP

AFE : : 1-tap : + 100100001110C

» + TEQ FEQ Demodulation [
ADC : o : +
_ Detection
S/IP

= | k-Point FFT

A

Figure 2.5: A DMT receiver

Figure 2.5 represents a typical DMT receiver structure. The DMT receiver
performs the following operations
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o The received analog signal is first passed through a analog front end (AFE)
and an analog-to-digital converter (ADC) to get a digital output.

e Then it is provided as an input to the time-domain filter known as time
domain equalizer (TEQ) so that the channel impulse response can be
shortened.

e Then the output is serial-to-parallel converted and the CP is discarded
e The K remaining samples are demodulated using a DFT (FFT).

o Then the frequency domain symbols are equalized using a 1-tap frequency-
domain equalizer to correct the channel distortions.

e Then the symbols are demapped, deinterleaved, and decoded to a bit stream.

2.7 Bit loading

For a noise power on a tone k, o, = &{|ng|?}, and the transmit power s, =
E{|xk|*} the theoretical capacity of tone k is

b = logy (1 + SNRk), (2.25)

where £{.} denotes the statistical expectation operation and the signal-to-noise
ratio (SNR) on tone k is defined as

SNRy = o}, || sk (2.26)

For most practical coding schemes an SNR-gap (I') also has to be considered to
account for the fact that most codes do not provide the theoretical capacity. I is
a function of the coding gain, desired noise margin and target bit error probability
[44, 81]. Therefore, in practice the achievable bit-rate is

b, = logy (1 + T 'SNRy,), (2.27)

In DMT based systems, the receiver estimates the SNR on each tone and reports
this back to the transmitter. Then the transmitter can adapt the number of bits
used on each tone by choosing a different constellation size, this is known as bit
loading. This allows DMT based systems to achieve a high spectral efficiency. The
number of bits transmitted on the tone is called bit loadingThe total bit-rate is
then the sum of all the number of bits transmitted in all the tones and can be
written as

R=As> b= R (2.28)
k k

where Ay denotes the tone-spacing.
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2.8 Power loading

DSL systems typically have to conform to a set of spectral masks which ensures
that the DSL system is spectrally compatible with other communication systems
that may exist in the same binder, i.e.,

sp < spesk vk, (2.29)

The modems also have to satisfy a total power constraint due to the limitations
on the analog front-end

> sk <P (2.30)
k

In order to maximize the total data rate, a modem can vary the power allocated
to each tone, i.e., s; subject to the spectral mask and the total power constraints

s°P! = argmax ZRk (2.31)

81 SK k

subject to Zsk <P
k

sp < SZWS’“ vk,

where s°P! is the vector containing optimum power transmitted on each tone, i.e.,
t t . . o ,
soPt = [s]P" .- %], This adaptive distribution of power over tones is known

as power loading. The objective function of (2.31) is a concave function and
the constraints form a convex set and therefore the Karush-Kuhn-Tucker (KKT)
conditions are sufficient for optimality. This leads to the following solution known
as waterfilling [44]

mask

opt 1 ng o

=5 meel, e
where [z]% £ max(a, min(z,b)) . The level 1/ is chosen such that the total power
constraints is satisfied. There are efficient algorithms to find the appropriate A
with complexity O(KlogK) [13]. With a powerful enough error correcting code,
the power loading allows DMT based systems to achieve bit-rates arbitrarily close
to the theoretical channel capacity. But there are always some implementation
losses due to the imperfect channel coding etc. These are then accounted by using
the SNR-gap I'.
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Figure 2.6: Waterfilling solution
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2.9 Equalization

2.9.1 Time-domain equalization

In order to shorten the effective length of the channel impulse response of a DSL
channel, a time domain equalizer (TEQ), w, can be used. The T-taps TEQ is
generally designed based on a minimum mean square error (MMSE) criterion to
shorten the channel impulse response (CIR), h! = [h{---h%], to a v+ 1-tap target
impulse response (TIR), b. There are a number of techniques to design the TEQ
presented in the literature [7, 5, 6, 98, 161, 160, 99, 159]. One of the important
parameters in TEQ design is called the decision delay. For a given CIR ht, it can
be shortened to v coefficients given as bfj - - - b, 0 - -0 with no decision delay. With
a non-zero decision delay 4, it can be shortened to [0--- b} - - bfi-w 0---0]. The
MMSE design procedure chooses the optimal decision delay § as shown in Figure
2.7 and can be written as

minimize J,
w,b,d

w

where J = £{e}) =& { (R TRRn | ])} @)

where z! and y! are transmitted and received samples and i is the symbol index.
There are several disadvantages of the TEQ procedures based on MMSE channel
shortening
e The MMSE based TEQ design is not related to the maximum achievable
bit-rate of the DMT system.

o The obtained bit-rate is a non-smooth function of the decision delay which
makes the choice of decision delay difficult.

o All the tones are equalized with the same filter, which limits the performance.

e The bit-rate maximizing TEQ is the solution of a highly non-linear cost
function, which is difficult to optimize [8, 9].

2.9.2 Per-tone equalization

In the DMT receiver employing per-tone equalization (PTEQ), each tone has
its own multitap equalizer after demodulation. The MMSE per-tone equalizer
(MMSE-PTEQ) moves the equalization operation into the frequency domain [2]
and provides large improvements with respect to time-domain equalization. The
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MMSE-PTEQ bit-rate is shown to provide an upper bound for the TEQ bit-rate
[2]. Tt has been shown in [2] that by employing a sliding DFT and difference
terms, the run-time complexity of the MMSE-PTEQ is comparable to the run-
time complexity of a TEQ. The details of the MMSE-PTEQ will be presented in
chapter 4.

2.10 Multi-user DSL

Thus far, we have only considered a single-user scenario. However multiple DSL
modems may operate and interact within a binder. This gives rise to the multi-user
DSL scenario.

Consider multiple modems operating within the same binder. If the modems are
synchronized and transmit simultaneously, then the discrete time received signal
after sampling at rate Fs at receiver n can be written as

L

yf” = Z h;"nxf_nl + Z h;nmxz_"z + zg’", (2.34)
=0 m#n

where 2} is the time-domain sequence transmitted by modem n. Also hy™™ £

h™™(ITs), where h™™(t) represents the continuous-time CIR from transmitter m
to receiver n. When m = n then h™"(t) is known as the direct channel and when
m # n then h™™(t) is known as the crosstalk channel. The zf " denotes the total
background noise, which includes additive Gaussian noise, nf" as well as other
additive noises, such as crosstalk from the lines outside the binder, impulse noise
etc., experienced by receiver n. Finally, L is the order of the FIR channel response.

In the frequency domain, the channel gain on tone k from transmitter m to receiver
n can be written as h;""™. Since the DMT divides the frequency selective channel
into parallel frequency flat subchannels (tones), ;"™ is just a complex scalar value.
The frequency domain channel can be obtained by performing a DFT on the time-
domain channel impulse response

(W™ ™ T = Frehg™™ O -1 he™™ - ™M1 (2.35)

where Fx denotes the K-point DFT operation. The frequency domain signal at
the receiver n on tone k can then be written as

N
Y = Z "l + 2y, (2.36)
m=1

where N is the number of lines in the binder. (2.36) can be then written in a
matrix form as follows

e = Hgxy + zg, (2.37)
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Cable Type TP1 TP2
diameter(mm) 0.4 0.5
70c(§2/km) 286.176 174.559
ac 0.1476962 0.0530735
lo(uH/km) | 675.369 617.295
loo(p H/km) | 488.952 478.971
b 0.929 1.152
Jm (kHz) 806.339 553.760
Coo (nF /km) 49 50
9o(n0/km) 43 000023487476
e 0.7 1.38

Table 2.1: RLCG parameters

A . .
1T ! MT contains the received and

Where Y& é [y]i77yi]gv , Xk = [xk7"'7xk
transmitted samples for all the lines on tone k. zp = [zi---2}] contains all
the noise samples for all the lines on tone k. The multi-user channel matrix Hy

can be written as

1,1 1,2 LN
h’k hk: hk:
21 ;2,2
= | T , (2.38)
1;/,1 1\},N
h’k h’k

where the diagonal elements of Hj, contain the direct channels and the off-diagonal
elements contain the crosstalk channels.

2.10.1 Multi-user channel model

The direct channel of a twisted pair cable can be modeled by using an incremental
RLCG model. The RLCG model defines the resistance (R), inductance (L),
capacitance (C) and the conductance (G) of the twisted pair cable per kilometer.
The R, L, C, and G of a twisted pair cable can be written as follows

Rk = (Téc + acflz)l/4
Ly, = (lo + loo(fu/ fm)") (1 + (fu/ fm)") !
Ck = Cxo

Gk = go(fk)ge7
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where fj is the center frequency of tone k in Hz [11]. These models are frequency
dependent and the parameters roc, ac, lo, linfty, fm, b, ¢, go, and g. depend on
the materials and the diameter of the twisted pair cable. Typical values of these
parameters are given in Table 2.1

The direct channel response for tone k, hy(d), of a twisted pair cable of length d
km can be written as
)= Zr+Zs
Zrcosh(vyid) + Zp psinh(yid) + ZSZLZa;Sinh(vkd) + Zscosh(yd)’
(2.39)

hie(d

where v, is the propagation constant per unit length for the twisted pair cable at
tone k and it is given as

Yo = V/(Re + 327 fr. L) (Gk + 527 f1Cy),

Zo,k is defined as the characteristic impedance of the line on tone k and is given

as
s [ Ri+g2nfrLy
ZO k — ~ ., a_r T
’ Gy + j2m fr. Ly

Zg is known as the source impedance of the transmitting modem and Z, is the
load impedance of the receiving modem.

Similarly, the crosstalk channels can also be modeled based on a 1% worst-case
analysis. This model provides the crosstalk model such that in 99% of the cases
the crosstalk is less severe than the value suggested by the model. These models
ensure that the DSL modems operate for the majority of the customers. In this
model, the crosstalk channel gain between two lines is given as

™ = g | P (d™™)] (2.40)

where

k| mm
Qk,n,m = Kff% dcc;upling7 (241)

fo=1MHz and K,y = 0.0056 [52]. If 42" . is the length of the binder segment

coupling
over which there is crosstalk coupling between line m and line n, then we can write

arr . < min(dp, dp), (2.42)

coupling —

where d,, is the length of line n in kilometers. The distance from the crosstalk
source m to the crosstalk victim n is denoted as d™™.

The 1% worst-case model cannot be used to assess the possible gains for any
particular crosstalk mitigation technique, since the gains would only be applicable
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to 1% of the lines. This would give an overestimation of the performance gains.
To counter this problem, full statistical models have been proposed in [91, 142].
These models could provide a more realistic assesment of the impact of crosstalk
mitigation techniques in practical DSL systems.

2.10.2 Dynamic spectrum management (DSM)

The techniques to optimize the transmission for a bundle of twisted pairs are
known as dynamic spectrum management (DSM). The optimization depends
on the different levels of coordination between the lines in the bundle. The
resources and different parameters of the DSL modems are then optimized by
taking the interference of the particular DSL scenario into account. A DSL
DSM infrastructure may consist of a central office (CO), where all the lines
terminate and a spectrum management center (SMC). The SMC is responsible
for the DSM. It collects the data from the modems e.g. transmit spectra, channel
charecteristics etc. After processing the collected data, the SMC then optimizes
the DSL parameters e.g. transmit spectra, data rates etc., such that the quality
of service for the users is maintained. This optimization can be performed on a
regular basis [42].

The DSM techniques can be classified as follows based on the level of coordination
between the lines in the binder [42].

DSM level-0

DSM level 0 corresponds to no DSM coordination. No specific optimization is
performed.

DSM level-1

DSM level-1 corresponds to the management of each twisted pair transmission
based on estimated characteristics of the cable, i.e., each line is optimized
independently.

DSM level-2

DSM level 2 corresponds to the joint coordination of the parameters of multiple
DSL lines with full knowledge of the direct and crosstalk channels. It is often
referred to multi-user spectrum coordination.
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DSM level-3

DSM level 3 corresponds to multi-user signal coordination e.g. crosstalk precoding
and/or crosstalk cancellation. It is also refered as vectored DSL.

2.10.3 Crosstalk cancellation
Linear zero forcing (ZF) crosstalk cancellation

The linear ZF canceler output can be written as [166]
X, = decision (Wyyy) , (2.43)

where

W, =H,; ' (2.44)

is the NN x N linear zero-forcing canceler matrix. The linear ZF canceler
does not take background noise into account. Therefore, if the channel is not
well conditioned, it can amplify the background noise and degrade the overall
performance.

Linear MMSE crosstalk cancellation

The linear MMSE canceler output can be written as [166]
Xy, = decision (Wry) , (2.45)

where
W, = S HY (H, S, HY + R, ;) ! (2.46)

is the N x N linear MMSE canceler matrix. Here, Sy = diag{si - sk} is the
matrix containing the power on each line on tone k as its diagonal elements and
R ) the noise correlation matrix for the bundled lines on tone k. Unlike the linear
ZF canceler, the linear MMSE canceler takes the noise correlation matrix into
account. This enables the linear MMSE canceler to cancel the alien crosstalk much
more efficiently than the linear ZF canceler. In a high signal-to-noise ratio (SNR)
AWGN scenario, the linear MMSE canceler approaches the linear ZF canceler.

Nonlinear MMSE crosstalk cancellation

The linear MMSE canceler in general performs suboptimally. A non-linear MMSE
canceler such as the MMSE-GDFE [143, 61, 176, 165] and the MMSE-VBLAST
[173] achieves optimal performance by feeding back the already detected symbols
to remove the corresponding interference.
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Figure 2.8: MMSE-GDFE

MMSE-GDFE

Figure 2.8 shows the MMSE-GDFE structure described in [143, 61, 176]. The
feedforward filter Wy, ¢ of the MMSE-GDFE can be written as

Wi s = Q)" (Gr) "H]! (2.47)

where Qy, is a diagonal matrix and Gy is a monic lower triangular matrix. Here
Qi and Gg can be obtained from the Cholesky factorization of

(Ri) ™" = ((Sk) ™! + H (Re )" H) (2.48)

ie.
(Ri) ™' = GxQrG{. (2.49)
The lower triangular structure of Gy, defines a detection order (line 1 is detected
first, line N is detected last). When different lines have different priorities, the
highest priority line should be detected last [155]. In [61, 176], it was shown that

the MMSE-GDFE performs optimally with respect to achievable bit-rate in the
spatially correlated noise scenario.

MMSE-VBLAST

In the MMSE-VBLAST [173], the interference from the already detected lines is
subtracted from the received vector and then a MMSE linear canceler is applied
to reduce the interference from the yet undetected lines. Let us define the channel
Hj; = [h} ---hY]. The MMSE-VBLAST detection algorithm is given as,

Forn=1---N

n—1
&} := decision (w?f’k(yk - Z hiié)) (2.50)
=1



36 PRELIMINARIES

K1

K2

K3
— (v,

Yk

=

E
B
—«a‘
o
~R
-
o
T | i
o

' >

z

Figure 2.9: MMSE-VBLAST structure

The feedforward filter is
wihp = sphp (g - b 1S by - by TP + R )7, (2.51)

where s} is the n-th diagonal element of matrix Sy, Sy " is an (N —n) x (N —n)
diagonal matrix containing the power transmitted on lines n to line N and 27 is
the estimate of z}'. The formula (2.50) is equivalent to

Forn=1---N
n—1
&y = decision | Wiy yr — Z W?f,khz |, (2.52)
=wtn

fb,k

where the decision feedback operation is now again applied at the end as indicated
in the Figure 2.9. In [59], the MMSE-GDFE and the MMSE-VBLAST were shown

to be equivalent.

2.11 Sparse approximation

Sparse approximation represents a class of problems where a sparse linear
combination of given input signals is preferred. The sparse solution is obtained by
imposing a penalty on the non-zero coefficients. The most common applications
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of sparse approximation are deconvolution, signal modelling, machine learning etc.
[151, 152].

Let us assume a system with additive noise
y = Aw +n, (2.53)

where A is a known matrix, w is the unknown sparse coefficient vector and n is
the additive noise. If the signal y is known, then our goal is to estimate vector w
with the minimum number of non-zero elements. This has been shown to be an
extremely hard problem and due to the sparsity of the vector w is a combinatorial
problem [151, 152]. However, in the case when the vector w is sufficiently sparse, it
has been shown that the vector w can be accurately and efficiently approximated
from the noisy observation y [151, 152].

The approximation problem can be written as
min ||w]|o subject to ||y — Awl]2 <e, (2.54)
w
where the ¢y quasi-norm ||.||p counts the number of non-zero elements in its
argument. In order to solve (2.54), an exhaustive search through all the possible

combinations of non-zero elements in w has to be performed. This is in general
intractable since the search space can be very large.

One way to tackle the intractability of (2.54) is to replace the ¢y quasi-norm with
the ¢ norm to obtain a convex optimization problem. Then we can write (2.54)
as

min ||w]|; subject to ||y — Awl]2 <0, (2.55)

where § is the error bound and related to e. It has been shown that solving (2.55)
is equivalent to solving a closely related convex problem known as the ¢;-penalty
problem, which is given as

o1 - -
min 5“)’—AW||§+’7||WH17 (2.56)

where ~ is the tradeoff parameter which trades off between the approximation
error and the sparsity of w. It has been shown that if w is sufficiently sparse then
the vector w can be recovered exactly for a sufficiently small v [151, 152].

For more details on sparse approximation, we refer to the literature [151, 152, 153,
49, 57, 157]

2.12 Summary

In this chapter, we have provided an introduction to various aspects of a DSL
system. This comprises the important building blocks of a DSL transceiver. A
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brief overview of the different modulation schemes considered for the DSL system
has been given and the motivation towards using multicarrier modulation has
then been presented. A mathematical model of a DMT based system has also
been introduced and DMT transmitter and receiver structures have been described.
Various techniques in order to increase the capacity of the DMT system, such as bit
loading and power loading have also been discussed in detail. Furthermore, some
techniques, to mitigate the effect of channel impairments, such as time domain
equalization and per-tone equalization have also been introduced.

In the multi-user DSL scenario, the effect of crosstalk on the system performance
has been discussed and then a simple multi-user channel modelling technique
has also been presented. Various techniques to optimize the transmission in
this scenario are also discussed in order to either avoid the crosstalk or cancel
it. Various receiver structures to cancel the effect of crosstalk have then been
presented. Finally a short introduction to sparse approximation has been given.

In the following chapters, we will develop various efficient algorithms to reduce the
run-time complexity of the signal processing blocks used to mitigate transmission
impairments discussed in this chapter.
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Chapter 3

Resource allocation in a DMT
transmitter with per-tone pulse
shaping filters

3.1 Introduction

DSL modems use DMT modulation [44]. DMT divides the available spectrum into
smaller parallel sub-bands or tones. Each tone corresponds to an orthogonal carrier.
The input bit-stream is divided into independent parallel streams, which then
QAM-modulate the different carriers. These QAM modulations are implemented
based on an IDFT [18].

The IDFT filters used to implement the DMT have a poor frequency response as
shown in Figure 3.1. Firstly, their first side lobe is only 13 dB below the main lobe
and secondly, the rate of decay of the side lobe energy is only inversely proportional
to frequency. In some applications e.g. in VDSL, the Power Spectral Density (PSD)
of the transmitted signal is not allowed to exceed a given PSD mask defining one
or more pass bands and stop bands. To satisfy this constraint, many tones near
the band edges cannot be used, which are known as virtual carriers (VCs). This
significantly reduces the available bandwidth for data transmission. An example
of the effect of not using enough VCs is shown in Figure 3.2. One of the attempted
approaches to improve the spectral characteristics of the transmit signal is to use
alternative transmit and receive filters instead of the IDFT filters [156, 22, 86], but
this is found to make the equalization at the receiver more complicated. Another
approach is to use time domain windowing of the transmit signal [10] either with

41
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or without extending the cyclic prefix and possibly an additional cyclic suffix
[40]. Inter-symbol windowing, in which only the cyclic prefix and cyclic suffix is
multiplied with the window function to preserve the orthogonality was presented
in [94]. Similarly, intra-symbol windowing where the window function is applied to
the transmit block was proposed in [90, 47, 93]. However, this approach destroys
the orthogonality and needs a post processing at the receiver. The idea of spectral
compensation was considered in [17, 14, 92]. Theoretically, one of the simplest
approaches is to filter the transmit signal [101].

A per-tone pulse shaping procedure to reduce the energy in the stop bands was
proposed in [33]. It uses a filter to shape the spectrum for each tone separately.
These filters can be designed using many techniques [96, 124, 148]. In [33], a
simple filter design procedure was proposed, where a pulse shaping filter is designed
for each tone such that its stop band energy contribution is minimized. The
method allows for asymmetric filters which helps to reduce the stop band energy
contribution of the tones at the band edges. This in turn helps to increase the
number of tones that can be used for data transmission without violating the PSD
mask constraint compared to a time domain windowing, as shown in Figure 3.3.
The resulting transmitter structure was derived in [33] and shown to be a dual of
the per-tone equalization structure proposed in [2]. It is noted that the transmit
signal filtering has the same effect as the time dispersive channel and therefore
the cyclic prefix length has to be increased accordingly in order to mitigate the
ISI/ICT [92, 101].

In the DMT transmitter using per-tone pulse shaping as described in [33], every
tone is shaped using a constant length non-sparse pulse shaping filter and each tone
has the same transmit power, i.e., no specific power loading scheme used. However
for a given per-tone transmit power, tones in the middle of a pass band contribute
less to the overall stop band energy. Therefore, a sparse pulse shaping filter, i.e.,
with fewer non-zero filter taps and hence lower run-time complexity, may be used
for such tones without affecting the overall performance significantly. A better
alternative is thus to consider variably sparse pulse shaping filters, where each
tone can use a pulse shaping filter with a different degree of sparsity. Furthermore,
the number of used tones can also be increased by using a lower transmit power at
the band edges. Using a lower transmit power on a larger number of tones may help
to increase the achievable data rate without violating the PSD mask constraint. In
conclusion, there is a need for efficient methods to optimally allocate the non-zero
filter taps as well as transmit power over tones, such that a maximum data rate is
achieved with the available resources, i.e., for a given power budget and filter tap
(run-time complexity) budget, and without violating the PSD mask constraint.

