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The 8,346-metre-long Nanpu Bridge
in Shanghai, China, has a clearance of 46
metres, allowing ships with a tonnage of
55,000 to pass under it. As a cable suspen-
sion bridge, the Nanpu’s main bridge is
846 metres long and 30.35 metres wide,
divided into six lanes. The approaches to
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December 1, 1991. The bridge spans the
Huangpu River like a flying dragon and has
realized the dreams of the locals of having
a bridge across the Huangpu River.
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Foreword

The second half of the twentieth century has been a remarkable period for technological
innovation, and particularly so for telecommunications. In 1950, telecommunications was
almost entirely in the analog mode. Digital transmission of pulse code modulated voice in
the telephone exchange carrier plant, and low-speed data communications were the first
ventures into digital transmission in the wire-pair telephone loop plant. Both of these radical
departures required engineering design of transmission circuits. The invention of the tran-
sistor and the subsequent explosion of integrated circuit technology quickly led to a revolu-
tion in consumer electronics and in communications in general. It was not until the eighties,
however, that the idea of an adaptive digital subscriber line that permitted turnkey installa-
tion without prescription engineering or plant conditioning began to emerge.

There were several key innovations that made this possibility into a reality. Certainly,
decision-directed echo cancellation made feasible the use of the switched telephone network
for the conveyance of data between modems. Decision feedback equalization reduced the
problem of transmission distortion to an economic one in contrast to a technical unfeasibili-
ty. These new technologies coupled with the invention and progress in forward error cor-
recting codes made the future look promising for telephone transmission over plant that was
designed for analog voice frequency signals. Indeed, it was possible to transmit at speeds as
high as 1200 bps over telephone loop plant without conditioning. Also, conditioned loops
could be used as a medium for 56 Kbps data at a limited range.

Notwithstanding this great advance, the possibility of inline signal processing at high speeds
seemed remote. But integrated circuit technology continued its inexorable march. ISDN
transmission at 80 Kbps second over unconditioned and unselected loops seemed like a
brash idea at first, but 160 Kbps duplex transmission proved feasible before ISDN standards
for basic access were set. Key to this advance was the emergence of compression techniques
with far greater dynamic range than was earlier thought feasible.

The new technologies led to reconsideration of the way that ISDN Primary access—access
to the switched network at low megabit speeds—was provided. Before the emergence of the
technology used for Basic Access, Primary Access was provided by using two simplex loops
operating at the DS-1 (E-1 in Europe) rate; near-end crosstalk was suppressed by shorten-
ing regenerator spacing in the plant or by separating the two directions of transmission into
separate cable binder groups. The new Basic Access technology suggested that most of the
loops in the telephone plant could be used to provide Primary access by using two duplex
loops operating at half the bit rate. Furthermore, no plant conditioning or special engineer-
ing was required. Thus, the High-rate Digital Subscriber Line (HDSL) was born. The
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magic of the HDSL compared to the simplex version of Primary access is that the HDSL
uses the full transmission capacity of each cable pair in &oth directions and not only in one
direction.

More magic was to follow. The success of the HDSL idea and the apparent emergence of
video compression techniques that would allow entertainment video coding at DS-1 rates
(MPEG-1) suggested that there might be an application for a system that transmitted to the
customer at a higher rate than in the upstream direction. The idea of a network of backend
computers serving individual customers also suggested a need for such an asymmetric ser-
vice. This apparently emerging market, coupled with the fact that the most significant im-
pairment to loop transmission—near-end crosstalk—would be considerably suppressed with
an asymmetric channel, ultimately led to the conception of the Asymmetrical Digital Sub-
scriber Line (ADSL).

At about this time, Trellis coding and Viterbi receivers emerged as economically feasible
approaches to reliable transmission on copper pairs. Fortunately, signal processing speeds
and the complexity of processor chips develops at a pace concomitant with the needs of the
emerging processing and transmission technologies. The impact of this advance on modem
technology is now well appreciated. Its impact on Digital Subscriber Line technology is still
evolving. There are, at present, several laboratories that are researching new DSLs employ-
ing the new coding techniques with capabilities unimagined just a short time ago.

This rapid evolution of technology required conviction, on the part of equipment vendors,
that the proposed new technologies would performance satisfactorily in the extant tele-
phone loop plant before any serious commitment to development could be made. This re-
quired knowledge of the transmission and noise characteristics of telephone loop plant.
Loop survey information was used to help predict performance through simulation of the
proposed new systems. These simulation activities are continuing today, as the technology of
DSLs continues to evolve. The requisite simulations are needed to assure that proposed
technology is adequate to satisfactory performance on the overwhelming majority of loops
selected at random from a large population. Thus, numerous simulations are necessary at
each step in the evolution of a new technology. The simulations are also necessary for pa-
rameter setting in new technologies. For example, simulations determined the sensitivity
required of analog to digital converters (ADCs) used prior to processing received signals in
DSL transceivers. To attempt to conduct the studies that are the modern province of simu-
lation would be prohibitively expense in a physical laboratory.