The Lagrange multipliers method is often used to convert a constrained optimiza-
tion problem into a dual unconstrained problem [102, 24]. In this chapter, we
propose two algorithms to optimally allocate the non-zero filter taps and transmit
power over tones by solving the dual problem. The first approach is based on an
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Figure 3.1: Spectrum of two adjacent tones in a DFT based multicarrier system

exhaustive search over all the pulse shaping filter orders and is referred to as the
contiguous filter tap selection (CTS) based approach. The second approach uses
sparse approximation to compute the sparse pulse shaping filters, hence we refer
to it as the sparse approximation based approach.

The chapter is organized as follows: In section 3.2, the filter design criteria
for a per-tone pulse shaping filter are presented. Additionally, an efficient DMT
transmitter structure to incorporate the effect of per-tone pulse shaping filter is
also given.

In section 3.3, the optimization problem to allocate pulse shaping filter taps for
a constant power loading scenario as well as for a joint pulse shaping filter tap
and transmit power allocation scenario is formulated. In each case, it is shown
that the dual problem formulation decouples the optimization problem over tones,
hence reducing the computational complexity of the solution of the optimization
problem.

In section 3.4, we then present algorithms to further reduce the computational
complexity of the optimization problem derived in section 3.3 under fixed power
loading.

In section 3.5, the two algorithms presented in section 3.4 are extended to include
both pulse shaping filter taps and transmit power allocation.
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Figure 3.2: PSD of a VDSL system without any transmit pulse shaping, violating
the spectral mask constraints
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Figure 3.3: PSD of a VDSL system satisfying the spectral mask constraints (a)
with time domain pulse shaping (b) with per-tone pulse shaping

In section 3.6, the simulation results are shown and conclusions are drawn in
section 3.7.
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3.2 System model
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Figure 3.4: DMT transmitter with per-tone pulse shaping

The following notation is adopted in the description of the DMT system. K is the
IDFT-size and k denotes the tone index, C,,4; is the order of the pulse shaping
filters, v is the cyclic prefix length. x! is the output of the transmitter i.e. a vector
of length K = K + C,,,40 + v, corresponding to one transmitted symbol at time .

Figure 3.4 shows the DMT transmitter structure with the per-tone pulse shaping
as derived in [33]. The filters Fj(z) are the DFT filters defined as

F(2) = e (2)fy, (3.1)

where efl (2) = [1 271 . 251 £ = [fP- ~-flf<+”_1] and f} = e~ Iwe(v=1) for
I1=0---(N+v—1), wy = % The pulse shaping filters, Wy (2), are designed using
a minimum stop band energy criterion. For simplicity we will use FIR per-tone
pulse shaping filters and adopt the following design criterion, presented in [33], for
every filter Wy (2):

minimize (1 — ﬂ)/ | F. (7)Y W (e7*) |2 dw + ﬂ/ | Fy(e7) Wi (e7%)|*dw
wE w

Wk €Qs

subject to Wi (e?) =1 (3.2)
where )7 represents the stop band frequencies, {22 represents the pass band
frequencies as defined by the PSD mask, Wi(z) = e&(z)wy, &(z) =
(127t 27 COmas] wy = [w) wh - wi™]T, Fj(e/*) is the frequency response

of the DFT filter Fj(z) at frequency w, Wy (e/*) is the frequency response of the
per-tone pulse shaping filter Wi (z) at frequency wy and § is a small constant
0 < B < 1. The pass band term is included as a regularization term[33]. The
design criterion can be restated as

min  wiQpw;, subject to W (/%) =1 (3.3)
W
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where,

Qi = (1 — ﬂ)/ \Fk(ej“)|2é(ejw)éH(ej‘“) dw+ ‘Fk(@jw”zé(ejw)éH(ejw) dw
wEN wEDS

with éH(ej“’) =1 e~ Jw. .. eijmazw].

We will design a pulse shaping filter under additional sparsity constraints, i.e, we
will complement (3.2) or (3.3) with constraints

wi =0 if ij =0 fOI'j =0--- Cmama (34)

where the Cj;’s define the sparsity pattern, see section 3.3. The filter design
problem given by (3.2) or (3.3) and (3.4) corresponds to a linearly constrained
least squares problem, which is easily solved.

From Figure 3.4 we can see that the transmitter output is

K-1
X; = Z «Tilcfk * Wi, (35)
k=0

where, x denotes the convolution operation and zj, is the input symbol for tone k.
In [33] it has been shown that this transmitter output can be generated cheaply
based on

01 K1 N CaR AT
Xﬁ = Ix Ik Dx; + Z O(K_Hj_cmw)xl Tik- (36)
0c,,0ux K k=0 vy,

Here Iy is the k by k identity matrix, Zx is the IDFT matrix of size K x K,
X; = [T xi(K,l)}T is the input symbol vector, & = e 72™/K v, = Upwy, and
can be written as [vg 0 VL]T, Uy is an (Cpgz + 1) by (Crmas + 1) upper triangular
Toeplitz matrix whose first row is [1 aF - .- a*“maee] D is a diagonal matrix with

diagonal elements [vg,0 v1,0 - - - Vi —1,0] consisting of the first element of vy, for each
k.

3.3 Problem formulation

In section 3.3.1, we first consider the problem of pulse shaping filter taps allocation
under fixed power loading. In Section 3.3.2, we then consider the problem of joint
pulse shaping filter tap allocation and transmit power allocation, to maximize the
data rate under the PSD mask constraints.
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3.3.1 Resource allocation for a fixed power loading

When the collection of tones to be used for transmission and the powers are fixed,
the tap allocation in the pulse shaping filters does not affect the achievable bit-rate
(cfr. the constraint in problem (3.2) and (3.3)). Hence, in this case we only need a
procedure to optimally allocate the filter taps, such that the PSD mask constraints
are fulfilled. For a given tap budget Chydget, Wwe can write the resource allocation
problem as

max 0
C
Crax
subject to Z Z Crj < Chudget
kel j=0
tspec < tinask (37)

where K is the set containing the indices of the used tones, Ci; € {0,1} defines
the tap allocation i.e. C}; is 1 if the j-th tap of the pulse shaping filter for tone
k is selected i.e., can be non-zero and 0 otherwise, ¢ = [Cio - Ckc,,..] is the
vector that represents the position of the non-zero pulse shaping filter taps for
tone k and is referred to as the sparsity pattern of the pulse shaping filter, C
is a matrix that has cj as its kth row, Chudget is the predefined maximum total
number of non-zero pulse shaping filter taps for all used tones, t,,,s% is the vector
containing M sample points of the PSD mask at different frequencies and tspec s
the vector containing the similarly sampled PSD of the transmitter output. It is
seen that (3.7) merely checks if the PSD mask constraint can be met with the given
filter tap budget. This type of problem is known as a feasibility problem, which
tests whether the constraints are mutually exclusive. Problem (3.7), amounts to
a combinatorial selection and therefore is a non-convex problem. This problem is
further complicated by the fact that the second constraint is coupled over tones.
In order to simplify the optimization problem presented in (3.7) let us write it as
the following equivalent constrained optimization problem

Cmaz

mémx —Z Z Crj

kek j=0 (3.8)

subject to  tepec < tmask

If) ek ZJ.C:’"O“I Cl;j is larger than Cyyqger after the maximization then the problem
is considered infeasible. This optimization problem is still combinatorial and the
constraint is still coupled over tones. The computational complexity of (3.8) is
O(2K(Cmazt1)) " wwhere K is the cardinality of the set K and denotes the total
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number of used tones. This is intractable for practical values of K and Ci,q.. In
order to solve this problem let us write the dual of the problem in (3.8) as

m/in {méxx (@)} subject to A, >0 for m=1---M, (3.9)

where

mask,m - tspec,m)a (310)

SME‘

Cmaz
keKx

J=0

A is a vector containing all A;,s, m is the index for the frequency samples, i.e.
tmask,m and tgpecm correspond to the PSD samples at frequency wy, and M is the
total number of frequency samples taken into consideration.

With,

tspec,m - Z Sk|Fk(6ij)Wk(6jwm) ‘2
ke

=) sil Fi(e?m)e (e ywy |, (3.11)
ke

where sy = E{|z|*}, and wy, is computed from the sparsity pattern cj based on
(3.3) and (3.4), we can rewrite equation (3.10) as,

Cmaz

==> > Cuy+ Z A Y sl Fi(e?m)e (emywy|* — Z Amtmastm

ke j=0 m=1 kek
(3.12)
which is equivalent to
Crmaz M
Z Z Ckg + Z )\m3k|Fk ejwm) (ejwm)wk|2 - Z Amtmask,m
kek m=1
constant for a given A,
(3.13)
For fixed Lagrange multipliers A,,, the term Z 1 Amtmask,m 18 constant and

therefore the maximization problem in (3.9) is eﬁectlvely decoupled over tones,
and can be written for each tone k € IC as,

max  y(A)
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max

C M
r(A) == D" Cij+ > Amsg| Fi(e?m)e! (e ywy|? (3.14)
7=0 m=1

This per-tone optimization problem can be solved by exhaustively searching over
all possible c¢;’s. The Lagrange multipliers can then be updated until all the
PSD constraints are met. Even though the problem is now decoupled over tones,
it is still combinatorial for each tone. The computational complexity now is
O(K2(Cmazt1)) per update of the Lagrange multipliers, which is still very high
for practical values of Cy,qz. In section 3.4, we will present efficient algorithms to
reduce this complexity.

In the following section, optimal transmit power allocation will also be considered
along with the pulse shaping filter taps allocation.

3.3.2 Joint pulse shaping filter tap and transmit power allocation

To maximize the data rate of a single-user DMT system under a total power
constraint, the optimal per-tone transmit power can be calculated by using the
water filling procedure [40]. With additional PSD constraints this is no longer
applicable. In the previous section, the pulse shaping filter tap allocation problem
was formulated when the collection of used tones and their transmit powers are
known for a system with PSD constraints. However, the number of used tones
can possibly be increased if a lower transmit power at the band edges is used.
Therefore by also allocating the appropriate amount of transmit power for each
tone the total achievable data rate can be maximized for a given total transmit
power budget. This then requires a procedure to allocate the available resources,
i.e., transmit power and pulse shaping filter taps, efficiently over tones such that
the achievable bit-rate is maximized and the PSD mask constraints are met. The
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corresponding constrained optimization problem can be written as

maximum E Ry
C,s
kelC

SUbjeCt to tspec < tmask

Crmax

Z ij S Cbudget (315)
kek j=0

§ Sk < Sbudget
ke

0 < Sk < Smax,k:

where Ry, is the achieved bit-rate for tone k£ which is given as

Sn|hk‘2
Ri = Alogs(1 4+ 220,
k= Aglogs( o T )
n 2
% is the signal-to-noise ratio of tone k, T is the SNR gap, s = [s1 - sk]

is the vector containing the transmit powers, Spyager is the total transmit power
budget, s € S is the transmit power allocated to tone k, S is the set containing all
the allowed discrete power levels, Sy, 5 is the maximum transmit power allowed
for tone k. All the other quantities are as in section 3.3.1. Optimization problem
(3.15) is coupled over tones and is a combinatorial problem. It has a computational
complexity of C’)(f/K2K(C"m+1)), where L is the cardinality of set S and K is
the cardinality of set IC. This is intractable even for moderate K L and Chugs.
In the previous section, it was shown that the dual problem formulation leads
to a decoupling of the problem over tones. Therefore, in order to reduce the
computational complexity, we will also formulate a dual problem of (3.15). The
dual optimization problem can be written as

min {max(\ll)} subject to  v,a,A >0
v,0,A C,s
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where,

Crmaz
U= Z Ry + v | Coudger — Z Z Cij | + a<Sbudget - Z Sk)

ke kel j=0 ke
M
+ Z Am(tmask,m - tspec,m) (316)
m=1
(3.17)

The last constraint in (3.15) may be excluded from the dual formula since it can
be implicitly imposed by reducing & in each per-tone minimization problem.

For fixed Lagrange multipliers the maximization problem in (3.16) is again
decoupled over tones, and by substituting (3.11), can be written for each tone
as,

max (7, A),

Ck,Sk
where
Yr(v,a,A) = R — Z Chj — asg — Z sk Fi(e79m)&H (e7m ywy |2, (3.18)
7=0 m=1

The computational complexity now reduces to O(K I~/S2(Cm”+1)) per update of
the Lagrange parameters which is still very high for practical values of C), 4.

In section 3.5, we will present efficient algorithms to reduce this complexity.

3.4 Resource allocation for a fixed power loading

3.4.1 Contiguous filter tap selection based resource allocation

Here we present an approach that is based on (3.14) to further reduce the
computational complexity. Let us restate (3.14) again for convenience as

max  y,(A)
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max

C M
Gr(A) == " Crj+ D AmslFr(e?m ) (em )wy|? (3.19)
7=0 m=1

The computational complexity of (3.19) is O(K2%ma=+1). The computational
complexity can be reduced by restricting the sparsity pattern of the pulse shaping
filters such that only contiguous taps can be non-zero i.e., c; always takes the form

Ck=[1~-~1‘ 0~-~0] (3.20)
Li+1 Cumae—Lyg

We will refer to this as the contiguous filter tap selection (CTS) approach. Thus
the combinatorial search over all the sparsity patterns is reduced to a linear search
in the filter order. This can be written as

max i (A) (3.21)
A~ M . .
Gr(A) = —Li = > Amsi|Fr(e?m)e (e ywy|?, (3.22)
m=1

where Ly is the filter order on tone k. The values of the Lagrange multipliers can
then be updated until all the PSD constraints are met.

An algorithm description is given below in Alg. 3.1. The computational
complexity is thus reduced to O(K (Cpaz +1)) from O(K2¢me=+1) The Lagrange
multipliers, A, are updated based on the difference between the PSD mask and
the output PSD, i.e.

>\m <= [)‘m — Hm (tmask,m - tspec,m)]+ (323)

where i, is the step size for the update which is always positive. The pu,, can
be varied in order to drop the energy at a frequency point quickly if the output
spectrum at that frequency exceeds the PSD mask and to cautiously increase it
if the output spectrum is under the PSD mask. A typical initialization value for
A = {\,} is 0 and then pu = {{y,} can be initialized with a value generally much
larger than 1 as we need to establish a very high value for A in order to make

the ZM A S| Fie (Wi ) e (w, )Wr|? comparable to the value L. The algorithm

m=1
stops when the number of taps stops updating.
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Algorithm 3.1 Contiguous filter tap selection based pulse shaping filter tap
allocation

1: Initialize A,pu

2: repeat

3. for tone k € K do

4: for filter order Ly, =0---C,qr do
5: ck=[1---1] 0---0 ]
—~— | ——
Lr+1 Cumar—Lgk
6: compute wy, (equation (3.3)-(3.4))
7 U = A=k = Eoamy Amsk| Fie(eom )@ (e3om ywg (e7om) )
8: end for
9: end for

10: compute tgpec

11: form=1---M do

12: >\m - [)\m - Hm (tmask,m - tspec,m)]+
13:  end for

14: until (change in filter taps)

It is important to note that an analytical expression for the duality gap will
be difficult to obtain. Therefore, it should be noted that the solution obtained
from the dual problem formulation after the constraint relaxation may not be the
globally optimal solution of the primal problem but nevertheless the procedure is
found to provide practically relevant solutions (see section 3.6).

3.4.2 Sparse approximation based resource allocation
Computing sparse pulse shaping filters

From the previous section, it is clear that if we can somehow control the possible
sparsity patterns of the pulse shaping filters, the computational complexity of
the per-tone optimization problem will be reduced significantly. In section 3.4.1,
the sparsity pattern of the pulse shaping filter was restricted to combinations
where only contiguous taps can be non-zero, thus reducing the computational
complexity from the combinatorial search to a linear search in the filter orders.
However, restricting the sparsity pattern may not be the best approach, since the
best sparsity pattern may not be in the restricted search space. In order to find a
better way to control the sparsity pattern, let us write the problem of designing a
pulse shaping filter (3.3) as a sparse approximation problem[152], i.e.

min - wi Quwy + 7 [|[wil[, subject to Wi (e!F) =1, (3.24)
Wi
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Here ||.||, is known as the ¢y quasi-norm, which basically counts the number of
non-zero elements of the vector in the argument, 7 controls the trade off between
the sparsity and the quadratic term. Problem (3.24) is however known to be NP
hard in general. To simplify (3.24) the non-convex ¢y quasi-norm is often replaced
by the convex ¢; norm [152]. This can be written as

x{n_in Wi Qywy, + 7 ||Wy||, subject to Wy (e?*) =1, (3.25)
W

where Wy, is an approximation of wy, T controls the trade off between the sparsity
and the quadratic term. (3.25) is a convex problem and can be solved using any
generic solver in polynomial time [24]. If the underlying system admits a sparse
solution, it has been shown that solving (3.25) is equivalent to solving (3.24) [152].
In our case, the underlying system does not necessarily admit a sparse solution,
therefore we can not obtain a sparse pulse shaping filter by just solving (3.25).
One way to obtain a sparse pulse shaping filter is to adopt a two step procedure.
Firstly, we use (3.25) for a given 7 to obtain a nearly-sparse pulse shaping filter
and then force the coefficients below a certain threshold level p to zero. Secondly,
we use the sparsity pattern so obtained and we compute the pulse shaping filter
using (3.3) and (3.4). It is clear that the choice of the trade off parameter 7 and the
threshold py is important for the algorithm to work properly. An efficient update
rule for these parameters is based on the difference between the total available
system resources and the used system resources for the current value of 7. This
can be written as

i
T = lT — 11(Coudget — Z Wko)] ) (3.26)

ke

where p is a step size parameter and [a]t is max(0,a). We can either use a fixed
threshold or we can also update the threshold in order to speed up the algorithm.
The update formula for the threshold can be written as

+
p = [p — (Cbudges = Y ||Wk||o)] ; (3.27)
kex

In (3.27), the threshold is same for pulse shaping filter on all the tones. However,
the pulse shaping filters which do not contribute much to the stop-band energy
can have higher threshold than other filters. The performance of the algorithm
can be further improved by using the weighted version of p for each tone. The
correction in the threshold value for each tone is first weighted by the stop-band
energy and can be written as

e <= | pr — Ik (Chudges — Z Iwello)| (3.28)
kek
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where pi; can be given as

M
fig =iy s|Fr(em)et (e7m )wy| (3.29)

m=1

Sparse approximation based pulse shaping filter tap allocation

The power at the various sample points in the spectral mask stop-band of a pulse
shaping filter contribute differently to the overall optimization function. This
information can be used to design a better filter by weighting different frequency
sample points with the Lagrange multipliers. The Lagrange multipliers can thus
be incorporated into the nearly-sparse filter design by modifying (3.25) into

min Wi QW + 7 |[Wyi||, subject to Wi (e’*) =1
Wi

where,

Qi =(1—=5) Y AmlEu(em)e(erm)e (¢m)

meMagy

+B > [F(elm)Pe(efom et (em), (3.30)
meMpy

where Mg, and My, are the sets containing the indices of frequency samples
in the stop-band and the pass-band of the spectral mask respectively. Similarly,
the weighting of the frequency samples can also be incorporated in the sparse
filter design using a given sparsity pattern using (3.3) and (3.4), where again
the integral is replaced by a summation and Qg is rewritten to incorporate the
Lagrange multipliers, i.e.,

min  wiQpw;, subject to W (e?*) =1 (3.31)
W
where,

Qi =(1-5) Y AnlEu(em)e(erm e (¢m)

meMgyp

+0 Y |FR(em)Fe(erm e (¢rom)

meMopyp

w{c =0 if ij =0 fOI‘j =0--- Cmaam (332)
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Since the sparsity pattern ¢ computed from the solution of (3.25) and then
applying the threshold already provides us the number of non-zero pulse shaping
filter taps and their position, there is no need to compute any other objective
functions. For given \,,, 7 and p, the problem reduces to computing wy for
different k € K and then checking if the PSD mask constraints and the filter tap
budget constraint are met. An algorithm description is given in Alg. 3.2. The
complexity of the proposed algorithm is then O(K k) per update of the Lagrange
multipliers, where x is the cost associated with computing the nearly-sparse filter
and then a sparse filter for one tone. For large C)az, K = Chaz, therefore the
computational complexity for sparse approximation based pulse shaping filter tap
allocation under fixed power loading is similar to the exhaustive search based CTS
approach in section 3.4.1. The Lagrange multipliers, A,, are updated based on the
difference between the PSD mask and the output PSD, i.e.

Am = p\m — Hm (tmask,m - tspec,m)]+ (333)

where [i,, is the step size parameter for the update, which is always positive. The
[l can be varied in order to speed up the algorithm. A typical initialization value
for A = {\,,} is 0 and then ji = {/i,,} can be initialized with a value generally
much larger than 1. The algorithm stops when the number of taps stops updating.

In the next section, the algorithms discussed in this section will be extended in
order to jointly allocate the pulse shaping filter taps and transmit power.

3.5 Joint pulse shaping filter tap and transmit power
allocation

3.5.1 Contiguous filter tap selection based resource allocation

Here, we present an approach that is based on the dual problem formulation
presented in (3.16).

We can restrict the sparsity pattern of the pulse shaping filters as suggested for
the CTS procedure in the previous section. Therefore, we can rewrite (3.16) as

max Ui (y, o, A) (3.34)
Ly,sk

M
Uk(7,0,A) = R — yLi — asg — Y Amsi|Fr(em )" (e )wi > (3.35)

m=1
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Algorithm 3.2 Sparse approximation based per-tone pulse shaping filter tap
allocation with fixed power loading

1: Initialize A, 7, pg, i, p, @

2: repeat
3. for tone k € K do
4: compute nearly-sparse Wy solving ~
min W QuWy + 7 || Wy, subject to  Wy(ed¥r) =1
Wi
5: apply threshold p and obtain sparsity pattern cj
6: compute sparse wy, solving
min - wQpwy, subject to Wi (edr) =1
Wi
with
w, =0 if Cpj=0 forj=0-Chaa
_ =M ; ~ ;
T ik = ),y Sk| Fk(e70m) e (e70m wy |

8: end for

9: compute tgpec

10  for m € My do

11: update Am & [)‘m - ﬂ’m (tmashm - tspec,m)]
12:  end for N
13 update 7 < [7 — pu(Chudget — e 1Wkllo)]

14: for k € K do N
15: update p < [pr — ik (Coudget — Yopexc [Well)]
16:  end for

17: until (change in filter taps)

+

This per-tone optimization problem can be solved (for fixed Lagrange multipliers)
by exhaustively searching over all possible values of Ly and si. The values of
the Lagrange multipliers can then be updated until all the constraints are met.
An algorithm description is given in Alg. 3.3. The complexity of the proposed
algorithm is O(K * L % (Caz + 1)).

The Lagrange multipliers (v, @ and \) are updated based on the difference between
the obtained values for the corresponding resources and their target values, i.e.

)\m ~ )\m — My (tmask:,m - tspec,m)

Y <~ Y= ﬂ(cbudget - Z Lk)
ke

= o — ﬁ(Sbudget - Z Sk)
ke

where fi,,, fi and p are the step sizes for the updates which are always positive.
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Algorithm 3.3 Contiguous filter tap selection based joint resource allocation
algorithm

1: Initialize A, a, v, pm, i, it

2: repeat

3:  for tone k € K do

4: for filter order L, = 0--- L4 doO
5: ck=[1---1] 0---0 ]
| ——

Ly Crmax—Lg

6: compute wy, using(equation (3.3)-(3.4))

7: for power level s, =0+ 54, do

8: VYr e (R —vLy — asp — SN Ansi | Fi(e7m )& (em w2}

9: end for

10: end for

11: end for

12: compute tgpec ~

13: form=1---M do

14: >\m ~ P\m — HUm (tmasij - tspec7lj)]+

15:  end for

16: v <= [")/t — ,a(Cbudget — Zk Lk)]

17: <= [ (Sbudget Zk Sk)]

18: until (change in filter taps and used power)

3.5.2 Sparse approximation based resource allocation

We can rewrite the per-tone optimization problem for the joint per-tone pulse
shaping filter tap allocation and power loading given in (3.18) as

M
Ur(v 0, A) = Ri = || Willo — sk — 56 Y Am[Fi(e?m ) (e7m )i (3.36)

m=1

a

Since, we fix the sparsity pattern of w; using (3.25) and then applying the
threshold, for fixed Lagrange multipliers A, o and +, the per-tone optimization
problem (3.36) can be solved by exhaustively searching over all possible discrete
power levels si. Since a in (3.36) is not power dependent, we need to compute the
sparse filter only once at the beginning. The per-tone objective function in (3.36)
for a given sparse per-tone pulse shaping filter can be rewritten as

Yr(a, A) = Ry, — (o + a)s. (3.37)

Here ||wg]|, is a constant, hence it can be removed from the optimization problem.
By fixing the sparsity pattern using the sparse approximation technique, the
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total computational complexity is O(K L+ k) per Lagrange multiplier iteration in
contrast to O(K ﬂ(C’mw + 1)) per Lagrange multiplier iteration. For large Cy,qz
this is a significant reduction in computational complexity. The values of the
Lagrange multipliers can then be updated until all the constraints are met. An
algorithm description is given below in Alg. 3.4. The Lagrange multiplier A,
could be updated using (3.23) and Lagrange multiplier o can be updated based
on the difference between the obtained values for the corresponding resources and
their target values, i.e.

+

ap™ = |a} — i(Spuaget — _ sk) (3.38)
kek

where [i is a positive step size.

Algorithm 3.4 Sparse approximation based joint resource allocation algorithm
1: Initialize A, o, 7, px kK € K, It, [i, i
2: repeat
3:  for tone k € K do

compute a sparse wy, using (3.25), p, and (3.3)

compute a = 2%21 A | Fi(e79m ) e (e7m w2
for power level s, =0--- SZWSIC do

St <= {Ry —sp(a+a)}

argmax
end for

ik = B ey Skl F(e7m)eH (e ywi
10:  end for
11:  compute tgpe. using Szpt
12:  update Ay using Ay, <= Ay — fm (bmask,m — tspee,j)] ™

. - ¥
13:  update o using oy < [ozk — i(Sbudget — Y _pex sk)]

L - n

14:  update T using T < [7’ — 11(Chudget = D pex HWkHo)]

: - +
15:  update pi using pr < [pk — 11k (Chudget — ek ||wk||0)]
16: until (change in filter taps and used power)

3.6 Simulation results

In our simulations, we consider VDSL downstream transmission with a PSD mask
corresponding to the FTTCab M1 deployment scenario [10]. The size of the IDFT
is 1024, the cyclic prefix length plus the overhead due to the maximum pulse
shaping filter order per tone C, 4, is 80 samples and the SNR gap I' = 9.8 dB. We
use Chuae = 17 to be able to compare our results to [33]. The initial values are
Aj=0,a0a=0,fl;, =1e8, i =1and i =1e—-7,7 =0 and p; = 0.
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3.6.1 Resource allocation for a fixed power loading

In the first simulation, the channel under consideration is a 400m twisted pair
cable in a bundle of 8 with an interference channel of 400m. We fix the tones used
for transmission as suggested in [33], i.e., 375 predefined tones. Figure 3.5(a)
shows the pulse shape filter tap distribution by using the CTS based approach. It
can be seen that the tones at the band edges use filters with higher order than the
tones in the middle of the band. Figure 3.6(a) shows that the total number of
pulse shaping filter taps can be reduced significantly without violating the PSD
mask constraint by using the CTS based pulse shaping filter tap allocation. In
Figure 3.6(a), in the initial iterations the main effort is to reduce the number
of non-zero filter taps. This is achieved by using larger step size to update the
Lagrange parameter but after some iteration the PSD mask constraints are violated
therefore the algorithm tries to meet the PSD constraints by using smaller step
size. After a few iterations, the number of non-zero filter taps stabilizes and the
PSD mask constraint is also met. The total required number of pulse shaping
filter taps reduces from 6735 (17*375) taps to 3787 taps corresponding to a 40%
reduction. In Figure 3.6(b), it is seen that the number of pulse shaping filter
taps can be further reduced by using the sparse approximation based approach,
namely to 3509 taps. From Figure 3.6(a) and b, it can be seen that the sparse
approximation based approach also converges faster than the CTS based approach.
Therefore, we can conclude that sparse approximation based approach provides a
better solution at a lower computational complexity. The sparse approximation
problem as formulated in (3.25) is solved using the CVX software for solving convex
programs [67]. The distribution of pulse shaping filter taps over the 375 used
tones for both algorithms is shown in Figure 3.5(b). Figure 3.7 shows the
corresponding transmit PSD and the PSD mask.

3.6.2 Joint pulse shaping filter tap and transmit power allocation

The channel under consideration is identical to the fixed power loading scenario.
However, we now make all 428 tones available for transmission (instead of only 375
tones). The total available power is 11.5 dBm [10], which is larger than the total
power needed to transmit maximum power —60 dBm/Hz on all tones, i.e., 8.682
dBm, hence the power constraint is not active. Figure 3.8 shows the observed
transmit PSD for the case of 5000 pulse shaping filter taps for the CTS based
approach and the sparse approximation based approach. It can be seen that both
the CTS based approach and the sparse approximation based approach can use
the tones at the band edges more efficiently. However the sparse approximation
based approach outperforms the CTS based approach. The tap distribution over
tones for both approaches is presented in Figure 3.9. Table 3.1 shows that the
number of iterations taken for the algorithm to converge for the different pulse
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Figure 3.5: Distribution of number of pulse shaping filter taps over tones using (a)
the CTS based approach (b) the sparse approximation based approach
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Figure 3.6: Convergence of total number of pulse shaping filter taps using (a) the
CTS based approach (b) the sparse approximation based approach

shaping filter tap budgets are similar for both approaches. Hence we can conclude
that the overall complexity for the sparse approximation based approach is smaller
than for the CTS based approach. It is obvious that if the resources are scarce, the
algorithm requires a larger number of iterations, as it is then harder to distribute

the resources optimally.

In Figure 3.10 we compare the achieved bit-rates. Since the total available
transmit power is larger than the total transmit power needed, we compare our
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Figure 3.7: Transmit PSD for (a) the CTS based approach (b) the sparse
approximation based approach

Total filter taps | CTS based approach | SA based approach
5000 12 10
1000 20 21

Table 3.1: Number of outer iterations taken to converge to the solution

results only for different total pulse shaping filter taps constraints, i.e., the power
constraint is not active. We can see that the sparse approximation based approach
performs better than the CTS based approach. It can be seen that the sparse
approximation based approach utilizes the tones at the band edges more efficiently
and hence the overall performance is increased. We also compare our results with
two extreme cases. The first case is when there are no resource constraints (i.e.
maximum allowed transmit power and maximum pulse shaping filter taps on all
428 used tones), which results in the dotted line in the Figure 3.10. The spectral
mask constraints are not satisfied in this case. The second case is when only
375 tones are used and maximum transmit power is used for all these tones as
in [33] (dashed line with + marker in the Figure 3.10). It can also be seen
that the achieved rate for the sparse approximation based approach is consistently
larger than for the CTS based approach. Furthermore, the sparse approximation
based approach achieves the performance of case 2 [33] with much less (3000 vs
37*17=6325 taps) resources.
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Figure 3.9: Pulse shaping filter tap distribution (5000 taps) for (a) the CTS based
approach, (b) the sparse approximation based approach

3.7 Conclusion

In this chapter, it has been shown that the use of per-tone pulse shaping decreases
the number of VCs on the band edges, thus increasing the achievable bit-rate of the
DMT system. Furthermore, it has also been shown that using a constant length
non-sparse pulse shaping filter on every tone unnecessarily increases the run-time
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Figure 3.10: Relation of data rate and the total number of available resources

complexity of the system. Therefore, using a variably sparse pulse shaping filter
on each tone reduces the run-time complexity without affecting the performance
significantly.

To this end, we have proposed efficient resource allocation algorithms to distribute
the available resources (total transmit power budget and total per-tone pulse
shaping filter tap budget) over tones in a DMT transmitter with per-tone
pulse shaping. We have shown that a dual problem formulation leads to an
unconstrained optimization problem that is decoupled over tones but due to the
combinatorial nature of the filter tap allocation the resulting optimization problem
is still NP hard.

We have proposed two approaches to further simplify the problem. First, by
restricting the filter sparsity pattern such that only contiguous taps are allowed to
be non-zero, the combinatorial search in the sparsity pattern is reduced to a linear
search in filter order. Second, by using sparse approximation techniques to design
the sparse pulse shaping filter directly using a convex relaxation of the sparsity
constraints, the sparse filter design problem can be written as a convex problem
and solved efficiently. Furthermore, the techniques have also been extended to
jointly allocate pulse shaping filter taps and transmit power.
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A VDSL simulation has demonstrated that under a fixed power loading, the
number of pulse shaping filter taps can be reduced to approximately 40% compared
to the fixed length non-sparse cases without sacrificing performance. Furthermore,
we have also shown that the sparse approximation based per-tone pulse shaping
filter tap allocation approach performs better than the CTS based approach. When
combined with transmit power loading these approaches can further reduce the
number of per-tone pulse shaping filter taps needed to achieve the same bit-rate
performance.






Chapter 4

Resource allocation in a DMT
receiver with per-tone
equalization

4.1 Introduction

Dispersive channels such as the DSL channel introduce ISI. In order to remove
IST a guard period is inserted between two DMT symbols known as the cyclic
prefix (CP). The CP allows for an easy channel equalization at the DMT receiver.
However, if the CP is shorter than the channel impulse response (CIR) then this
results in ISI and ICI. Highly dispersive channels such as the DSL channel have a
very long CIR, hence to mitigate ISI/ICI a very long CP is needed. As a long CP
results in a large transmission overhead, channel equalization is used to shorten
the effective length of the CIR [44] [18]. The usual time domain equalization
(TEQ) [8] then corresponds to a joint equalization of all the tones and hence cannot
optimize the performance in each and every tone. An alternative frequency domain
equalization technique, known as per-tone equalization (PTEQ), was proposed in
[2] in order to equalize each tone separately. It is then possible to optimize the
bit-rate performance of the receiver using a suitable multitap equalizer for every
tone, even without increasing the overall run-time computational complexity. For
a detailed comparison of several equalizer architectures, we refer to [98, 97].

In a PTEQ based DSL system, typically every tone is equalized using a constant
length non-sparse equalizer. However the DSL channel is frequency selective,
therefore the channel gain varies for different tones, and so for a tone with a

67
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low channel gain using a long equalizer does not improve its bit-rate performance
significantly. Furthermore, due to the presence of transmit and receiver filtering
effects, tones at the band edges require longer equalizers [1]. Therefore, using a
constant length non-sparse equalizer for all tones may correspond to an increase in
run-time complexity without much performance improvement. A better approach
is then to consider variably sparse PTEQ filters, where each tone employs a
PTEQ filter with different degree of sparsity. One of the main challenges then
is to allocate the non-zero PTEQ filter taps for each tone without affecting the
overall performance. In [174, 175], the order of the equalizer is determined by
minimizing the MSE (Mean Squared Error) of the equalizer outputs. While the
method tries to minimize the MSE for every tone, it does not provide a way to
incorporate global resource constraints in the algorithm. Hence an alternative
method is needed to distribute the non-zero equalizer taps which incorporates
global resource constraints in the optimization problem.

For given resources (total number of equalizer taps and total power), the overall
bit-rate optimization problem can be written as a dual problem using Lagrange
multipliers. In this chapter, we will propose two algorithms to determine the
optimal equalizer tap and transmit power allocation over the tones by solving this
dual problem. The first approach is based on exhaustive search over all possible
PTEQ filter orders and is referred to as the contiguous tap selection (CTS) based
approach. The second approach is based on sparse approximation and is referred
to as the sparse approximation based approach.

The chapter is organized as follows:

In section 4.2, a basic data model of the received DMT signal is described and
per-tone equalization in DSL is reviewed.

In section 4.3, the optimization problem for allocating the resources under a global
resource constraint (total number of equalizer taps and total transmit power) is
formulated for both a constant power loading scenario and with optimal power
loading. It is then shown that the original optimization problem can be decoupled
into per-tone optimization problems using a dual problem formulation.

In section 4.4, algorithm to solve the per-tone dual optimization problem for
PTEQ filter tap allocation under a fixed power is presented. We present two
different approaches to solve the per-tone dual problem.In section 4.5, the per-
tone dual optimization problem for PTEQ filter tap allocation and power loading
is solved. Two approaches to solve the problem is presented in this section.

In section 4.6 the simulation results are presented. Finally conclusions are drawn
in section 4.7.
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4.2 Preliminaries

4.2.1 Basic Data Model

The following notation is adopted in the description of the DMT system. K is the
size of the (I)DFT and v represents the length of the cyclic prefix, K = K + v,
and k, ¢ denote the tone index and DMT symbol index respectively, Fx and Zg
are the K-point DFT and IDFT matrices where Fg (k,:) is the k-th row of Fk.
T is the length of the PTEQ filter and the equalizer coefficients vector for tone k
is vi. I and Oq are the @ x @ identity and zero matrix respectively. z; ; is a
" s
represents the received signal and n; represents the additive noise at time i, h=
[hr -+ ho---h_k] is the channel impulse response in reverse order, {.}7 denotes
the transpose, {.}* denotes the conjugate.

complex subsymbol on tone k (k = 1---K) in symbol i. x; = [Ty 5 T

The received signal can be modeled as

y

Yi K+v—T+2+5

K+T-1
Y(it+1).K+6
h P 0 0
—lo |~ -~ | o 0 P 0
0 ... h 0 0 P
—_—~
IK 0 0 X;_ 4 (41)
0 IK 0 . X3
0 0 IK Xi—i—l
n

N K4v—T+2+6
n .
N(G+1). K46
=Hx+n

Here, ¢ is the synchronization delay and is a design parameter. Matrix P adds the
cyclic prefix and is given as

-]
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In (4.1), the i-th symbol is the symbol of interest, the (i — 1)-th and the (7 + 1)-th
symbol have been used to fully describe the ISI. y is the input at the front end of
the receiver. For further details on the used data model we refer to chapter 2.

4.2.2 Per-tone Equalization

Time domain equalization, together with demodulation for tone k can be written
as

79 = Dyrowy,(Fi ) (Yw) (4.2)

where w is the vector representing the T-tap time domain equalizer (TEQ) and

Dy, is the single tap frequency domain equalizer (FEQ) coefficient for tone k, Z ,g)
is the equalizer output for tone k at symbol ¢. Y is the K x T Toeplitz matrix
given as

Yi K+v+1 Yi K+v T Yi K+v—T+2
YiKtv+2 YiK+v+1 YiK+v—1T+3

Y = ) ) . . )
Ye+1).8  Ya+1).K—1 7 Y@E+1).R+v-T+1

where we have set § = 0 for conciseness.

The PTEQ moves the equalization operation into the frequency domain and can
be derived from (4.2) as follows [2]

79 = vowy (Fk.Y). w.Dy . (4.3)
N—_—— SN——
T FFTs T-tap FEQ

In (4.3), it can be seen that T' FFT operations are needed to calculate one output
symbol compared to one FFT operation per output symbol when time domain
equalization is used. However it was shown in [2] that (4.3) can first be written
in terms of a sliding FFT and then eventually only one FFT and T-1 difference
terms are needed to calculate one output symbol, as shown in (4.4) and (4.5).

~ Fr(k,:) 0
7 = w" Dy : : y (4.4)
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G 7 Ity [0 |=1Ir

7 = . 4.5

B 0 [Fx(k) (4.5)
Fy

The first block row in matrix Fy in (4.5) extracts the difference terms, while the
last row corresponds to the single FFT. Figure 4.1 shows a general structure for
a per-tone equalizer as given by (4.5).

For each used tone a minimum mean squared error PTEQ (MMSE-PTEQ) can
then be found by minimizing the cost function J(vy) in (4.6). This MMSE-PTEQ
optimizes the SNR for each tone separately.

-2
minimize J(vy) = minimize £ {‘Vg.Fk.y - ng) }
Vi Vi

2

= minimize [

R, '/*HIFI ] Vi [ R, /e ]

vi R,'/?F 0
—_—
Ayg b 9
= minimize ||A,v} — b5, (4.6)
Vi

where £{.} is the expectation operation, Ry = £{xx} and R,, = £&{nn?} and
eg)H is a column vector with 1 as the k-th position and 0’s elsewhere.

We will design a pulse shaping filter under additional sparsity constraints, i.e, we
will complement (4.6) with constraints

where the C};’s define the sparsity pattern.

4.2.3 Effect of PTEQ length

The general PTEQ structure uses a constant length non-sparse equalizer for all the
tones. The higher frequency part in the DSL spectrum has lower channel gains,
therefore using longer equalizers does not result in a significant performance gain
at these high frequencies. This is shown in Figure 4.2. In most of the tones a
shorter equalizer can achieve almost the same performance as a longer equalizer.
This highlights that a significant portion of the system resources is wasted without
any performance gain.
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Figure 4.1: T-tap per-tone equalizer model [2]

4.3 Problem formulation

In section 4.3.1, an optimization problem for the MMSE-PTEQ tap allocation
for a constant power loading is formulated. In section 4.3.2, we then extend the
problem formulation to accommodate the joint MMSE-PTEQ tap and transmit
power allocation.

4.3.1 Resource allocation for a fixed power loading

In the previous section, the motivation for the use of variably sparse MMSE-PTEQ
filters without affecting the overall performance was presented. The main challenge
then is to allocate the non-zero equalizer taps over tones such that the performance
is optimal.
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Figure 4.2: Comparison of signal to noise ratio (SNR) per tone for different MMSE-
PTEQ equalizer lengths for a typical ADSL scenario

For a given equalizer tap budget, we can write this as an optimization problem as
follows

max > rex B

. . (4.8)
subject to > -p o >y Ckj < Chudges

where,
Ry, = Ajlog, (1 + SNEx)

where K is the set containing the indices of the used tones, Ry is the bit-rate
on tone k, Ay is the sampling frequency, I' is SNR gap, Ck; € {0,1}. Cy; is
1 if the j-th equalizer tap for tone k is selected and O otherwise, Chydget is the
predefined maximum total number of equalizer taps, ¢y = [Ck1 - - - Cyr] is a vector
that represents the position of the used equalizer taps on the k-th tone, C is a
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matrix which has cf as its k-th row. SNRy is the SNR obtained for tone k, as a
function of its equalizer with sparsity pattern ¢y, and designed based on (4.6).

The constraint in (4.8) is coupled over tones and furthermore it also makes the
problem combinatorial. One possibility to solve (4.8) is to perform an exhaustive
search for all the tones over all possible sparsity patterns of the PTEQ filters. This
method has a prohibitively high complexity of O(2MT), where M is the cardinality
of IC. In order to simplify (4.8), it can be posed as an unconstrained optimization
problem using a dual problem formulation as

T
m}%n {mgx(ﬁ)} where £ = Z Ry + M Chudget — Z Z Crj) (4.9)

keKx kel =1

where A is known as the Lagrange multiplier and £ is the Lagrangian.

It is seen that for a given value of A, the maximization in (4.9) decouples over
tones and can be written as

T
max(Ly) where Ly = Ry =AY _ Ci; (4.10)

j=1

where L is the per-tone Lagrangian, and )\Z;Trzl C; represents the penalty
for increasing the number of non-zero equalizer taps for tone k. This per-tone
optimization problem (for given \) can be readily solved by exhaustively searching
over all possible sparsity patterns cg. The value of A can be updated until
Y okek Z;’-le Cj; matches Chudget. The dual problem is still combinatorial and
has a complexity of O(M27). In section 4.4, we will present algorithms to further
reduce the computational complexity.

4.3.2 Joint equalizer filter tap and transmit power allocation

In the previous section, the MMSE-PTEQ tap allocation problem in the case of a
constant power loading was presented. The frequency selective nature of the DSL
channel also calls for a different transmit power allocation over different tones
to achieve a maximum overall bit-rate. Therefore, for given resource constraints
(total number of non-zero equalizer taps and total power), an efficient algorithm to
allocate the resources over all the tones is needed. The resource allocation problem
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can be posed as an optimization problem as follows

max E Ry
C,s

keKx

T
subject to Z Z Crj < Chudget
kek j=1 (4.11)

§ sk < Sbudget
ke

0 < sp < sprask,

where s, € S is the power on tone k, S is the set containing all possible discrete
power levels, Spudget is the total power constraint, sZmSk is the maximum power
allowed on the tone k and other quantities are as defined in section 4.3.1. The
primal optimization problem given by (4.11) is coupled over tones and is again
a combinatorial problem. It has computational complexity of C’)(f/M 2MT) wwhere
L is the cardinality of the set S and gives the number of total discrete power
levels. This is intractable even for a moderate number of tones, discrete power
levels and equalizer taps. In the previous section, it was shown that for a fixed
power (4.8) decouples over tones if formulated as a dual problem, thus reducing
the computational complexity. The dual problem formulation of (4.11) can be
written as

T
rg\lin {HéasX {E}} where £ = Z R + X | Chudget — Z Z Chj

7 kek kek j—1

+ (Sbudget - Z Sk> 5 (412)

ke

where A and « are known as the Lagrange multipliers and £ is the Lagrangian. It
is seen that for given value of A and 7 the maximization in (4.12) decouples over
tones and can be written as

T
max (ﬁk) where £, = Ry, — )\ZC’kj — Sk, (4.13)
Ck,Sk —1
j_
where L}, is the per-tone Lagrangian. Even though (4.13) is decoupled over tones,
we still have to perform an exhaustive search over all possible discrete values of sy,
and all the possible c’s. The search over all ¢;’s is still a combinatorial problem
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and incurs exponential complexity in 7. From (4.6), it can also be seen that to
compute a vi we need a full R,. Therefore, v is a function of the power allocated
to all the other tones which is then assumed to be constant. After computation of
the optimal vj and its corresponding transmit power, the process is repeated for
the next tone k+1. For given A and ~, the computational complexity is O(M L27),
which is still large for large 7. It can be seen that if we can somehow restrict the
sparsity pattern of the equalizers, then the combinatorial search is avoided and
the exponential complexity reduces to linear complexity in 7. In section 4.4, we
will present algorithms to further reduce this complexity.

4.4 Resource allocation for a fixed power loading

4.4.1 Contiguous filter tap selection based resource allocation

Here we present an approach that is based on (4.10) to further reduce the
computational complexity.

The computational complexity of the (4.10) is O(M27). The computational
complexity can be reduced by restricting the sparsity patterns of the PTEQ filters
such that only contiguous filter taps can be non-zero. This is referred as the
contiguous filter tap selection (CTS) approach. Thus the combinatorial search
over all the sparsity patterns is reduced to a linear search in the filter order. This
can be written as

max(ﬁk) where Ek = Rk — )\Lk (414)
Ck
with
ch=1[1---1]0---0] (4.15)

where L is the filter order on tone k. This reduces the total number of
combinations from 27 to T and also makes the overall computational complexity
O(MT), i.e., linear in the number of tones and the number of taps. The values of
the Lagrange multipliers can then be updated until the tap budget constraint is
met.

In (4.14), increasing the \ increases the penalty for increasing the equalizer length.
Hence the value of \ is quite important in obtaining the optimal solution. There
are many ways to update the value of A such as the bisection method, the gradient
descent method ete. [29] [154]. In [154], the update of A is based on the difference
between the total available system resources and the used system resources for the
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current value of X\. For our problem this can be written as,

A= X = p(Chudger — > Li)]* (4.16)
ke

where p is a scaling factor, whose value can be changed in order to obtain a faster
convergence to the solution. For simplicity, in our simulations p is taken as a fixed
arbitrary value close to zero.

In the presented algorithm, Alg. 4.1, a search over the equalizer lengths for a
particular tone and for a fixed A is terminated when the maximum number of taps
that can be allocated is reached.

Algorithm 4.1 Contiguous filter taps selection based PTEQ tap allocation for a
fixed power loading
1: initialize A, p
2: repeat
3. for tones k € K do
for filter order j =0---T do
ck=[1--1]0---0]
——
L T
compute vy, using(equation (4.6)-(4.7))
compute bit-rate on tone k with j-th order PTEQ filter, Ry ;
Ly <= Rp;—X\j

argmax
end for

10:  end for

11: Ciotal = Zk Ly,

12: )\ - P\ - ,U(Cbudgct - Ctotal)]+
13: until Ctotal 7& Cbudget

4.4.2 Sparse approximation based resource allocation
Computing sparse PTEQ filters

From the previous section, it is clear that if we can somehow control the possible
sparsity patterns of the PTEQ filters the computational complexity of the per-tone
optimization problem will be reduced significantly. In section 4.4.1, the sparsity
pattern was restricted to combinations where only contiguous filter taps can be
non-zero thus reducing the computational complexity from a combinatorial search
to a linear search in the PTEQ filter orders. However restricting the sparsity
pattern may not be the best approach, since the best sparsity pattern may not be
in the restricted search space. In this section, we will use a sparse approximation
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based approach to design a sparse MMSE-PTEQ filter. In order to find a better
way to control the sparsity pattern, let us write the problem of designing an
MMSE-PTEQ filter (4.6) as a sparse approximation problem [152, 153, 49]

minimize [|Ayvi — bills + 7 |villy (4.17)
Vi

where ||.[|, is an £y quasi-norm of the vector in argument counting the number of
non-zero elements of the vector, 7 controls the trade off between the sparsity and
the quadratic term. Problem (4.17) is however known to be NP hard in general
[152]. To simplify (4.17) the non-convex ¢y quasi-norm is often replaced by the
convex ¢1 norm [152, 153, 49]. This can be written as

minimize ||ApV} — kag +7 Vel s (4.18)
Vi

where vy, is an approximation of vi. 7 controls the trade off between the sparsity
and the quadratic term. (4.18) is a convex problem and can be solved using
any generic solver in polynomial time [24]. If the underlying system admits a
sparse solution, it has been shown that solving (4.18) is equivalent to solving
(4.17) [153, 49]. In our case, the underlying system does not necessarily admit a
sparse solution, therefore we can not obtain a sparse MMSE-PTEQ filter by just
solving (4.18). One way to obtain a sparse MMSE-PTEQ filter is to adopt a two
step procedure. Firstly, we use the (4.18), for a given 7, to obtain a nearly-sparse
MMSE-PTEQ and then force the coefficients below a certain threshold level p to
zero to obtain the sparsity pattern ck. Secondly, we use the sparsity pattern ci to
compute a sparse MMSE-PTEQ filter using a modified (4.6) as follows

min  ||Agpvy — bk||g
Vi

subject to

vg; =0 if Cp; =0 for j=1---T (4.19)

It is clear that the choice of the trade off parameter 7 and the threshold p is
important for the algorithm to work properly. An efficient update rule for 7 is
based on the difference between the total available system resources and the used
system resources for the current value of 7 . This can be written as

+
7 < |7 = 1(Cbudger = Y _ [Ivellp) (4.20)
keK
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where p is a positive scaling factor, and [a]+ is max(0,a). For simplicity, in our
simulations y is taken as a fixed arbitrary positive value close to zero.

The threshold level p can be fixed to a constant level and the coeflicients smaller
than the threshold value p can be set to zero. But we can also update the threshold
level to speed up the convergence. It is obvious that if the threshold level is set to
a higher value, the probability of a sparser equalizer becomes higher. The update
formula for the threshold level can be written as

p=|p—0 Cbudg,et Z ||Vch , (421)
kex

where o is an arbitrarily small positive scaling factor.

For given 7 and p, the number of non-zero PTEQ filter taps and their position
is given by the sparsity pattern ¢, computed by solving (4.18) and applying the
threshold p. Therefore, there is no need to compute any other objective functions.
After computing the sparsity pattern cj for all the tones we need to check the
total number of non-zero PTEQ filter taps and update the Lagrange multipliers
and the threshold parameter accordingly. The sparse PTEQ filter for tone k& can
be computed by using (4.19).

In (4.21), the threshold is same for PTEQ filters on all the tones. However, the
PTEQ filters have different MMSEs. The PTEQ which has lower MMSE can have
higher threshold than the PTEQ filter with higher MMSE. The performance of
the PTEQ filter tap allocation algorithm can be further improved by using the
weighted version of p for each tone. The correction in the threshold value for each
tone is first weighted by the MMSE of the PTEQ filter and can be written as

ok <= | pr — 0k (Chudges — Z Ivillo)| (4.22)
kek
where
O = O’HAkV* - ka% (423)

Even though the equalizer coefficients need to be computed twice, for a large T' the
overall computational complexity is similar to the complexity of the CTS based
approach of section 4.4.2.

An algorithm to allocate the non-zero equalizer taps for given resource constraints
in the case of a constant power loading is given in Alg. 4.2.
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Algorithm 4.2 Sparse approximation based MMSE-PTEQ tap allocation for a
fixed power loading

1: Initialize parameters 7 and thresholds pj, for k € K

2: Initialize step sizes p and o

3: repeat
4. for tone k € K do
5: Compute nearly-sparse MMSE-PTEQ v}, using
Vi = argmin | Axvi — byll3 + B [[velly
Vi
6: Apply threshold p on v to compute sparsity pattern cj

7: Compute sparse MMSE-PTEQ v using
v, =argmin ||Ap vy — bk||§
Vi
subject to wvi; =0 if cx; =0 for j=1---T
S on =0 A~ by

9: end for

10: COmPUte Ctotal = Zke](j HV/C”O

11:  Update 7 = [7 — t(Chudget — Crotat)]

12.  for k € K do

13: Update pr = [pr — 0% (Chudget — Crotat)]
14:  end for

15: until (Cyyager — Crotar < tolerance)

4.5 Joint equalizer filter tap and transmit power
allocation

4.5.1 Contiguous filter tap selection based resource allocation

Here, we present an approach that is based on the dual problem formulation
presented in (4.13). We can restrict the sparsity pattern of the MMSE-PTEQ as
suggested for CTS in the previous section. Therefore we can rewrite

max (ﬁk) where £y, = Ry, — ALy, — s, (4.24)

Ck,Sk
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with

ce=[1--1]0---0] (4.25)

where Ly is the MMSE-PTEQ filter order. This per-tone optimization problem
can be solved (for fixed Lagrange multipliers) by exhaustively searching over all
values of Ly and s,. The values of the Lagrange multipliers can then be updated
until all the constraints are met. An algorithm description is given in Alg. 4.3.
The complexity of the proposed algorithm is O(M L« T).

Algorithm 4.3 Contiguous filter tap selection based joint MMSE-PTEQ tap and
transmit power allocation

1: Initialize vector containing transmitted power s, sp?*, Li?" =T

2: Initialize Lagrange multipliers A and ~
3: Initialize step sizes 6 and n
4: repeat

5. for tone k € K do

6: Initialize £*" =0

7: for power level s, € S do

8: for filter order j =0---T — 1 do
9: Compute v of order j using s
10: Compute Ly <= Ry, — A\j — vSk
11: if £, > £;" then

12: E(Z)pz <= Ly,

13: L <

14: Szpt = Sk

15: end if

16: end for

17: end for

18:  end for

19:  Compute C' =", . LY
20:  Compute S =3, spPt

21:  Update A = [\ — (Chudger — C)] "

22 Update v = [y — n(Spudger — )]

23: until (Spydger — S < tolerance & Chpygger — C < tolerance)
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4.5.2 Sparse approximation based resource allocation

In this section, we describe the full convex relaxation based resource allocation.
With [|vi|, = 2]21 Chj, we can also write (4.10) as

max Ry — M[villg — vSks (4.26)

Now for each discrete power level, we can compute a sparse vy, using the method
described in section 4.5.1. This results in solving (4.18) once for each power level
and compute the sparsity pattern c; and then compute the sparse PTEQ using
(4.19). Even though the equalizer coefficients need to be computed twice, for a
large T' it has similar computational complexity to the CTS based approach of
section 4.5.1, which requires solving (4.6)-(4.7) T times for each power level. The
computational complexity can be further reduced by solving (4.18) only once for
the initial power level and then using the same sparsity pattern for all the other
power levels.

Furthermore the Lagrange multiplier v, which enforces the total power constraint
also has to be updated. The Lagrange multiplier only depends on the difference
between the current total power and the total power budget and hence can be
written as

+
Y= |:7 - n(sbudgct - Z Sk)] 5 (427)

keKx

where 7 is an arbitrarily small positive step size. Similarly, to enforce the total
tap budget constraint in the outer loop we can use similar formulation and can be
written as

)\<:[>\ 0(Chuaget — Y _ IVicllo ] : (4.28)

ke
where 6 is an arbitrarily small positive step size.

An algorithm to allocate the resources, i.e. number of equalizer taps and the
transmit power, for given resource constraints is given in Alg. 4.4.

4.6 Simulation results

The channel under consideration here is a 400m twisted pair cable in a bundle of
8 with an interference channel of 400m. We use the same setting as in [106] in
order to compare the results. In these simulations, the synchronization delay §
has not been considered. The bit error rate has been fixed to 107, the coding
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Algorithm 4.4 Sparse approximation based joint MMSE-PTEQ tap and transmit
power allocation

1: Initialize vector containing transmitted power s, s7” t
2: Initialize Lagrange multipliers 8, A and ~
3: Initialize step sizes p, o and n and threshold pi k € K

4: repeat
5. for tone k € K do
6: Compute v, using (4.18) and s
7: Find the sparsity pattern ¢ by applying the threshold to vy
8 Initialize £*" =0
9: for power level s, € S do
10: Compute sparse vy, using (4.6) and the sparsity pattern cy,
11: Compute the objective function L; using
max Ry, — Mvi|lg — sk
12: if L > L7 then
13: szpt = sy
14: ﬁzpt <= Ly
15: end if
16: end for
17: Replace transmitted power tone k in s with s;”*
18: Vzpt <~ Vi
19: Ok ZUHA]CVZpt*—bkuz
20:  end for
21 Update v = [y = 1(Shudget — Yoper 51)]
n
22: Update A= [)\ — O(Cbudget — ZkelC ||VkH0)]
23:  for k€ K do
24: Update p, = [pk — Uk(cbudget — Zkelc ||Vk||0)]+
25:  end for

26: until (spudager — Y _j Sk < tolerance & Chudger — . ||[VE||y < tolerance)
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gain and the noise margin are 3 dB and 6 dB respectively. The signal and noise
PSD levels are -60dB and -140 dB respectively and the total power budget is 11.5
dBm [10]. Three consecutive symbols are considered to account for the ISI. The
channel is assumed to be known perfectly at the receiver. We fix the tones used for
transmission as suggested in [33], i.e., 375 predefined tones, to be consistent with
the previous chapter. For the variable length per-tone equalizer the maximum
number of equalizer taps per tone is 20.

4.6.1 Resource allocation for a fixed power loading

In the first scenario, the transmit power loading is assumed to be fixed and only
the MMSE-PTEQ filter tap allocation is performed. Figure 4.3 compares the
bit-rates for the CTS based approach, sparse approximation based approach and
fixed length MMSE-PTEQ for a given per-tone equalizer tap budget. To compute
the sparsity pattern using (4.18), we can use any available numerical solver e.g.
CVX [67, 66]. From Figure 4.3, it can be clearly seen that both the CTS and the
sparse approximation based approach reduce the number of the non-zero PTEQ
filter taps by around 40%. It can also be seen that for a given bit-rate the sparse
approximation based equalizer tap allocation approach performs better than the
CTS based equalizer tap allocation. Therefore, we can conclude that for similar
computational complexity we can always obtain better performance using a sparse
approximation based equalizer tap allocation. In Figure 4.4, allocation of the non-
zero PTEQ filter taps is shown. It can be seen that the tones on the band edges
require more non-zero PTEQ filter taps than the tones in the middle of the band.

4.6.2 Joint equalizer filter tap and transmit power allocation

In the second scenario, we also perform transmit power loading. The total
power constraint is 11dBm. In our case we have 375 used tones and —60 dBm
maximum PSD. Therefore, the total power constraint is not active. It can be seen
from Figure 4.5 that transmit power loading improves the MMSE-PTEQ tap
distribution. From Figure 4.6, it can be seen that the tap distribution over tones
is similar to the distribution in Figure 4.3. The main concentration of non-zero
PTEQ filter taps is around the band edges. But the additional power loading
enables us to use a smaller number of non-zero filter taps for some of the tones
in the middle of the bands, hence reducing the overall number of non-zero PTEQ
filter taps.
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Figure 4.3: Comparison of bit-rate versus total number of non-zero MMSE-PTEQ
taps for contiguous filter tap selection based approach, sparse approximation based
approach and fixed length MMSE-PTEQ approach

4.7 Conclusion

In this chapter, it has been shown that the use of the MMSE-PTEQ increases the
achievable bit-rate of the DMT system. Furthermore, it has also been shown that
using a constant length non-sparse MMSE-PTEQ filter on every tone unnecessarily
increases the run-time complexity of the DMT system. Therefore, using variably
sparse MMSE-PTEQ filters tone reduces the run-time complexity without affecting
the performance significantly.

To this end, we have proposed efficient resource allocation algorithms to distribute
the available resources (total transmit power budget and total MMSE-PTEQ filter
tap budget) over tones in a DMT receiver with per-tone equalization. We have
shown that a dual problem formulation leads to an unconstrained optimization
problem that is decoupled over tones but due to the combinatorial nature of the
filter tap allocation the resulting optimization problem is still intractable.

We have proposed two approaches to further simplify the problem. First, by
restricting the sparsity pattern of the MMSE-PTEQ such that only contiguous
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Figure 4.4: Optimum distribution of number of MMSE-PTEQ taps over tones
using (a) the contiguous filter tap selection based approach (b) the sparse
approximation based approach

MMSE-PTEQ taps are allowed to be non-zero, the combinatorial search in the
sparsity pattern is reduced to a linear search in the filter order. Second, sparse
approximation techniques have been used to design the sparse MMSE-PTEQ filters
directly. Using convex relaxation of the sparsity constraints, the sparse filter design
problem can be written as a convex problem and solved efficiently. Furthermore,
the techniques have also been extended to jointly allocate MMSE-PTEQ filter taps
and the transmit power.

A VDSL simulation demonstrated that under a fixed power loading, the number
of MMSE-PTEQ filter taps can be reduced to approximately 40% compared to
the fixed length non-sparse case without sacrificing performance. Furthermore,
we have also shown that the sparse approximation based MMSE-PTEQ filter
tap allocation approach performs better than the contiguous tap selection based
approach. It has also been shown that when combined with transmit power loading,
these approaches can further reduce the number of per-tone pulse shaping filter
taps needed to achieve the same bit-rate performance.
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Figure 4.5: Comparison of bit-rate versus total number of non-zero MMSE-PTEQ
taps for contiguous filter tap selection based approach, sparse approximation based
approach and fixed length MMSE-PTEQ approach with and without transmit
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Figure 4.6: Optimum distribution of number of MMSE-PTEQ taps under transmit
power loading over tones using (a) the contiguous filter tap selection based
approach(b) the sparse approximation based approach







Chapter 5

Joint resource allocation in
DMT transceivers

5.1 Introduction

In chapter 3, a DMT transmitter with per-tone pulse shaping filters was considered.
Under the assumption of a long enough cyclic prefix and perfect receiver, efficient
resource allocation algorithms to optimally allocate pulse shaping filter taps and
transmit power were presented. Then in chapter 4, a DMT receiver with per-tone
equalization was considered. It was shown that dispersive channels such as the DSL
channel have a very long CIR, and so to ensure there is no ISI and ICI, a very long
CP is needed. Therefore, a channel shortening equalizer is needed to ensure the
CP can be kept short. A per-tone equalizer combines channel shortening with the
frequency domain equalization on each tone by using a multitap frequency domain
equalization. It was shown in chapter 4 that not every tone needs to be equalized
by an equalizer of the same order. The tones at the band edges typically need
longer filters than the tones at the middle of the band. It was also shown that the
number of non-zero filter taps can be further reduced by using optimal transmit
power allocation along with the PTEQ tap allocation. In chapter 4, however,
the effect of a pulse shaping filter at the transmitter side was not considered.
Furthermore, the effect of a PSD mask constraint was also neglected.

In this chapter, we will consider both the DMT transmitter with per-tone pulse
shaping and the DMT receiver with per-tone equalization. We will refer to this
structure as a DMT transceiver for the sake of brevity. The non-zero PTEQ
and per-tone pulse shaping filter taps and transmit power can be allocated more
efficiently if the effect of the pulse shaping filter and PSD mask constraint is also

89
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taken into account. The complexity of solving the optimization problem to jointly
allocate resources in a DMT transceiver can be very high. The constraints are
coupled over tones and the optimization problem is non-convex.

The Lagrange multiplier method is often used to convert a constrained opti-
mization problem into a dual unconstrained problem. This method was used
in chapter 3 and chapter 4 to reduce the complexity of solving the optimization
problem. It was shown that the problem decouples over tones, hence reducing the
computational complexity. In this chapter, we will also use the Lagrange multiplier
method to simplify the optimization problem. We will investigate the contiguous
filter tap selection algorithm, presented in chapter 3 and chapter 4, to further
reduce the computational complexity. Additionally, the sparse approximation
based resource allocation, presented in chapter 3 and chapter 4, will also be
investigated.

This chapter is organized as follows:

In section 5.2, a combined system model of the DMT transceiver employing
per-tone pulse shaping filters and PTEQ filters is presented.

In section 5.3, the resource allocation problem in a DMT transceiver is formulated
under a PSD mask constraint, and transmitter and receiver filter tap budgets with
and without transmit power loading.

In section 5.4, resource allocation algorithms to allocate the run-time complexity,
i.e., non-zero pulse shaping filter taps and non-zero PTEQ taps, under a fixed
power loading are then presented. The algorithms are based on a restricted filter
sparsity pattern and a sparse approximation based filter design.

In section 5.5, resource allocation algorithms to jointly allocate the run-time
complexity and per-tone transmit power are presented. The technique based on
contiguous filter tap selection and sparse filter design will then be applied to reduce
the computational complexity of the resource allocation algorithm.

In section 5.6, some simulation results will be presented. Finally conclusions are
drawn in section 5.7.

5.2 System model

The following notation is adopted in the description of the DMT transceiver system.
K is the IDFT-size and k denotes the tone index. C,,4, is the maximum pulse
shaping filter order, v is the cyclic prefix length. x! is the output of the transmitter
in the time domain, i.e. a vector of length K = K + C),,4, + v, corresponding to
one transmitted symbol at time 7. T is the maximum PTEQ filter order.
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where from (3.6) we can see
01 _ak(u-i-l)‘—/k
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X; = Iy IxkDxp + Z O(K+v—Criaa)x1 | Tik-
0c,, .. x K kex Oék\_’k
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Here, all the quantities are as described in chapter 3. The per-tone transmit pulse
shaping filters can be designed as suggested in chapter 3. (5.1) can then be written
as

y H x
—
Yik+v—T+Cmaz+2 h 0 .. ® 0 O X1
y(i+1).k‘ 0 oo h 0 0 i’ Xi+1
h 0 ... a1 i ktv—T+Crmaxz+2
+ 10 . 0 a; +
0 ... h Ait1 N(it1).k
y =Hx +z, (5.3)

From chapter 4, we know that the PTEQ, v; for tone k, can be obtained by
minimizing the cost function as follows

min  J(vg) =min € {|[viFry — zi|*}, (5.4)
Vi

Vi
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where

P — [ (5.5)

Ir—y 0 |—Ip }
0 ‘fK(k7)

After a few trivial steps, it can be written as

2

SVPHHF[ ] | [ st/2ef!
RI/FI | F 0

N—— —

Ak bk 2

min J(vg) =min [
Vi Vi

— min ||Axvi — b3, (5.6)
Vi

where £{.} is the expectation operation, S = £{x'x'} and R, = £{zz’} and

ekH is a column vector with 1 at the kth position and Os elsewhere.

5.3 Problem formulation

In chapter 3 and chapter 4, the motivation for using a variably sparse per-tone pulse
shaping filter and PTEQ filter was presented. Chapter 3 and chapter 4 formulated
and solved the resource allocation problems independently of each other. At the
DMT transmitter, the receiver was considered perfect and the cyclic prefix was
assumed to be long enough to remove ISI, while at the DMT receiver, the effect
of a per-tone pulse shaping filter at the transmitter and the PSD mask constraint
was ignored for the sake of simplicity. In this section, we will formulate the
joint resource allocation for both the DMT transmitter and the receiver. Firstly,
in section 5.3.1, we will formulate the resource allocation (joint transmit-receive
non-zero filter tap allocation) problem under fixed power loading. Secondly, this
optimization problem formulation will be extended to include optimal transmit
power allocation along with the non-zero filter tap allocation in section 5.3.2.
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5.3.1 Resource allocation for a fixed power loading

For given total tap budgets C{" , get and Cp 0, for the transmitter and the receiver,
we can write the filter tap allocation problem as

max E Ry,
Ctr ,CT
kek

Cmaz

Subject to Z Z Cs < Chrager
kel j=0

T
Z Z CIZJ < Cgudget

kel j=0

tspec < tmasky (57)

where K is the set containing the indices of the used tones, C’}éj € {0,1} is 1 if
the j-th per-tone pulse shaping filter tap is selected for tone k and 0 otherwise.
Similarly, Cy; € {0,1} is 1 if the j-th PTEQ filter tap is selected on tone k and
0 otherwise. Cﬁﬁdget and C’gudget are the pulse shaping filter and PTEQ filter
tap budget respectively. ¢ = [C’}iﬁ e CkCﬁnT,az] is the vector which represents
the position of the used per-tone pulse shaping filter taps on the k-th tone and is
referred to as the sparsity pattern of the resulting per-tone pulse shaping filter, C!
is a matrix which has c’;€ as its row, cj, and C" can be similarly defined. t,,qs% is
the vector containing M sample points of the PSD mask at different frequencies
and tgpec is the vector containing the similarly sampled PSD of the transmitter
output. Ry is the achieved bit-rate for tone k which is given as

SN Ry, )

F )
where Ay is the sampling frequency, I' is the SNR gap, SNRy, is the SNR obtained
for tone k, as a function of its equalizer with sparsity pattern c,, based on (5.4)

and can be computed as in [2]. For the sake of convenience, let us rewrite it again
as follows

Ry = Af10g2(1 + (5.8)

Sk
SNR = —% 5.9
k Intj, + Noisey,’ (5.9)
where
2
S = |(S'*HTF) (¢ 1. vi| (5.10)
2 2
Inty, + noisey, = Hsl/Z‘HHFkHV;; + HR;“F,? 7= s (5.11)
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The constraints in (5.7) are coupled over tones and furthermore make the problem
combinatorial. One possibility to solve (4.8) is to perform an exhaustive search for
all the tones over all possible sparsity patterns of the pulse shaping filter and PTEQ
filter. This method has a prohibitively high complexity. In order to simplify (5.7),
it can be posed as an unconstrained optimization problem using a dual formulation
as

min max W,
At,Ary | CHTLCT

where
CTTLG.@ T
U= Z Rk + )‘t Clﬁnget - Z Z Cltc; + )‘T‘ Cgudget - Z Z ijT‘)
ke kek j=0 kek j=0
M
+ Z Ym (tmask:,m - tspec,m)
m=1
Aty Ary Ym = 0. (5.12)

Here A\, As and 7,, are Lagrange multipliers.v is a vector containing all v,,,’s. From
(3.11), we know that

tspec,m = Z Sk|Fk(ejwm)Wk(ejwm) ‘2
ke

=) sil Fi(e?m)e! (e ywy|?, (5.13)
ke

where all the quantities are as described in chapter 3. Then the dual problem
(5.12) can be written as

min max W,
At A ym | CFTL,CT

where
Cmax T
U= Re—X > > G =X > Cy”
keK ke j=0 kek j=0

M
— [ 22 m D sl (e et (e w2
m=1

keKx

Ay A, Ym > 0. (5.14)
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The use of pulse shaping filters in the tranmitter side modifies the effective CIR,
therefore influencing all SNRs on all the tones at the receiver side. Therefore, the
(5.14) is coupled over tones. However, the effect of the increase in the effective
CIR can be reduced significantly by using long enough PTEQ filters. Therefore
for fixed Ay, A, and 7 (5.14) can be assumed to be decoupled over tones. This
maximization in (5.14) can then be written as

For ke
max  y,
cir.cr
where
Crmax T M
b =Re =AY Cii™ = AD _Cri" = > yms|Fu(e?m)e (e )wy [ (5.15)
§=0 j=0 m=1

5.3.2 Joint filter tap and transmit power allocation

For a given total pulse shaping filter tap budget C[”, et total PTEQ filter tap
budget CY,,, get and total transmit power budget Spuaget, We can write the resource
allocation problem as

maximum E Ry
Ctr . Cr,S
ke

SUbjeCt to tspec < tmask

CTTLG.@
Z CIZ < Cénget
kek j=0
(5.16)
T
Z Z Cl:] < Cgudget
keK j=0
Z Sk < Sbudget

ke

0 < sp < sprosk,

where Ry is the bit-rate on tone k£ and can be described as the function of the
PTEQ and the per-tone transmit power as in (5.8), Spuaget is the total transmit
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power budget, s is the vector containing the transmit power on all the tones, s, € S
is the power allocated to tone k, S is the set containing all the allowed discrete
power levels, szlas’“ is the maximum transmit power allowed on tone k. All the
remaining quantities are as defined in section 5.3.1. The primal optimization
problem (5.16) is coupled over tones and is a combinatorial problem. It has
computational complexity of O(LM2M(Cmaz+t)(T+1)) " where L is the cardinality
of the set S and M is the cardinality of set I and gives the total number of used
tones. This is intractable even for moderate numbers of M, E, Chae and T. In
chapter 3 and chapter 4, it was shown that the problem can be simplified if it
is formulated as a dual optimization problem, hence reducing the computational

complexity. The dual optimization problem can be written as

min { max (\il)}
¥, ¢8,A- | CH7,CT,S

where,
Craz Cmax
T tr tr T T
U= § Ry + M\ Cbudget - E : E : ij + Ar Cbudget E : - E : ij +
kek kek j=0 kek =0

M
« (Sbudget - Z Sk) + Z Ym (tmask:,m - tspec;m)
m=1

ke

aymeAtyAr >0 (517)

The dual optimization problem can then be written as

min max (¥)
¥, ¢, | Ctr,CT,S

where,
Cmax T
3 t
LB SITEIY BD ST EIY B Slc ) So1
kel kek j=0 kek j=0 keK

M
= > A Y skl (7w

m=1 ke

QO Yy Agy A > 0 (5.18)
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The computation of the PTEQ for tone &k needs the information about the transmit
power in all the other tones as seen in (5.4). Therefore, (5.18) cannot be decoupled
over tones. In section 5.5, we will present a simple technique to effectively
decouple the problem over tones and hence reduce the computational complexity.
Furthermore, (5.18) is combinatorial in ¢}, and c}’. In section 5.5, we will present
techniques to reduce the combinatorial complexity based on contiguous filter tap
selection or sparse approximation based filter design.

5.4 Resource allocation for a fixed power loading

Here, we present an approach that is based on restating the constrained
optimization problem as an unconstrained dual problem as shown in (5.15).
The computational complexity of (5.15) is combinatorial in ¢} and c, ie.,
O(M2(Cmaz+1)(TH1))  This complexity can be reduced if we can fix the sparsity
pattern of the per-tone filters. In the following section, we present two different
approaches to fix the sparsity pattern in order to reduce the computational
complexity.

5.4.1 Contiguous filter tap selection based resource allocation

One way to fix the sparsity pattern of the filters is to restrict the sparsity pattern
of the filters such that only contiguous filter taps can be non-zero. This is referred
to as CTS. This reduces the combinatorial search into a linear search over the filter
orders. Equation (5.15) can then be written as

For ke K
max P,
ct ey
where
M . .
Uk = R = MLj = MLy = Y Ykl Fi(e7m )& (€77 yw [ (5.19)
m=1

(5.20)
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with

c=[1---1] 0---0 ]
~—— SN~
Li+1 Chmaz—Lj+1

cp =

[1---1] 0---0]
N~ Y~
LT+1 T—Lj+1

where L} and L are the filter order of the pulse shaping filter and the PTEQ filter
for the kth tone respectively.

This per-tone optimization problem can be solved (for fixed Lagrange multipliers)
by exhaustively searching over all combinations of L} and L}. For fixed Lagrange
multipliers, the computational complexity then becomes O(M (Cpar + 1)(T + 1)).
The complexity can be further reduced by fixing the PTEQ filter order while
optimizing the pulse shaping filter order. Then with the optimized pulse shaping
filter order, the PTEQ filter order is optimized, thus avoiding an exhaustive search
over all combinations of LI and L}. The computational complexity then becomes
O(M(Cyaz +T+2)). The values of the Lagrange multipliers can then be updated
until all the PSD constraints are met. The Lagrange multipliers, ~,,, are updated
based on the difference between the PSD mask and the output PSD, i.e.

Tm <= [Vm - Nm(tmask,m - tspecﬂrzﬂJr (521)

where i, is the step size for the update which is always positive. The u,, can
be varied in order to drop the energy at a frequency point quickly if the output
spectrum at that frequency exceeds the PSD mask and to cautiously increase it
if the output spectrum is under the PSD mask. A typical initialization value for
v = {vm} is 0 and then g = {p,,} can be initialized with a value generally much
larger than 1 as we need to establish a very high value for + in order to make the
>0 YmSk| Fr (674 e (e7“m )wy|? comparable to the value of L{" and Lj.

The Lagrange multipliers A\; and A, can be updated as

At <= [)‘t Ht Cbudget Z Ltr (522)
keK

>\T <~ P\ = Hr Cbudqet Z LT (523)
keK

where u; and p,. are positive step sizes. The algorithm stops when the number of
taps stops updating. An algorithm description is given in Alg. 5.1.



RESOURCE ALLOCATION FOR A FIXED POWER LOADING 99

Algorithm 5.1 Contiguous filter tap selection based filter tap allocation for a
fixed power loading
1: Initialize A\¢, Ay, ¥

2: Initialize L ,, =0, L}Zopt =0, z/JZfOpt, Yk opt
3: repeat

4:  for tone k € K do

5: Compute vy, of order Ly ,

6 for Pulse shaping filter order L{" =0+ - Cpyq, do
7 compute wy, of order Li"

8 = Ry = AL, = Yy Yk (e )&t (e ywy |2
9 if i > ir opt then

10: (g opt =

11: Wk opt = Wk

12: Lyl e = LT

13: end if

14: end for

15: for PTEQ filter order L}, =0---T do
16: Compute vy, of order Lj,

17: L oot <= argLr?aka - )\ L

18: if 1j, > %,opt then

19: djz,opt - djz
20: Vi,opt = VEk
21: Ly opt = Ly,
22: end if
23: end for

24: end for
25: compute tgpec

26: form=1---M do

27: Ym = [P}/’m — Hm (tmask:,m - tspec;m)]
28:  end for

29: N\ = [)\t — [ (Cbudget - Zkeic(LZopt)” '

+
30: Ap = [>\r — Hr <Cbudget - ZkEIC(LZ,Opt))}
31: until (no change in total filter taps)

+
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5.4.2 Sparse approximation based resource allocation
Computing sparse per-tone pulse shaping filters

In the previous section, it was shown that if we can fix the sparsity pattern of the
per-tone pulse shaping filters and the PTEQ filters, the computational complexity
of the optimization problem will reduce significantly. In chapter 3 and chapter
4, it was shown that in order to fix the sparsity pattern, a sparse per-tone pulse
shaping filter and a sparse MMSE-PTEQ filter can be directly computed. For the
sake of convenience, let us rewrite the formula to compute sparse per-tone pulse
shaping filter and sparse MMSE-PTEQ filter as follows

min - Wi Qpwy + 7 [|[Wi|, subject to Wy (e/F) =1, (5.24)
W

. x 2 -
minimize | AKVE = billy + B1Vell, (5.25)

Sparse approximation based tap allocation under fixed power loading

Let us rewrite v; the per-tone dual optimization problem under the fixed power
loading (5.15)

minimize 0i(A)

Ci

i=Ri— XY Cy' =AY Cy" =7 > silFi(e?m)e" (e )wil®,  (5.26)
7=0 p=0 m=1

We compute the sparsity pattern ¢} and cj, directly by using (5.24) and (5.25)
and then applying the thresholds as given in (3.28) and (4.22). After the sparsity
patterns are fixed, i.e., it is implied that filter with the given sparsity pattern
is the best sparse filter for given Lagrange multipliers, therefore filters computed
with sparsity pattern is the only one filter available. Hence the objective function
given in The problem reduces to iteratively computing wy and vj for different
k € K and then checking if the PSD mask constraint and the total pulse shaping
filter tap constraint and total MMSE-PTEQ tap constraint are met. An algorithm
description to iteratively optimize the total number of filter taps needed to fulfill
the PSD mask constraint is given in Alg. 5.2. The complexity of the proposed
algorithm is then O(M * k) per Lagrange multiplier update, where k is the cost
associated with computing the nearly-sparse filter and then a sparse filter. For
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large Cinar and T, the computational complexity of sparse approximation based
per-tone pulse shaping filter tap and the PTEQ tap allocation under fixed power is
similar to the per-tone exhaustive search on a restricted search space as presented
in section 5.4.1.

Algorithm 5.2 Sparse approximation based filter tap allocation for a fixed power
loading

1 Initialize fig, iy, v, B, 7

2: repeat
3:  for tone k € K do
4: Compute nearly sparse wj by solving R
min W/ QW + 7 ||Will, subject to  Wy(e¥i) =1
Wi
5: Apkply threshold and obtain the sparsity pattern ci”
6: Compute sparse wy using
min  wHQpw;, subject to Wi (ed¥i) =1
Wi
with
wy], = 0 for C’,tc; =0forall j =0 Chaz
7: Compute nearly sparse v by solving
. ~ 2 =~
min - [[Agvi = bl + 5Vl
k
8: Apply threshold and obtain sparsity pattern cj,
9: Recompute sparse v using
. X 2
min  [[Arvy — b5
Vi
with

vl =0for Cf, =0forall j=0---T
10:  end for
11:  Compute tspec
122 form=1---M do
13: Tm = ['_Ym — Hm (tmask,m - tspec,m)r’_
14:  end for

15 A\ = [)\t — [t (Cbudget - ZkeK(L}prt))} '

+
A TS
17: until (no change in total filter taps)

5.5 Joint filter tap and transmit power allocation

In the previous section it was shown how to optimally allocate pulse shaping filter
taps if the number of used tones and their transmit powers are known, for a system
with PSD constraints. However, the number of used tones can be increased if a
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lower transmit power at the band edges is used. Therefore, by also allocating the
appropriate amount of transmit power for each tone, the total achievable data rate
can be maximized for a given total transmit power budget and given total filter
tap budgets. This then requires a procedure to distribute the available resources
(total power and total filter tap budget) optimally over the tones such that the data
rate is maximized and the PSD mask constraint is still met. Here, we present an
approach that is again based on a dual problem formulation. The unconstrained
dual optimization problem can be restated from (5.18).

5.56.1 Contiguous filter tap selection based resource allocation

Equation 5.18 can be rewritten as

min max (U)
VoA A | LY, LYLS

where,

M
¥ = Z Ry — M\ Z L — A\, Z L —« Z Sk — Z Ym Z si| Fi(e7m )& (e9m )ywy, |2
m=1

keKx keKx keKx keK keKx

Vm7a7>\ta)\7‘ >0 (527)

(5.27) is still coupled over tones since the computation of the MMSE-PTEQ on
tone k requires the transmit powers on all the tones to be known. To simplify
the problem, we can iteratively update each user’s power, as suggested in chapter
4, i.e., perform transmit power allocation and the filter tap allocation in tone k
by fixing the transmit power on all the other tones. Then the process is repeated
for tone k + 1 with a recently allocated transmit power on tone k. This iterative
update decouples (5.27) over tones and hence the optimization problem can now
be written as,

~

max
L;T,L;;.,sk(wk)
where,
M
Gk =Rk — MLy = MLy — asg — Y Ymsk|Fe(e?m)e (em)ywi 2 (5.28)
m=1

where 7 is a vector containing all v,,,’s. This per-tone optimization problem can be
solved (for fixed Lagrange multipliers) by exhaustively searching over all possible
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values of s;, and all filter orders L{" and L}. The values of the Lagrange multipliers
can then be updated until all the constraints are met. An algorithm description
is given below.

The Lagrange multipliers (v, a,A; and \,.) are updated based on the difference
between the obtained values for the corresponding resources and their target values,
ie.

Vi <= h’] - ,um(tmaskﬂn - tspec7m)]+

At <= [>\t /j’t Cbudget Z Lt

kex
>\ P‘ - :uT Cbudqet Z LT
kek
a <= [o = [i(Spudget — Y s)]" (5.29)
ke

where piy,, fit, fir, and i are the step sizes for the updates which are always positive.

5.56.2 Sparse approximation based resource allocation

We can rewrite the per-tone optimization problem for the joint filter tap allocation
and power loading given in (5.18) as

U= orer Be = M X perc Wallo = M DXper Vil — @ Xpex sk
- Zm 1V Y opex Skl Fr(e7m et (edom ywy |2 (5.30)

By fixing the sparsity pattern using the sparse approximation technique the total
computational complexity of the sparse approximation based approach is O(M L+
k) per Lagrange multiplier iteration in contrast to O(ML(Chhae + T + 2)) per
Lagrange multiplier iteration in the CTS based approach discussed in the previous
section. For large C,q,; and T, this is a significant reduction in computational
complexity. The values of the Lagrange multipliers can then be updated until all
the constraints are met. An algorithm description is given in Alg. 5.2. The
Lagrange multipliers A, and « can be updated using (5.29)

5.6 Simulation results

The channel under consideration here is a 400m twisted pair cable in a bundle of
8 with an interference channel of 400m. In the first scenario, the tones used for
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Algorithm 5.3 Contiguous filter tap selection based joint filter tap and transmit
power allocation

1: Initialize Ly s Ly e O opes Vi, 0Pt 8,0
2: repeat
3 for tone k € K do
4 for s, =0--- 5™k do
5: Compute vy, of order Ly .,
6 for Pulse shaping filter order L =0+ Cypqp do
7 compute wy, of order L}"
8 =R — ML —« Zkelc — Z%:l Yo Sk | Fie (€7 )& (e9m Yy |2
9 if ¢ >y, then
10: q/jltci‘opt = Itcr
11 Wik.opt = Wk
12 L. ope = Lk,
13 s = sy,
14 end if
15 end for
16: for PTEQ filter order L}, =0---T do
17: compute v, of order Lj,
18: Ly opt < argLr?aka — MLy —a) e
19 if v > vy, then
20: q/jz,opt = w;
21: Vi,opt = Vi
22: Ly opt = L,
23: end if
24: end for
25: end for

26: end for

27:  compute tgpec

28: form=1---M do

29: Tm = [FY’I’TL — Hm (tmask:,m - tspec;m)r—
30: end for

31: At = [)\ — 1 (Cbudget - ZkGK(Li:Opt))} +

+
2 A= [ (Conts S Fhp)]
33: until (no change in total filter taps)
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Algorithm 5.4 Sparse approximation based joint filter tap and transmit power
allocation

1. Initialize fis, fir, 7, B, 7,
2: repeat
3: for tone k € £ do

4: for s, =0---5S™*% do
5: Compute nearly sparse wj, by solving R

min Wl QW + 7 ||[Wy||, subject to  Wy(edwi) =1

w
6: apZ)Iy threshold and obtain the sparsity pattern ¢}
7: Compute sparse wy, using

min  wZQwy, subject to Wy (ed¥i) =1

Wi

with

w}, =0 for C}i; =0forall j =0---Chae

J\_l . R .
8: =B — ML — @Y e — St Ymsk|Fi(e7m )@ (€79 ywy |2
9: Compute nearly sparse v by solving
. ~ 2 1~

min - |AxV — bl + B11Vill;
10: apply threshold and obtain sparsity pattern cj,
11: recompute sparse vy using

min  [|A,v} — by

Vi

with

v =0for Cp; =0forall j=0---T
12: end for

13:  end for
14: compute tgpec

15: form=1---M do

16: TYm = ['_Ym — Hm (tmask,m - tspec,m)]
17:  end for

18 A\ = [)\t — [t (Cbudget - ZkelC(LZOPt)>] '

+
19: )\r = [Ar - /_jfr (Cbudget - ZkEIC Lz,opt>:|
20: until (no change in total filter taps)

+
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Total filter taps | CTS based approach | SA based approach
5000 9 9
1000 15 13

Table 5.1: Number of outer iterations taken to converge to the solution for a fixed
transmit power loading

transmission are fixed as suggested in [33], i.e., 375 predefined tones, in order to
compare with the results in chapter 3.

5.6.1 Resource allocation for a fixed power loading

In Figure 5.1, the distribution of the non-zero pulse shaping filter and PTEQ
filter taps is shown. It can be seen that the allocation of the number of taps
in the transmitter, i.e., in the pulse shaping filters, is nearly the same as in the
scenario when we had only transmitter optimization under the assumption that
the receiver is perfect as described in chapter 3. This is due to the fact that for a
fixed number of tones with fixed power loading, the PSD constraint only depends
on the pulse shaping filter. Therefore, parameters at the receiver do not affect
it. However the PTEQ filter tap distribution is affected in order to accommodate
the effect of the per-tone pulse shaping at the transmitter. Similar observations
can be made in Figure 5.2 for sparse approximation based tap allocation in this
scenario. The transmit PSD for this scenario is the same as for the scenario
when the transmit per-tone pulse shaping filter was optimized without taking the
effect of the receiver into account. This is illustrated in Figure 5.3 showing the
transmit PSD in this scenario. It can also be seen that the sparse approximation
based approach outperforms the CTS based approach. From Table 5.1, it can
be seen that the sparse approximation based approach converges faster than the
CTS approach.

5.6.2 Joint filter tap and transmit power allocation

In the second scenario, now we make all the 428 tones available for the data
transmission. The total available power is 11.5 dBm [10]. The tap distribution
over tones for both the CTS based approach and the sparse approximation based
approach is coupled in both the transmit pulse shaping filter tap budget as well
as the PTEQ filter tap budget. Therefore, the tap distribution in both the per-
tone pulse shaping based transmitter and the PTEQ based receiver vary from the
independent optimization problems presented in chapter 3 and chapter 4. This
enables joint optimization to perform better than the independent optimization
for given constraints. Tables 5.3 and 5.4 present the achievable bit-rates for
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Total filter taps | CTS based approach | SA based approach
5000 25 21
1000 30 28

Table 5.2: Number of outer iterations taken to converge to the solution for a joint
filter tap and transmit power allocation

ir
, Crudge 1000 | 3000 | 5000
Cbudqet
1000 22.99 | 24.12 | 25.8
2000 23.028 | 34.01 | 35.6
3000 23.06 | 39.73 | 40.1
4000 23.09 | 41.61 | 42.08
5000 23.091 | 42.81 | 42.9
Table 5.3: Achievable bit-rate in Mbps for various combinations of Cj,,, ger and

cir get USIng the CTS based approach and transmit power allocation

different combinations of transmit pulse shaping filter budget and PTEQ tap
budget for joint filter tap and transmit power allocation using the CTS based
approach and the sparse approximation based approach. It can be seen that
the sparse approximation approach outperforms the CTS based approach. From
Table 5.2, it can be seen that the sparse approximation based approach converges
to the solution faster than the CTS.

MMSE-PTEQ LENGTH

50 100 150 200 250 300 350 400 450 500 50 100 150 200 250 300 350 400 450 500

TONES TONES
(a) (b)

Figure 5.1: For a fixed transmit power loading, optimum distribution of (a) pulse
shaping filter taps (b) PTEQ taps, using the CTS approach
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Figure 5.2: For a fixed transmit power loading optimum distribution of (a) pulse
shaping filter taps (b) MMSE-PTEQ taps, using sparse approximation based
approach
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Figure 5.3: For a fixed transmit power loading, transmit PSD for (a) the CTS
based approach (b) the sparse approximation based approach

1O

5.7 Conclusion

In this chapter, a per-tone pulse shaping and PTEQ based DMT transceiver
has been considered. The presence of a per-tone pulse shaping filter affects the
tap allocation in the PTEQ based receiver also under a constant transmit power
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Figure 5.4: Transmit PSD in the case of joint filter tap and transmit power
allocation for the tap budget of 5000 taps each in the transmitter and the receiver
using (a) the CTS based approach, (b) the sparse approximation based approach

tr
cr Chudget 1000 | 3000 | 5000
! 1000 24.85 | 26.7 | 27.6
2000 24.91 | 35.88 | 36.4
3000 24.96 | 41.03 | 42.1
4000 25 | 43.67 | 44.6
5000 25.01 | 44.81 | 45.133

Table 5.4: Achievable bit-rate in Mbps for various combinations of C}

T

udget and

C%quet using the sparse approximation based approach and transmit power

allocation

loading. It has been shown that, with the additional assumpton that the PTEQ is
sufficiently long, the joint filter tap optimization problem in the DMT transceiver
can be decoupled over tones by formulating it as a dual problem along with an
iterative MMSE-PTEQ computation scheme. It can be seen that the achievable
bit-rate for the same number of taps is lower in the presence of per-tone pulse
shaping filter. This is due to the fact that the pulse shaping filter acts as a
dispersive channel and hence effectively lengthens the effective CIR. In our case,
we do not increase the overall symbol length, but decrease the effective cyclic prefix
to accommodate the extra symbol, therefore better per-tone equalizers are needed
to mitigate the effects. Similarly in the case of joint filter taps and transmit power
allocation in the DMT transceiver, effects such as the filtering effect at the edge
of the bands at the receiver are also taken into account while performing transmit

9
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power allocation at the transmitter. This improves the performance of the system
for the same number of non-zero filter taps.



Part 11

MULTI-USER RESOURCE
ALLOCATION






Chapter 6

Resource allocation in
multi-user crosstalk
cancellation

6.1 Introduction

To meet the demand for higher data rates, recent DSL systems use higher
frequencies, e.g. up to 30 MHz [143]. At these frequencies, it has been shown that
out-of-domain (alien) and in-domain crosstalk between different DSL lines in the
same bundle become the dominant source of interference, limiting the performance
of the DSL systems.

Crosstalk cancellation is one way to mitigate the effect of crosstalk. Several
crosstalk cancellation techniques have been proposed in e.g. [145, 28, 61, 176, 25].
Different techniques may require different levels of transmitter and receiver
coordination. In the case of upstream VDSL, only receiver coordination is possible,
therefore a successive interference cancellation scheme performs optimally [61, 176].
However, the upstream VDSL channel matrix has a column-wise diagonally
dominant (CWDD) structure which is due to the fact that the power transmitted
on a direct channel is always much larger than the power transmitted on any
crosstalk channel by the same transmitter. In [25], under the assumption that
the background noise is AWGN, it was shown that the CWDD structure allows
a simple linear zero-forcing (ZF) crosstalk canceler to perform near optimally.
However, in [27], it was shown that even for a simple linear crosstalk canceler
such as a linear ZF crosstalk canceler, the run-time complexity increases with the

113
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square of the number of lines. For a practical number of lines and number of tones,
this becomes computationally infeasible. For example, in a binder of 8 VDSL lines
with 4096 tones and transmitting at a block rate of 4000 blocks per second, the
run-time complexity of linear ZF crosstalk cancellation is larger than 1 billion
multiplications per second.

It was shown in [27] that the majority of the crosstalk originates from a small
set of crosstalkers on a limited number of tones. Therefore, only a fraction of the
original crosstalk cancellation is actually required to cancel most of the crosstalk.
To reduce the run-time complexity of the crosstalk cancellation, in [27], a technique
to cancel only the strong interferers was introduced. This technique is known as
partial crosstalk cancellation.

However, in the case of spatially correlated background noise, e.g., when alien
crosstalk is present, a prewhitening operation is needed to whiten the noise [21].
This operation destroys the CWDD structure of the channel matrix. The linear
ZF canceler is then found to perform very poorly. In this scenario, an alternative
structure that exploits the information provided by the noise correlation matrix
should be used. For this purpose, MMSE-based cancelers, both linear and
nonlinear, are the natural choices. The linear MMSE canceler is a simple structure
and yet significantly outperforms the linear ZF canceler in the presence of spatially
correlated noise. However, it is still a suboptimal canceler. The non-linear MMSE-
GDFE is shown to perform optimally under spatially correlated background noise
[143]. Tt is however more complex than the linear MMSE canceler.

The MMSE based cancelers also suffer from the run-time complexity issue. To
reduce the run-time complexity of the MMSE based cancelers, partial crosstalk
cancellation can again be used. One of the advantages of using a linear ZF canceler
is that there exists a very simple strategy to perform partial crosstalk cancellation.
However, for MMSE-based cancelers there is no obvious strategy that can be
followed to realize partial cancellation. Earlier approaches [180, 12] adopt some
per-line/per canceler exhaustive search method, which is computationally complex.
The complexity of the partial crosstalk cancellation selection schemes also increases
significantly, if it is combined with optimal spectrum balancing (OSB). In this
chapter, we propose algorithms to reduce the complexity of the partial crosstalk
cancellation scheme in MMSE based crosstalk cancelers with and without spectrum
balancing.

This chapter is organized as follows: In section 6.2, the multi-user DSL system
with spatially correlated background noise (alien crosstalk) is introduced.

In section 6.3, various crosstalk cancelers are presented and their performance in
the presence of spatially correlated noise is compared. We show that the MMSE-
based cancelers, i.e., the linear MMSE canceler and the non-linear MMSE-GDFE,
perform significantly better than the linear ZF canceler in this scenario.
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Figure 6.1: A typical VDSL scenario with co-located receivers at the CO (central
office) and non co-located transmitters at the CPE (customer-premises equipment)
side

In section 6.4, we first present a scheme to compute the crosstalk canceler
coefficients once the lines to be canceled have been selected.

In section 6.5, the partial crosstalk cancellation selection is formulated as an
optimization problem in the case of a fixed power loading, i.e., no spectrum
balancing, and in the case of the joint partial crosstalk cancellation and spectrum
balancing.

In section 6.6, efficient algorithms for partial crosstalk cancellation selection
for linear MMSE-based crosstalk cancelers based on selection metrics and sparse
canceler design are proposed for scenarios both with and without spectrum
balancing.

In section 6.7, the algorithms developed for the linear MMSE based partial
crosstalk cancellation selection are then extended to perform partial crosstalk in
the nonlinear MMSE crosstalk cancelers.

In section 6.8, simulation results are presented. Finally, in section 6.9
conclusions are drawn.
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6.2 System model

In this chapter, we consider DMT-based upstream VDSL transmission, where the
receivers are co-located as shown in Fig. 6.1. The system is first described by

1 1,1 1L,N 1 1
Yk hy, e hy L, Ny

o= L Sl (6.1)
N N,1 N,N N N
Yk H; Xk nj

where k is the tone index (k = 1---K), z} and y} are the transmitted and
received symbols in line n on tone k and nj is the additive spatially white
Gaussian background noise (AWGN) experienced by line n on tone k, such that
E{nynll} = 621y , where {.}I denotes the Hermitian transpose operation and
&{.} denotes the expected value operation. Finally, ;"™ is the direct channel for
line n on tone k and hy™ is the crosstalk channel from line m into line n. Let
5{xkx{j } = Sk . Since the transmitters are not coordinated, Sy is a diagonal
matrix. Here, the channel matrix Hy, is CWDD [25].

In the presence of alien crosstalk, the above model is generalized as

1 1,1 1,N 1
Yk b hy Tk
N N,1 N,N N
v AT ol
r 1l,axtl 1l,axtm axtl
hy, e hy L
+ : . e :
N,axtl N,axtm axtm
| hy e hy g
Alien Crosstalk (ay)
r o1
N
. (6.2)
N
L "k

In (6.2), ay, is the vector containing the sum of all the alien crosstalk contributions.
Hence, (6.2) can be succinctly written as

yi = Hpxp +ap+ng
——

Zj,

= Hpxp + 2z (6.3)
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Even though the individual alien crosstalk channels are not known at the receiver,
it is assumed that the total noise correlation matrix Ry, . = E{zsz } is known or
can be estimated. Generally, the alien crosstalk is spatially correlated therefore
the correlation matrix Ry, is not a diagonal matrix.

6.3 MMSE-based crosstalk cancellation

The upstream VDSL scenario with receiver coordination and no transmitter
coordination corresponds to the multiple access channel (MAC) in information
theory. The capacity of the MAC in the AWGN case can be written as [21]

b= log, Iy + o "H;S,Hy'| (6.4)
ke

In [25], it was shown that due to the CWDD structure of the channel matrix Hy, a
simple linear ZF canceler can be used to obtain near-optimal capacity approaching
performance.

In the case of alien crosstalk, the background noise is spatially correlated. The
capacity formula then includes a prewhitening operation and can be written as
[21]

b= log, Iy + (R/*Hy) Su(R,*Hy) "), (6.5)
\

where H, is the equivalent channel matrix after prewhitening. This equivalent
channel matrix is no longer CWDD and hence a linear ZF canceler no longer
provides near-optimal performance. Therefore we consider MMSE-based cancelers
which take the noise correlation matrix into account explicitly.

6.3.1 Linear MMSE canceler

The linear MMSE canceler output can be written as in chapter 2
X, = decision (Wryy) , (6.6)

where
W, = S, HI (H,S, H + Ry.) ™! (6.7)

is the N x N linear MMSE canceler matrix. Unlike the linear ZF canceler, the
linear MMSE canceler takes the noise correlation matrix into account. This enables
the linear MMSE canceler to cancel the alien crosstalk much more efficiently than
the linear ZF canceler. In a high SNR AWGN scenario, the linear MMSE canceler
approaches the linear ZF canceler.
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Simulated 1200m line with frequency selective alien crosstalk
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Figure 6.2: Channel characteristics for a 1200m line with 6 in-domain crosstalkers
ranging from 600m to 1100m and an alien-crosstalker (dashed line). The solid
black rectangular line represents the transmit band for upstream VDSL.

6.3.2 Nonlinear MMSE canceler

The linear MMSE canceler in general performs suboptimally. A non-linear MMSE
canceler such as the MMSE-GDFE [143, 61, 176, 165] and the MMSE-VBLAST
[173] achieves optimal performance by feeding back the already detected symbols
to remove the corresponding interference. We will refer to the non-linear MMSE
cancelers as MMSE-GDFE but will use the VBLAST formulation of section 2.10.3.

6.3.3 Performance comparison

Fig. 6.2 plots a direct channel characteristic for a 1200m line and also shows the in-
domain crosstalk from 6 other lines ranging from 600m to 1100m with increments
of 100m, as simulated using the analytical channel model given in [52]. The dashed
line gives an example of a typical alien crosstalk characteristic.
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Figure 6.3: Comparison of the total bit-rate achieved with the linear ZF canceler
and MMSE-based cancelers when alien crosstalk is (a) not present (b) present.

In the absence of alien crosstalk, it can be seen from Fig. 6.3(a) that the
performance (i.e. total bit-rate summed over 7 lines) of the linear ZF canceler,
the linear MMSE canceler and the MMSE-GDFE are similar. As can be seen
from Fig. 6.3(b), as soon as alien crosstalk is introduced the performance
decreases for the linear cancelers. The performance of the linear ZF canceler
is extremely poor whereas the linear MMSE canceler still provides relatively good
performance. The best performance is given by the MMSE-GDFE. This is our
motivation for using the MMSE-based cancelers. Even though the performance of
the linear MMSE canceler is lower compared to the MMSE-GDFE, it has a lower
complexity and hence represents an attractive intermediate solution. Even for the
linear MMSE canceler, however, the complexity of full crosstalk cancellation is
still O(K'N?) [27], hence for a large number of lines the crosstalk cancellation
becomes computationally heavy. This provides the motivation for developing
partial crosstalk cancellation algorithms.

6.4 MMSE-based resource allocation

In [27], a simple partial crosstalk cancellation scheme for the linear ZF canceler
was presented, which exploits the spatial and frequency selectivity of the crosstalk.
Only strong crosstalkers are canceled which reduces the run-time complexity
significantly without any dramatic performance degradation. For the MMSE-
based cancelers, however, there is no obvious strategy that can be followed to
realize partial cancellation. Before delving into different schemes to select the
crosstalkers to be canceled, we first establish how the partial crosstalk canceler
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coefficients can be computed once the lines have been selected that are used for
the cancellation.

6.4.1 Computation of linear MMSE partial crosstalk canceler
coefficients

Let us assume that there are NN lines, therefore there are N — 1 in-domain
crosstalkers to be canceled for each individual line. Let pj, be the number of
observed lines, i.e., used by the crosstalk canceler, to detect the signal in line n on
tone k, where py , = N — 1 corresponds to full crosstalk cancellation and py ,, =0
corresponds to no crosstalk cancellation i.e. single-user detection (SUD). Let M
be the set of indices of all the observed lines including the index of line n, i.e.,

M E Mg (1) - M (P + 1)} (6.8)

Similarly, let Mj! be the set of indices of the unobserved lines, i.e., lines that are
not used to detect the signal in line n on tone k, i.e.,

M £ N\ME, (6.9)
where N is a set containing all indices 1---N. Let ﬁz be the channel matrix
containing the channels corresponding to the observed lines, i.e.,

ﬁ: = [[Hk]rowsMg,colsMZ} 3 (610)

and H}! be the matrix containing all the crosstalk channels from the unobserved
lines into the observed lines, i.e.,

Ez = [[Hk]rows/\/lg,colsﬂz} . (611)

Similarly ﬁz is defined as the noise correlation matrix of the observed lines, i.e.,
R} £ Ry, + HyS7HY (6.12)

where S} is the diagonal matrix containing powers transmitted on the unobserved
lines and R}, is the background noise correlation matrix for the observed lines.
Now the linear MMSE partial crosstalk cancellation for line n on tone k can be
written as

2) = decision <WZ [yk]rows/\/t;> , (6.13)

where the partial cancellation coefficient vector W} can be calculated using (6.7)
and (6.12) as

=n =N T —n\ 1
wp 25l <s;;HkH (HkngkH + Rk) ) : (6.14)

where €, £ L, 41 represents the ¢-th column of the identity matrix of size

col q
Drn + 1. Here, g is the position of line n in the set M} and S} is the diagonal

matrix containing the powers transmitted on the observed lines.
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6.4.2 Computation of MMSE-GDFE partial crosstalk canceler
coefficients

Let W} be the set of indices of all the observed lines by the feedforward section
to detect the signal in line n on tone k, including line n, and let W} be the set of
indices of the unobserved lines not used by the feedforward section. Similarly, let
B} be the set of indices of all the observed lines used by the feedback section
to detect the signal in line n on tone k and let B) be the set of indices of
the unobserved lines not used by the feedback section. The channel matrix
corresponding to the observed lines in the feedforward section can be written
as I

Hk’ff = [[Hk]rowswg,colswg\l?ﬁ} ’ (615)

where W} \ B} is the set of indices of the observed lines except those that are in
B;:. The crosstalk channel matrix corresponding to the unobserved lines can then
be written as

_,Z,ff = [[Hk]rowswgﬁcolsﬂg\Bg} ) (616)
where Wi! \ B} is the set of indices of the unobserved lines except those are in B}
Similarly EZ ¢ is defined as the noise correlation matrix of the observed lines, i.e.,

D n n n nH
Ry pr =Ry pp +HE 1fSE  HE S (6.17)

where §Z,f ¢ is the diagonal matrix containing powers transmitted on the
unobserved lines except those in B; and Ry, ;, is a background noise correlation
matrix for the observed lines. The MMSE feedforward filter coefficient can then
be computed as

n n —nH ,—n n —nH —_—n _
Wirk =g (Sk,ffHk,ff(Hk,ffsk,ffHk,ff + Ry pr) 1) : (6.18)

where e, is the ¢ — th column of the identity matrix whose size is defined by the
cardinality of Wy!. Here ¢ is the position of the line n in the set Wy and Sy if
is the diagonal matrix containing the power of the observed lines used by the
feedforward section except those in Bj}. With

HZ,fb £ [[Hk}mwwg,colssd , (6.19)
the feedback coefficient vector in line n on tone k can be written as
Wik = Wiy e (6.20)
Now the output of the nonlinear MMSE partial crosstalk canceler can be written
as

23 = decision (w?ﬁky?f?k - W?b,kx?b,k) , (6.21)
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where x7%, . is a vector containing the detected symbols from all the observed lines
used by the feedback section and Y’y is & vector containing the received symbols
from all the observed lines used by feedforward section.

6.5 Problem formulation

6.5.1 Partial crosstalk cancellation tap allocation for a fixed
power loading

The partial crosstalk cancellation problem amounts to maximizing the total bit-
rate summed over all lines when using only Cyyager cancellation taps, i.e., non-zero
elements in the canceler matrices. This comes down to the following maximization
problem,

N N
S.t Z Z Z Cz,m < Cbudgety (622)

where ¢ = [c1, €2, ..., ¢k ], [Ck)n,m = ™ € {0,1}.

o For the linear MMSE, N = N therefore cpisan N x N matrix containing
the cancellation tap configurations ¢ on tone k. Here ¢ = 1 indicates
that a cancellation tap has been assigned to position (n,m), i.e., that line
m is used for the detection of line n the tone k (m € MP). Similarly,
™ = 0 indicates a cancellation tap has not been assigned to position
(n,m) (m € Mp). Finally, b} is the bit-rate of line n on tone k given as

1
"2 og, | 1+ T & | (6.23)

where T' is the SNR, gap, H;;: WZEZ, HZ(q) represents the ¢-th element of
vector hy,, A = Ditq ‘HZ(Z)’ st + Tr(WiRLwiH), Tr(X) takes the trace of
the matrix X and s] represents the ¢-th element of sy.

o For the MMSE-GDFE, the maximum feedback filter length is equal to N
therefore the N = 2N. Hence ¢ is a N x 2N matrix, where the N added
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columns account for the tap allocation in the feedback section. Due to the
triangular structure of the feedback section the maximum number of non-
zero elements in cj is N2 + w If m < N then ¢, =1 indicates that
a cancellation tap has been assigned to the feedforward section in position
(n,m) (m € W}) and when m > N it indicates that a cancellation tap has
been assigned to the feedback section in position (n,m — N) (m € By). The
bit-rate of line n on tone k is given by

- 1
b 2 log, | 1+ T | (6.24)

where 7 = 53, [0 s) + Tr(WhRESH) — Tr(wi, S with)
S 4y is the diagonal matrix containing powers transmitted on the observed
fedback lines, hk =Wy ka, hk( ) represents the i-th element of vector hk
and s,C represents the i-th diagonal element of ﬁk’ i

The global optimum for (6.22) can be found by exhaustively searching over
all possible cancellation tap configurations. However, the constraint is coupled
over tones, which results in an exponential complexity in the number of tones.
The overall complexity is then O(2KNW-1) for the linear MMSE canceler
and O(2K2N(N=1)) for the MMSE-GDFE, which is generally intractable. This
complexity can be made linear in K by using a dual decomposition approach. To
achieve this, the constraint in the optimization problem is moved into the objective
with the help of a Lagrange multiplier A\. This can then be written as

K N N

K N
mln max E sz Cbudqet—g Z o
k=1n=1

k=1n=1m=1
m#n

subject to A >0 n=1---N (6.25)

n [177], for multicarrier systems with a sufficiently large number of tones, the
duality gap was shown to be zero for this type of optimization problems. For a
given A, the maximization problem in (6.25) is decoupled over tones hence it can
be solved for each tone separately. The per-tone optimization can then be written
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as

Fork=1---K

N N N
n n,m
maxgbk—g E A,
Cg
n=1

n=1m=1
m#n

(6.26)

The maximization of (6.26) can be performed by an exhaustive search over all
possible c¢i’s. Additionally, the constraint can be enforced by tuning A. An
algorithm to efficiently tune the Lagrange multiplier is given in [78]. An exhaustive
search of the partial crosstalk canceler configuration still has a complexity of
nKO@NN=1) for the linear MMSE canceler and nK O (23N -1 for the MMSE-
GDFE, where 7 is the number of iterations required for the tuning of A\. However,
this complexity can be further reduced based on two properties, namely line
independence and line selection [78]:

Line independence

For each line, a crosstalk cancellation configuration has to be decided on. However,
from (6.23) and (6.24), it can be seen that when it is decided to observe line m
for the detection of line n, this obviously only affects the performance of line n.
Hence, (6.26) can be further decoupled over lines, leading to

Fork=1---K

Forn=1---N

N
max by — g Aep™.
cr(n,:) m=1

mn

(6.27)

This reduces the complexity from nK Q2NN -1) to nK NO(2N 1) for the linear
MMSE canceler and from nKO(2:NN-1) to nKNO(2:N-1) for the MMSE-
GDFE.
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Line selection

For the linear MMSE canceler, for each line n it has to be decided whether or
not N — 1 other lines are observed. Hence, there are 2V~ possible crosstalk
cancellation configurations for each line. Similarly, for the MMSE-GDFE there
are 20N =140 possible crosstalk cancellation configurations for each line, where [ is
the number of previously decoded lines, i.e., [ = 1---(N —1). If ¢ cancellation
taps are available then these should be allocated such that the effectively canceled
interference is maximized. For a line n if we can define a metric, Z™* such that the
N — 1 cancellation taps for the linear MMSE canceler or (N — 1+ 1) cancellation
taps for the MMSE-GDFE can be ordered, then ¢ lines can be selected that have
the largest values for this metric. In this fashion the number of possible crosstalk
configurations reduces from 2V~ to N — 1 for the linear MMSE canceler and
from 2N =10 to (N — 1 41) for the MMSE-GDFE, and so the overall complexity
becomes nO(KN(N — 1)) for the linear MMSE canceler and nO(K3N (N — 1))
for the MMSE-GDFE. Hence the optimization problem can be written as

Fork=1---K

Forn=1.---N

max b (q) — AG (6.28)
ci(n,:)

where b¥(g) is the bit-rate when ¢ lines are observed and selected based on the
selection metric Z;'.

6.5.2 Joint partial crosstalk cancellation and spectrum balancing

The partial crosstalk cancellation problem amounts to maximizing the total bit-
rate summed over all lines when using only Cyyage: cancellation taps, i.e., non-zero
elements in the canceler matrices and a total transmit power budget Sy, .., for
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line n. This comes down to the following maximization problem,

K
§ : n n
Sk < Sbudget

0<sp< sZ’mGSk, (6.29)

where ¢ = [c1, €2, ..., Ck], [Ckln,m = ¢ € {0, 1}, Sp, 45 i the total power of line
n and s is the maximum allowed transmit power by line n on tone k. Let S
be the set containing possible power levels with cardinality L.

The joint resource allocation problem (6.29) is a non-convex constrained opti-
mization problem. Finding the global optimum for (6.29) requires an exhaustive
search over all possible solutions. The problem is coupled over tones and users,
which results in exponential complexity in the number of tones and number of
users. Therefore, the computatlonal complexity is O(E2N DEN for the linear
MMSE canceler and O(L2N-1)E3N for the MMSE-GDFE, which is generally
intractable. This complexity can be made linear in the number of tones by using a
dual decomposition approach. To achieve this, the constraint in the optimization
problem is moved into the objective with the help of Lagrange multipliers. This
can then be written as

K N K N N N K
mln max Z Z + A | Coudget — Z Z Z "+ Z% (Sl?udget - ZSZ>
k=1n=1 =1 n=1 k=1

k= 1n:1

subject to A\, vy, >0 (6.30)

For multicarrier systems with a sufficiently large number of tones, the duality gap
was shown to be zero [177]. For a given A, the maximization problem in (6.30) is
decoupled over tones hence it can be solved for each tone separately. The per-tone
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optimization can then be written as

Fork=1---K

N N N N
max Z by — Z Z Aep™ — ;’ynsz (6.31)

n=1 n=1m=1
m#n

The maximization of (6.31) can be performed by an exhaustive search over all
possible combinations of ¢i’s and s’s. Additionally, the constraint can be enforced
by tuning A and ~,. An algorithm to efficiently tune the Lagrange multiplier is
given in [78]. An exhaustive search of all partial crosstalk canceler configurations
still has a complexity of KO((L2(N — 1))V) for the linear MMSE canceler
and KO((L2W-1)3N) for the MMSE-GDFE for each update of the Lagrange
multipliers A and ~,. This is still intractable for practical values of L and N. In
section 6.6.2, we will present various techniques to reduce the complexity.

6.6 Resource allocation in linear MMSE based crosstalk
cancellation

6.6.1 Partial crosstalk cancellation tap allocation for a fixed
power loading

In [27], it was shown that for a linear ZF canceler the interferers can be ordered
based on their crosstalk power as selection metric, i.e.,

kep =R s} (6.32)

The interferers are then ordered in descending order with respect to the selection
metric. Then a simple exhaustive search over all the ordered interferers was
performed to allocate the crosstalk cancellation taps based on the defined cost
function.

For the ZF canceler, the metric, Zy’ , , could be easily defined based only on the
crosstalk power [27]. However, in the presence of spatially correlated background
noise, the metric cannot be defined so easily for the MMSE-based cancelers. In
the next section, we address the issue of defining a suitable metric for the linear
MMSE canceler.
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Algorithm 6.1 Linear ZF based partial crosstalk cancellation tap allocation for
a fixed power loading

. Tnitialize b7(q), A, £}

1 k,opt — =0
2: while C' 75 Cbudget do

3 for tone k =1---K do
4 for linen=1---N do
5: Compute metric Zj' _ ;
6 Order the interferers based on Zi .

7 for number of crosstalkers to be cancelled gq=1---N—-1do
8

9

compute w. ;. for ¢ lines with indices from M"( )
Ly = bi(a) — Mg

10: if £} > L} opt then
11: » Fopt = ﬁ"

12: Wi ZFopt = Wi ZF
13: qk ,opt q

14: end if

15: end for

16: end for

17:  end for

18:  compute C' =37, > G o0

19:  update A = [\ — ,u(Cbudget - C)]+
20: end while

Selection metric for linear MMSE partial crosstalk cancelers

For the linear MMSE canceler, a first option is to use the metric used in the case
of the ZF canceler, which is based only on the in-domain crosstalk power so that
the information about the spatially correlated background noise is ignored. So the
strategy is to cancel the strongest in-domain crosstalker first. This first metric can
be written as

o= R P} (6.33)

The interferers are then ordered in descending order with respect to the selection
metric Z;? ;. Then the indices are stored in M. This is a good strategy when the
alien crosstalk is white/nearly white or very small However, if the background
noise is spatially correlated and strong then this metric may not provide good
results. In such a scenario, instead of the in-domain crosstalk information, the
spatial correlation of the background noise can be used as a selection metric. This
second metric can thus be defined as

o ={ry"}, (6.34)
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where rk is the entry in the ¢th row and the jth column in the noise correlation
matrix Ry on tone k. The interferers are ordered in descending order with
respect to the slection metric Z;', and the indices are stored in Mj. If the
alien crosstalk is much stronger than the in-domain crosstalk then this metric
provides a good cancellation order. In the scenario, where both the in-domain
crosstalk and the alien crosstalk are large, a metric can be defined that combines
the available information about the in-domain crosstalk power and the background
noise correlation. For line n, the total information provided by the background
noise correlation can be written empirically as follows

rm;rn
nen ST (7|hm’km2sm ) ; (6.35)
— k k
I
17

where 7" is the entry in the nth row and the mth column in the noise correlation
matrlx R, after normalization such that the 7" provides the value relative to
rp". Part I of (6.35) yields the amount of alien crosstalk that can be canceled if
line m is selected. Part II accounts for the fact that the effective alien crosstalk
that can be canceled also depends on the SINR of line m. The third metric is then
defined as

Tt = {np, + I} (6.36)

The interferers are ordered in descending order with respect to the slection metric
1y 5 and the indices are stored in M. The performance achieved with Iy g is
found to be close to the performance achieved with the optimum tap selection
scheme, i.e., obtained with an exhaustive search (see section 6.8).

Selection metric based partial crosstalk cancellation tap selection

Here, we present the technique to perform the partial crosstalk cancellation
tapselection using the selection metric.

Fork=1---K
Forn=1---N
max by (q) — A (6.37)

q

The complexity of choosing ¢ after the selection order of the cancellation tap is
fixed by the selection metric reduces from a combinatorial complexity to a linear
complexity.
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In (6.37), increasing the A increases the penalty for increasing the number of
canceler taps. Hence, the value of A is quite important in obtaining the optimal
solution. There are many ways to update the value of A such as the bisection
method, the gradient descent method etc. [29] [154]. In [154], the update of A is
based on the difference between the total available system resources and the used
system resources for the current value of A\. For our problem this can be written

A<= (A= p(Chuaget — Z Z cf (6.38)

keK n=1m=1
m#n
where p is a scaling factor, whose value can be changed in order to obtain a faster
convergence to the solution. For simplicity, in our simulations p is taken as a fixed
positive value close to zero.

An algorithm description is provided as Alg. 6.2. In the presented algorithm, a
search over the canceler taps for a particular tone and for a fixed \ is terminated
when either the maximum number of taps that can be allocated is reached or when
the cost function for a particular number of canceler taps is lower than that for
the previous number of canceler taps.

Algorithm 6.2 Selection metric based linear MMSE partial crosstalk cancellation
tap allocation for a fixed power loading

1: initialize b7 (), A%, L} o0p = 0, Wi 1155 opt

2: while C' 75 Cbudget do

3: fortone k=1---K do

4 for linen=1---N do

5: compute metric 7 5

6 order the interferers based on Iy 4

7 for number of crosstalkers to be cancelled g=1---N — 1 do
8 compute Wi /s p for g interferers with indices in M7} (q)
9

L = Bi(a) - Mg

10: if £} > Eﬁopt then

11: Zopt =L}

12: Wi MMSE,opt = Wk, MMSE
13: qk ,opt — q

14: end if

15: end for

16: end for

17:  end for

18:  compute C' =3, > i opt

19:  update A = (A — u(Chudger — C)]+
20: end while
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Sparse approximation based partial cancellation

From the previous section, it is clear that if the order of the crosstalk cancellation
taps can be fixed, then the computational complexity of the partial crosstalk
cancellation can be reduced avoiding the exhaustive search for each line n. In order
to avoid the exhaustive search, the non-zero crosstalk canceler coefficients can
also be determined by using a sparse approximation based linear MMSE crosstalk
canceler design. In the following section, we will present a sparse linear MMSE
crosstalk canceler design procedure.

Sparse linear MMSE crosstalk canceler design

Let us rewrite the linear MMSE design criterion for line n as follows

Wi arse = argmin € {|wi (Hexy + 2zi) — 2 °} (6.39)
wi

We can rewrite (6.39) as follows
2

S/2gH 1/2
Wi MMSE = argmin l k k nH _ { S, “en }

1/2
k Rz,k 0
Ay by 2
n - in  ||[Aywt — by 6.40
Wk, MMSE — argrkmn || EWE k||2 (6.40)
Wy

k

In order to find a better way to control the sparsity pattern, let us write the
problem of designing a linear MMSE crosstalk canceler in (6.40) as a sparse
approximation problem [152, 153, 49] as

- . - 2 -
WZ,MMSE = arg}inn HAkWZH - ka2 + 7 ([, Ho (6.41)
Wi

where |||, is a £p quasi-norm of the vector in the argument counting the number of
non-zero elements of the vector. v controls the trade off between the sparsity and
the quadratic term. Problem (6.41) is however known to be NP hard in general
[152].
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To simplify (6.41), the non-convex ¢y quasi-norm is replaced by the convex ¢; norm
[152, 153, 49]. This can be written as

_ . _ 2 -
Wi MMSE = argimin HAkWZH - b||2 + 7 [Iwilly | (6.42)
Wi

where 4 controls the trade off between the sparsity and the quadratic term. (6.42)
is a convex problem and can be solved using any generic solver in polynomial time
[24]. If the underlying system admits a sparse solution, it has been shown that
solving (6.42) is equivalent to solving (6.41) [153, 49]. In our case, the underlying
system does not necessarily admit a sparse solution, therefore we can not obtain a
sparse linear MMSE crosstalk canceler by just solving (6.42). One way to obtain
a sparse linear MMSE crosstalk canceler is to adopt a two step procedure. Firstly,
we use (6.42), for a given 7, to obtain a nearly-sparse linear MMSE crosstalk
canceler and then force the coefficients below a certain threshold level ¢ to zero
and obtain the sparsity pattern cj and hence Mj!. Secondly, we use the sparsity
pattern obtained after applying the threshold and we compute the linear MMSE
crosstalk canceler using (6.14).

It is clear that the choice of the trade off parameter 4 and the threshold level (
is important for the algorithm to work properly. An efficient update rule for 7 is
based on the difference between the total available system resources and the used
system resources for the current value of 4 . This can be written as

+

ﬁ/<: :V_ﬂ(cbudgct - ZZHWZ»MJWSEHO) (643)
ke n

where p is a positive scaling factor, and [a]+ is max(0,a). For simplicity, in our
simulations u is taken as a fixed value close to zero.

The threshold level ¢ can be fixed to a constant level and the coeflicients smaller
than the threshold value can be set to zero. However, we can also update the
threshold level to speed up the convergence. It is obvious that if the threshold
level is set to a higher value, the probability of a sparser equalizer becomes higher.
The update formula for the threshold level can be written as

(< [¢—0(Couaget — D > _|[Wh massell) (6.44)

ke n

where o is an small positive scaling factor. In (6.44), the threshold ¢ is same for the
cancellation filters for all the lines and tone. But cancellation filters different lines
and tones obtain different MMSEs. Therefore, the cancellation tap allocation
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algorithm can be improved if the threshold ( is weighted by the MSE of the
cancelers. This can be given as

+
G = |G = o (Couaget — D O Wi ararssllg)| (6.45)
kek n
where
of = o || Axwi i asse — bif: (6.46)

Sparse approximation based partial cancellation

We are now ready to describe the full sparse approximation based partial crosstalk
cancellation scheme.

Since the sparsity pattern cj! directly gives the number and the position of
crosstalkers to be canceled with minimum approximation error, explit computation
of other objective function can be avoided. The indices of the interferers cancelled
can then be stored in M} and the linear MMSE canceler can be computed using
(6.14).

Even though the crosstalk canceler has to be computed twice, for large N, it
has similar complexity to the selection metric based crosstalk canceler coefficient
selection algorithm presented in the section above. The algorithm to implement
this is presented in Alg. 6.3.

6.6.2 Joint partial crosstalk cancellation tap allocation and
spectrum balancing

In the previous section, the linear MMSE crosstalk canceler tap allocation in
the case of a fixed power loading was presented. In order to avoid severe
crosstalk, different lines can vary their transmit power on a certain tone such
that the crosstalk caused by a line is reduced without significantly reducing its
own performance. This is known as spectrum balancing.

Here we present an approach based on the joint crosstalk canceler tap selection
and spectrum balancing problem formulation given in (6.31).As in the case of a
fixed power loading scheme, the problem in (6.31) is decoupled over tones and
lines. However, computation of linear MMSE crosstalk cancelers relies on the
power transmitted by other lines as seen in (6.7).

Si contains the power transmitted by all the lines on tone k, therefore changing
the power transmitted on one line changes the crosstalk caused by that line and
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Algorithm 6.3 Sparse approximation based linear MMSE partial crosstalk
cancellation tap allocation for a fixed power loading

1: Initialize v, (', o
2: while C # Cyydger do
3: fortonek=1---K do

4: for linen=1---N do
5: Compute nearly sparse w} with (6.42)
6: Apply threshold (; on w} to obtain ¢}
7: Compute the sparse Wi \,\ /¢ using (6.14)
8 op =0 HAkWZIJ{/IMSE - ka
’ 2
9: end for

10:  end for

11:  Compute C' =",

12:  Update v = [y — u(C — Chudger)]™
13: fortonek=1---K do

14: for linen=1---N do
15: Update ¢} = [C}? — O’Z(C — Cbudget)]+
16: end for

17:  end for
18: end while

hence the linear MMSE coefficients of all the other lines. Therefore, the solution
of (6.31) requires a search over all combinations of powers for all the lines. This
can be reduced by iteratively updating the power of each line fixing the power of
all the other lines. Hence, the problem is decoupled over lines. This can be written
as

Fork=1---K

Forn=1---N

For s =0

max by — Z)\c — YnSk. (6.47)

m;én

This problem still has a combinatorial complexity since the sparsity pattern cj
is combinatorial. In order to further reduce the complexity, we aim to restrict
the search space for the canceler tap selection. In the following sections, we
present techniques to further reduce the complexity of the canceler tap selection
and spectrum balancing.
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Selection metric based joint linear MMSE partial cancellation and spectrum
balancing

The complexity of (6.47) can be further reduced if we can restrict the search space
of the canceler taps. For a given transmit power for user n, this can be achieved
by using the selection metric based approach described in section 6.6.1. The
combinatorial search space of the crosstalk canceler tap selection then reduces
to the linear search space based on the selection metric, Zy'5. Therefore, the
problem now reduces to per-tone per-line exhaustive search over all the crosstalk
cancellation taps and transmit power. This can be written as follows

Fork=1---K
Forn=1---N
For sp =0---s2™""

Forgy=1---N—-1

max b — AqE — sy (6.48)

Ck

where A and ~,, are Lagrange multipliers and can be updated as

N
A= A+ 1(Crudger — Y > ai)]" (6.49)

ke n=1

Tn = [’Yn Sbudget Z Z Sk (650)

ke n=1

While updating the power for line n on tone k, the power on all the other lines on
that tone assumed fixed.

The algorithm to implement this scheme is given in Alg. 6.4.

Even though the overall computational complexity is reduced to O(EN K), the
exhaustive search over all the ordered canceler taps has to be performed for each
power level. Furthermore, we need to compute new linear MMSE coefficients for
each change in power. To reduce this complexity we can use sparse approximation
based linear MMSE crosstalk canceler design as proposed in section 6.6.1. This
will be described in the following section.
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Algorithm 6.4 Selection metric based joint linear MMSE partial crosstalk
cancelltion tap allocation and spectrum balancing

1: initialize b} (q), Sk, A Vs S§ opts Lo opt =0
2: while C' 75 Cbudget do
3: fortonek=1---K do

4: for linen=1---N do

5: for transmit power s} =0---s""" do

6: compute metric 7 5

7: update the nth entry of vector sy as si[n] = s}

8: for the number of interferers to be cancelled ¢ =1---N —1 do
9: compute Wi y/1/sp Using (6.14) and updated si and g
10 G 5 opilCF = DR(@F) — N

11: it £ > L}, then

12: Skopt = Sk

13: WZ’ opt = Wi

14: end if

15: end for

16: end for

17: end for

18: end for

19:  compute C = Zszl Zle ax

20:  update A = A — p(Chudget — C)

21: forn=1---N do

22: compute S" = K 51

23: update vy, =y, + M(Sn - l?udget)
24: end for

25: end while

Sparse approximation based joint linear MMSE partial cancellation and
spectrum balancing

Based on the sparse linear MMSE crosstalk canceler design in section (6.6.1),
we are now ready to describe the full sparse approximation based joint partial
crosstalk cancellation and spectrum balancing. From definition, we can see that
will, = vazl C;1; therefore we can also write (6.47) as

max by — Al[ci|ly — sk, (6.51)

ey

Now for each discrete power level, we can compute a sparse MMSE canceler using
the method described above. Even though the MMSE canceler coefficients need
to be computed twice, first using (6.42) to determine the sparsity pattern c

and then (6.14) to compute the MMSE canceler coefficients, for a large N it has
similar computational complexity to the contiguous tap selection based approach
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of section 6.6.2, which requires solving (6.14) N times for each power level. The
computational complexity can be further reduced by solving (6.42) only once for
the initial power level and then using same sparsity pattern for all the other power
levels. We can write (6.51) as

max b — ., (6.52)
Ck

Furthermore the Lagrange multiplier ~,,, which enforces the power constraint also
has to be updated. The Lagrange multiplier only depends on the difference
between the current total power and the total power budget and hence can be
written as

+

7t1+1 = ’ﬁz - n(Sl?udget - Z S.Z) ) (653)
ke

where 7 is an arbitrarily small scaling factor.

An algorithm to allocate the resources, i.e. number of equalizer taps and the power,
for given resource constraints is given in Alg. 6.5.

6.7 Resource allocation in MMSE-GDFE based crosstalk
cancellation

6.7.1 Partial crosstalk cancellation with a fixed power loading
Selection metric for MMSE-GDFE partial crosstalk cancelers

In the MMSE-GDFE, in addition to a selection metric for the feedforward path we
also need a selection metric for the feedback path. If the detection order is fixed,
only already decoded lines can be used in the feedback. The feedforward path in
the MMSE-GDFE is basically a linear MMSE canceler. Therefore the selection
metric for the feedforward section can also be given by (6.36). The feedback
section in the MMSE-GDFE can only cancel the in-domain interference from the
already decoded lines, hence the selection metric for the feedback section can be
given as (6.33). Combining these selection metrics, the final selection metric for
the MMSE-GDFE can be written as

Tk — (T | )‘23§}’ forg=1---1 (6.54)

(n,g

g#n,
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Algorithm 6.5 Sparse approximation based joint linear MMSE partial crosstalk
cancellation tap allocation and spectrum balancing

1: initialize b7 (), A, L} ,pp =0

2: while C' 75 Cbudget do

3: for tone k=1---K do
4: for linen=1---N do
5.
6

Compute nearly sparse wj
Apply threshold ¢/ and obtain the indices of the interferers to be
cancelled store in M7}

T for transmit powers sf =0---5."*" do
8 Compute sparse Wi /s using My
9 Licz = b — YSk

10: if £k > L7, , then

1 Z,opt = ‘Cﬁ

12: Sk,opt = Sﬁ

13: Wz,opt,MJw.gE = Wi MMSE

14: Compute C*

15: end if ,

- %k =7 HAszﬁfMSE - bk”z

17: end for

18: end for

19: end for

20:  Compute C =3, > &

21:  Update A = [\ — ,u(Cbudget - C)]+
22: for tone k=1---K do

23: for linen=1---N do
24 CI? - [C}? - Ug(cbudget - C)}+
25: end for

26: end for
27: end while
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where g represents previously detected lines. The interferers are ordered with
respect to 7}, and stored in M7}. The performance achieved with If’k is found
to be close to the performance achieved with the optimum tap selection scheme,
i.e., obtained with an exhaustive search (see section 6.8).

Selection metric based crosstalk canceler selection

The resource allocation problem in MMSE-GDFE based DMT receiver can be

written as

Fork=1---K

Forn=1---N

max by (q) — A (6.55)
q

The complexity of choosing ¢ now reduces from a combinatorial complexity to a
linear complexity.

The Lagrange multiplier A can be updated using following formula

K N
A< A= i(Couager — > )t (6.56)

k=1n=1

where i is a positive scaling factor, whose value can be changed in order to obtain
a faster convergence to the solution. For simplicity, in our simulations u is taken
as a fixed arbitrary value close to zero.
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Algorithm 6.6 Selection metric based MMSE-GDFE partial crosstalk cancella-
tion tap allocation

. initialize b} (q), \, £}

1 k,opt — =0
2: while C' 75 Cbudget do

3 for tone k =1--- K do

4: for linen=1---N do

5: compute metric 7,

6 order the interferers based on Ik , and the combination is stored in M3}

7 for number of crosstalkers to be cancelled g = 1- —1do
8: compute W', and w', ;. for ¢ interferers with mdlces in m(q) € My
9: ‘C;clopt_ bz(j_)\q
10: it £ > L}, then
11: » hopt = L‘"
12 Wff,k,opt = Wff K
13: fb koopt = Wbk
14: qk ,opt — =q
15: end if
16: end for
17: end for

18:  end for

19:  compute C'= 37, 37 G,

20:  update A = [\ — ,u(Cbudget - C)]+
21: end while
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6.7.2 Joint partial crosstalk cancellation and spectrum balancing
Selection metric based joint partial crosstalk canceler and power allocation

The joint partial crosstalk cancellation and transmit power allocation problem in
MMSE-GDFE based DMT receiver can be written as

Fork=1---K

Forn=1---N

n,max

For s =0---s;
Forgpy =1---N —1
max EZ — MGl — YnSp
Ck Sk

subject to A, >0 m=1---N
Y >0 n=1---N. (6.57)

The complexity of choosing ¢ now reduces from the combinatorial complexity to
linear complexity.

And the Lagrange multiplier A can be updated as

K N
A<= A= 1(Chnaget — Y Y _ i)™ (6.58)

ke n=1

where p is a scaling factor, whose value can be changed in order to obtain a faster
convergence to the solution. For simplicity, in our simulations p is taken as a fixed
arbitrary value close to zero. For further details of the algorithm we refer to [154].

6.8 Simulation results

Simulations were run for a scenario with 7 lines ranging from 600m to 1200m
in 100m increments and an alien crosstalk line of 500m. The direct channels,
the crosstalk channels and the alien crosstalk channel are generated using the
analytical and semi-analytical model in [52]. The simulation parameters are
summarized in Table 6.1.

The maximum number of taps that can be allocated to the linear MMSE canceler
is N x (N —1) x number of used tones. Here N = 7 and the number of used tones
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Algorithm 6.7 Selection metric based joint MMSE-GDFE partial crosstalk
cancellation tap allocation and spectrum balancing

1: initialize b} (7), Sk, A Vs S§ opts Ll opt
2: while C' 75 Cbudget do

3:

10:
11:
12:
13:
14:
15:
16:
17:
18:
19:
20:
21:
22:

23:
24:
25:

for tone k =1---K do
for linen=1---N do
for transmit power s} =0---s."""" do

compute metric Z7',

update the nth entry of vector sy, as si[n] = s

for the number of interferers to be cancelled ¢ =1---N —1 do
compute w7, using (6.14) and updated s and g
L= bplay) — Agy

it £ > L}, then

n _rn
‘Ck,opt - ‘Ck

n _on
Sk,opt = S

WZf,k,opt = WZM
Witkopt = Witk
qﬁ,opt = ql?
end if
end for
end for
end for

end for

compute C= Zf:l Zgzl qg,opt

compute S = Zle sy

update A = [A' — u(Chuager — C)] T

update v, = [, + (S — Sf,4ge)] " foralln =1---N

26: end while

Table 6.1: Simulation Parameters

Number of DMT tones 4096
Tone width 4.3125 kHz
symbol rate 4 kHz
Coding gain 3 dB
Noise margin 6 dB
Symbol error probability <1077
Transmit PSD Flat (-60 dBm/Hz)
FDD band plan 998
Cable type 0.5 mm
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is 1147 hence the Cg’;‘;get is 48174. With the additional lower triangular feedback

section the Cyia7 , in the case of MMSE-GDFE is 72261.

In the first scenario, we consider a fixed power loading linear MMSE based crosstalk
cancellation scheme. In Figure 6.4, we compare various crosstalk canceler
selection schemes based on selection metric given in (6.33), (6.34) and (6.36) and
the exhaustive search over all the canceler taps. The result demonstrates that
the selection metric which takes both in-domain crosstalk and the background
noise information into account perform close to the performance of the exhaustive
search based approach. From Figure 6.3 (b), it was shown that linear ZF canceler
performs poorly in the presence of spatially correlated background noise, therefore
the performance is not compared.

In Figure 6.5, we then compare the selection metric based approach to the sparse
approximation based approach presented in section 6.6.1, for a fixed power loading
scenario. It can be seen that the sparse approximation based approach also
performs close to the exhaustive search based approach.

In the joint spectrum balancing and partial crosstalk cancellation scenario, it can
be seen that the achievable bit-rate increase at both no crosstalk cancellation and
full crosstalk cancellation scenario. This due to the fact that the by reducing
the power transmitted in the shorter line the crosstalk longer lines is reduced.
Furthermore, the lower SNR on the shorter line also help to cancel alien crosstalk
in the longer loop more effectively.

In Figure 6.6, we compare the performance of the selection metric based approach
and sparse approximation based approach combined with the spectrum balancing.
This is then compared with the iterative spectrum balancing (ISB) approach with
partial crosstalk cancellation. This is a suboptimal algorithm but it was shown
to perform very close to optimal spectrum balancing in [155] with much reduced
computational complexity. It can be seen that the the selection metric based
joint partial crosstalk cancellation and spectrum balancing performs close to the
ISB. Similarly we can see that sparse approximation based joint partial crosstalk
cancellation and spectrum balancing also performs close to the performance of
ISB and selection metric based approach but it has much lower computational
complexity that the selection metric based approach.

In the next scenario, a MMSE-GDFE based crosstalk canceler was considered. In
Figure 6.7, it can be seen that the full crosstalk cancellation using MMSE-GDFE
requires higher number of canceler taps but achieves higher bit-rate. In Figure
6.7, we then compare the exhaustive search based partial crosstalk canceler
selection with the selection metric based crosstalk canceler selection for a fixed
power loading. It is seen that the selection metric based crosstalk canceler tap
selection performs close to the exhaustive search based approach. In Figure
6.8, we compare the selection metric based method and exhaustive search based
approach for joint partial crosstalk cancellation and spectrum balancing. It can be
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seen that the selection metric based partial crosstalk cancellation scheme performs
close to the exhaustive search based approach.

Linear MMSE Partial crosstalk canceler
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Figure 6.4: Performance comparison of the different metrics for partial cancellation
using a linear MMSE canceler

6.9 Conclusion

In this chapter, we have considered crosstalk cancellation in upstream VDSL,
where receivers are co-located, in the presence of spatially correlated background
noise such as alien crosstalk . It is shown that the MMSE based crosstalk canceler
perform significantly better than a linear ZF based canceler in this scenario. It
is shown full crosstalk cancellation scheme has a run-time complexity of O(N?),
therefore for a large number of lines the run-time complexity might be prohibitive.
Previously, it had been shown that, for a system with only AWGN background
noise and linear ZF canceler, the run-time complexity might be reduced by
selectively canceling only few significant crosstalker on each tone. This is known
as partial crosstalk cancellation. In this chapter, this technique was extended to
include MMSE-based crosstalk cancelers.

It is shown that in the case of linear MMSE crosstalk canceler and a fixed power
loading, the combinatorial search over all the crosstalkers can be reduce to linear
search by ordering the interferers based on some selection metric. Similarly the
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Partial Crosstalk Cancellation (LMMSE)
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Figure 6.5: Performance comparison of the different metrics for partial cancellation
using a linear MMSE canceler

crosstalk canceler selection can be simplified by directly designing sparse linear
MMSE crosstalk cancelers. These methods are shown to achieve performance
close to the exhaustive search based crosstalk canceler selection. Furthermore, it
is shown that the achievable rate increases if spectrum balancing is performed
alongside crosstalk cancellation. In order to reduce the overall complexity of
the joint partial cancellation and spectrum balancing on linear MMSE based
systems, the selection metric based approach was used alongside iterative spectrum
balancing. It was shown that the sparse approximation based partial crosstalk
cancellation further reduces the overall search complexity. These methods are
shown to achieve performance close to the performance of exhaustive search based
approach.

The selection metric based approach is then simply extended to accommodate
MMSE-GDFE based crosstalk cancellation scheme. It is shown that the MMSE-
GDFE based crosstalk cancellation achieve higher data rate but at higher run-
time complexity. The selection metric based approach then used to reduce the
overall complexity of partial crosstalk canceler tap selection. It was shown that
selection metric based crosstalk cancellation selection approaches the performance
of exhaustive search based approach. Furthermore, the approach is then extended
to perform partial crosstalk cancellation with spectrum balancing. It is shown that
selection metric based approach alongside ISB performs very close to exhaustive
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Figure 6.6: Performance comparison of the different metrics for partial cancellation
using a linear MMSE canceler

search based crosstalk cancellation scheme with ISB.

It was also shown that for the same number of crosstalk cancelers MMSE-
GDFE based crosstalk cancellation outperforms linear MMSE based crosstalk
cancellation.
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MMSE-GDFE Partial Crosstalk Canceler

130

120
110
100

90

80

70 —— Exhaustive search for MMSE-DFE

—9— Exhaustive search for LMMSE T
—e—1Ip" 1

60
50

40

sum of bit rates (Mbps)

30

20

Figure 6.7: Comparison between the optimum linear MMSE partial cancellation
and the MMSE-GDFE partial cancellation

150

N

o

=)
T

=—tt— Exhaustive search for MMSE-GDFE, no SB

Sum of bitrates (Mbps)
3

=—©— Exhaustive search for MMSE-GDFE, with SB

—&— sclection metric I,

Chudget x10°

Figure 6.8: Comparison between the optimum linear MMSE partial cancellation
and the MMSE-GDFE partial cancellation






Chapter 7

Conclusions and Future Work

In this chapter we will highlight the main conclusions and list some suggestions
for the future works.

7.1 Conclusions

The channel impairments such as ISI, crosstalks etc., have a large impact on the
achievable bit-rate of the DMT system. Furthermore, achievable bit-rate is reduced
by nulling certain carriers at the band edges in order to comply with the PSD mask
constraints. In order to combat these effects, several signal processing techniques
have been proposed. However, the use of sophisticated signal processing techniques
increases the run-time computational complexity. In some cases, the prohibitive
computational complexity renders the signal processing algorithm impractical.

The DSL channel is a slowly time-varying channel. This provides us with the
opportunity to optimize the signal processing algorithms used to mitigate various
non-ideal effects in the DMT transceiver. This dissertation focuses on reducing
the run-time computational complexity of various signal processing blocks used in
the DMT transceiver by exploiting various characteristics of the DSL channel in
both the single-user and the multi-user scenario. The main goals of this thesis are

e to design low complexity resource allocation algorithms with near optimal
performance in the single-user DSL scenario

e to design low complexity resource allocation algorithm without compromis-
ing the performance in the multi-user DSL scenario

149
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This dissertation was divided into two parts: Part I focused on various run-time
computational complexity reduction techniques in the single-user DSL scenario.
Specific scenario of a per-tone pulse shaping DMT transmitter and a per-tone
equalization based DMT receiver has been considered. In Part II, we investigated
the resource allocation algorithms in the multi-user DSL scenario in the presence
of alien crosstalk.

In chapter 2, we provided introduction to various aspects of a DSL system. All the
important building blocks of a DSL transceiver were explained. A brief overview
of different modulation schemes considered for the DSL system was introduced
and the motivation for using the multicarrier modulation was then presented. A
mathematical model of a DMT based system was also introduced and the DMT
based transmitter and receiver structures were then described. Various techniques
to increase the capacity of the DMT system, such as bit loading and power
loading were also discussed in detail. Various channel impairments present in the
DSL system were then presented. In the end, techniques such as time domain
equalization and per-tone based equalization to mitigate the effect of channel
impairments were introduced. The effect of crosstalk in the case of multi-user DSL
scenario was discussed and then a simple multi-user channel modeling technique
was presented. Various techniques to optimize the transmission in this scenario
were also discussed in order to either avoid the crosstalk or to cancel it. At the end,
various receiver structures that are generally used to cancel the effect of crosstalk
were presented.

In chapter 3, it was shown that the use of the per-tone pulse shaping filters
reduces the number of virtual carriers on the band edges, thus increasing the
achievable bit-rate of the DMT system. Furthermore, it was also shown that
using a constant length non-sparse pulse shaping filter on every tone unnecessarily
increases the run-time complexity of the system. This motivates the use of
variably sparse pulse shaping filter on each tone. But the constrained optimization
problem to optimally allocate the non-zero per-tone pulse shaping filter was
shown to be coupled in tones. Furthermore, computation of a sparse per-tone
pulse shaping filter was also shown to be a combinatorial problem. We showed
that a dual problem formulation leads to an unconstrained optimization problem
that is decoupled over tones, but the sparse filter design problem still remains
a combinatorial problem. In order to reduce this combinatorial complexity of
filter design, some simple techniques were presented. Firstly, the restriction on
the sparsity pattern of the filter allowing only contiguous taps to be non-zero
was shown to reduce the combinatorial complexity to a linear search in filter order,
thereby reducing the the overall complexity of the filter tap selection problem. But
the restriction in sparsity pattern of the pulse shaping filter may not be the best
approach, since the best sparsity pattern may not lie in the restricted sparsity
set. Secondly, it was shown that a sparse approximation based approach with
convex relaxation allows design of sparse pulse shaping filter without imposing
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any restriction on the sparsity pattern of the pulse shaping filter with similar
complexity as the linear search over the filter order. Furthermore, these techniques
were also extended to jointly allocate pulse shaping filter taps and the transmit
power. It was shown that these techniques reduce the run-time complexity
significantly without affecting the performance much. Furthermore, it was shown
that when combined with a transmit power loading algorithm these approaches can
further reduce the number of per-tone pulse shaping filter taps needed to achieve
the same bit-rate performance.

In chapter 4, we showed that the use of the MMSE-PTEQ increases the achievable
bit-rate of the DMT system. Furthermore, it was also shown that using a constant
length non-sparse MMSE-PTEQ filter on every tone unnecessarily increases the
run-time complexity of the DMT system. Therefore, using variably sparse MMSE-
PTEQ filter on each tone reduces the run-time complexity without affecting the
performance significantly. The constrained optimization problem to allocate the
non-zero MMSE-PTEQ taps was shown to be coupled in tones. To this end,
for a constant transmit power , we have proposed efficient resource allocation
algorithms to distribute the available resources (total transmit power budget and
total MMSE-PTEQ filter tap budget) over tones in a DMT receiver with per-
tone equalization. We have shown that a dual problem formulation leads to an
unconstrained optimization problem that is decoupled in tones but due to the
combinatorial nature of the filter tap allocation the resulting optimization problem
is still NP hard in general. Two approaches were proposed to further simplify the
problem. The first approach restricted only contiguous MMSE-PTEQ taps to be
non-zero hence the combinatorial search in the sparsity pattern is reduced to the
linear search in filter order. The second approach used sparse approximation
technique to design the MMSE-PTEQ filter. Using convex relaxation of the
sparsity constraints, the sparse filter design problem can be written as convex
problem and solved efficiently. Furthermore, the techniques were also extended
to jointly allocate MMSE-PTEQ filter taps and the transmit power. A VDSL
simulation demonstrated that under a fixed power loading, the number of MMSE-
PTEQ filter taps can be reduced significantly compared to the fixed length non-
sparse case without sacrificing much performance. Furthermore, it was also shown
that the sparse approximation based MMSE-PTEQ filter tap allocation approach
performs better than the contiguous tap selection based approach. When combined
with a transmit power loading algorithm these approaches can further reduce the
number of per-tone pulse shaping filter taps needed to achieve the same bit-rate
performance.

In chapter 5, a per-tone pulse shaping and a per-tone equalizer based DMT
transceiver is considered. It is first shown that the presence of per-tone pulse
shaping filter affects the tap allocation in the per-tone equalization based receiver
under a constant transmit power loading. It was shown that the joint filter tap
optimization problem in the DMT transceiver could be decoupled in tone by
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formulating as a dual problem along with an iterative MMSE-PTEQ computation
scheme. It can be seen that the achievable rate for the same number of taps is
lower in the presence of a per-tone pulse shaping filter. This is due to the fact that
the pulse shaping filter act as a dispersive channel and hence lengthens the output
of the transmitter. In our case, we do not increase the overall symbol length, but
decrease the effective cyclic prefix to accommodate the extra symbol, therefore
better per-tone equalizers are needed to mitigate the effects. Similarly in the case
of the joint filter tap and transmit power allocation in the DMT transceiver, it
can be seen that since the signal-to noise ratio at the output receiver is fed back
to the transmitter, the effect such as filtering effect at the edge of the bands at the
receiver is also taken into account while performing transmit power allocation at
the transmitter side. This improves the performance of the system for the same
number of non-zero filter taps.

In chapter 6, we have considered crosstalk cancellation in upstream VDSL,
where receivers are co-located, in the presence of spatially correlated background
noise such as alien crosstalk . It is shown that the MMSE based crosstalk
canceler perform significantly better than a linear ZF based canceler in this
scenario. It is shown full crosstalk cancellation scheme has a run-time complexity
of O(N?), therefore for a large number of lines the run-time complexity might be
prohibitive. Previously it had been shown that for a system with only AWGN
background noise and a linear ZF canceler, the run-time complexity might be
reduced by selectively canceling only few significant crosstalker on each tone. This
is known as partial crosstalk cancellation. In this chapter, this technique was
extended to include the MMSE-based crosstalk cancelers. It is shown that in
the case of the linear MMSE crosstalk canceler and constant powerloading, the
combinatorial search over all the crosstalkers can be reduce to linear search by
ordering the interferers based on some selection metric. Similarly the crosstalk
canceler selection can be simplified by directly designing sparse linear MMSE
crosstalk cancelers. These methods are shown to achieve performance close to
the exhaustive search based crosstalk canceler selection. Furthermore, it is shown
that the achievable rate increases if spectrum balancing is performed alongside
crosstalk cancellation. In order to reduce the overall complexity of the joint
partial cancellation and spectrum balancing on linear MMSE based systems, the
selection metric based approach was used alongside iterative spectrum balancing.
It was shown that the sparse approximation based partial crosstalk cancellation
further reduces the overall search complexity. These methods are shown to achieve
performance close to the performance of an exhaustive search based approach.The
selection metric based approach is then simply extended to accommodate MMSE-
GDFE based crosstalk cancellation scheme. It is shown that the MMSE-GDFE
based crosstalk cancellation achieve higher data rate but incurs a higher run-
time complexity. The selection metric based approach then used to reduce the
overall complexity of partial crosstalk canceler tap selection. It was shown that
selection metric based crosstalk cancellation selection approaches the performance
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of exhaustive search based approach. Furthermore, the approach is then extended
to perform partial crosstalk cancellation with spectrum balancing. It is shown that
selection metric based approach alongside iterative spectrum balancing performs
very close to exhaustive search based crosstalk cancellation scheme with iterative
spectrum balancing. It was also shown that for the same number of crosstalk
cancelers MMSE-GDFE based crosstalk cancellation outperforms linear MMSE
based crosstalk cancellation.

7.2 Future Work

Initialization complexity reduction

In this dissertation, the main focus was to reduce the run-time complexity of the
signal processing blocks. But the number of filter taps to be initialized is still
quite high. Therefore, better and efficient initialization schemes are desired. In
[2], initialization complexity reduction based on tone grouping is presented, but
it is not really applicable to the sparse filters. Therefore, efficient filter coefficient
initialization schemes for variably sparse filters needs to be investigated in depth.

Effect of channel estimation error

In this dissertation, in the case of a multi-user DSL scenario, the crosstalk channels
and the noise correlation matrices are assumed to be perfectly known. But,
practical estimation techniques have inherent estimation errors. The MMSE based
cancelers rely on accurate estimation of crosstalk channels and the noise correlation.
Therefore, it is important to investigate the effect of such errors in the performance
of the DSL system. Furthermore, more reliable channel and noise correlation
estimation techniques need to be investigated.

Efficient computation of MMSE canceler coefficients

In the case of a multi-user DSL, it is shown that in the vectored DSL lines,
whenever the transmit power of a line changes or a line joins or leaves of vectored
group, the full MMSE coefficients have to be recomputed. This adds extra
computational complexity. In order to reduce this computational complexity,
a simplified MMSE canceler computation scheme is needed. Since the noise
covariance changes with respect to which lines are taken into account, a simple
matrix inversion lemma based recursive update is not possible.
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Dynamic crosslayer partial crosstalk cancellation

In this dissertation, We optimized the resources only with respect to achievable
bit-rate. But it has been shown in [89] that this can be extended to include
crosslayer objectives, which are more related to user experience, QoS and are
more meaningful to the end users.

Stability of the DSL system

In this dissertation, the lines in vectored DSL was considered to be static, i.e., it
remains in the vectored group for ever. But in practice, the lines continuously
join and leave the vectored DSL system. This may create instability in the DSL
system. Therefore, the impact of the dynamical entry and exit if the lines in a
DSL system has to be analyzed, And the impact in the initialization as well as
run-time complexity of the MMSE based cancelers has to be investigated.

Partial crosstalk precoding

In this dissertation, we have only investigated upstream VDSL scenario. The
receiver was assumed to be co-located. Similar approaches may be possible in
the downstream scenario, where all the transmitters are co-located. An optimum
precoding structure in the presence of AWGN background noise was presented
in [26]. It might be interesting to extend this idea in the presence of spatially
correlated background noise.
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