The remarkable pace of innovation in DSL technology did not take place in a vacuum. Stan-
dards bodies the world over considered, in considerable detail, the suitability of numerous
proposals for the embodiment of DSLs. The deliberations of these groups were not merely
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the coming together of different vendors to guarantee the compatibility of different equip-
ment and the feasibility of compliance to an agreed upon specification. The efforts of these
bodies were, and continue to be, a collaborative effort in creating a new technology. The
best engineers from some of the greatest communications laboratories in the world shared
and modified ideas and data in order to produce a good, and workable product. The meet-
ings of these bodies rank with the most sophisticated engineering and scientific symposia in
their contribution to the fund of the world’s technical knowledge and wisdom. They con-
tinue to guide the evolution of an extremely dynamic technology.

The book by Dr. Walter Chen thus arrives at a most opportune time. The amount of capital
and human resources that are involved in DSL technology and its evolution is large, indeed.
Dr. Chen’s book is, I believe, the only book of its kind that is available to those that need to
understand and predict the performance of DSLs. It is a welcome and sorely needed addi-
tion to the libraries of communications engineers.

Dr. Joseph W. Lechleider
February 13, 1998
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CHAPTER

Introduction

When telecommunication was first invented as a telegraph, letters were coded in binary
form: a combination of dots and dashes, as specified by the Morse code. In some sense,
early telegraph was a digital system. The later invention of the telephone made the most
popular telecommunication means into the analog format. Today, most telephone subscrib-
er loops are still in analog format for the sole purpose of carrying analog telephone services.

Nonetheless, the Public Switched Telephone Network (PSTN) is dominated by digital tech-
nologies. High-speed digital transmission links between different telephone Central Offices
(COs) are capable of multiplexing and concentrating local traffic according to the digital
hierarchy with a minimum number of physical cable connections. A flexible digital network
also is efficient at carrying new feature services, delivering information other than voice
signals.

With the advanced development of computer and consumer electronics, traditional tele-
phone subscribers are ready for new services based on digital technologies. There is a lot of
useful information, such as news, weather, and stock prices, on the Internet. As a result of
this new information channel, there will be a stronger need by consumers to access the In-
ternet for telecommunication, shopping, and “infotainment.” There are some digital infor-
mation appliances, such as PCs, satellite receivers, and digital audio/video recorders, in the
home already. When the digital television technology becomes a reality, the average house-
hold will be more digitally oriented.

Along with the digitization of public and private information and of consumer electronics,
the amount of information associated with their applications has been drastically increased.
First-generation PCs had a RAM size of 256KB and a hard disk drive of 20MB. Now, a
consumer-grade PC has 16MB of RAM and a hard disk drive of 1GB. During the last 15
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years, the PC memory and storage size increase factors have been about 62.5 and 50, re-
spectively; however, the increase of transmission throughput for a voice band modem, which
has become a popular PC communication device, is only about a factor of 14-33.4 kbps vs.

2.4 kbps.

With a much more powerful PC processing lots of information, the capability of a voice
band modem, which is limited by the 3.3 kHz voice channel, becomes a limiting factor in
integrating consumers to the evolving high-speed digital communication network. The
drawback of a voice band modem can be overcome with the Digital Subscriber Line (DSL)
technology. By bypassing the Plain Old Telephone Set (POTS) interface at a local CO, a DSL
system can utilize the full potential of a copper telephone subscriber loop to deliver a trans-
mission throughput of up to a few hundred times that of a voice band modem.

1.1 Digital Access Methods Through POTS Loops

Currently, there are three ways to provide digital access through a telephone subscriber
loop:

* Analog voice channel
¢ Digital switches
e POTS splitters

1.1.1 Digital Access Through Analog Voice Channels

Figure 1.1 shows the first approach of providing digital transmission through the existing
POTS switch and PSTN network.

Figure 1.1 Digital Access Through an Analog Voice Channel

Telephone or
Voice Band Modem
Telephone
POTS Subscriber Loop
1 switch
1
)
]
PSTN
Network ! Telephone or
' Voice Band Modem
' Telephone
]
POTS Subscriber Loop i
Switch

Page 24 of 665



CHAPTER 1 Introduction | 5

Figure 1.1 shows the configuration for today’s voice band modem. There is no switch and
network infrastructure change involved for this approach. A subscriber can connect to an-
other subscriber or to an Information service provider (ISP) with compatible voice band
modems via an existing voice band telephone protocol. The transmission throughput is
limited, however, by the bandwidth of the analog voice channel.

At the subscriber end, multiple telephone sets and voice band modems can be connected to
the same subscriber loop through in-house telephone wiring, although only one voice band
modem can be active at a given time.

1.1.2 Digital Access Through Digital Switches
Figure 1.2 shows the second approach of digital access through special digital switch line

cards.

Figure 1.2 Digital Access Through a Special Digital Switch
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ISDN [ ™
Telephone Modem Interface . —a=
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,' Switch o
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1
ISDN | ISDN Telephone
Network ! ISDN Telephone
' with Data Channel
' Telephone
] SI s 2Nh Subscriber Loop T 0 PC .
witc . |
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Figure 1.2 shows the configuration for the Basic Rate Access Integrated Services Digital
Network (ISDN) service. An ISDN-capable digital switch is required for this second ap-
proach. A subscriber can connect to another subscriber or to an ISP equipped with an
ISDN modem or telephone set via a digital switching protocol. A fixed transmission
throughput can be defined for the worst-case condition telephone subscriber loop if the
digital access service is to be available for all telephone subscribers.

At the subscriber end, only one ISDN modem or one ISDN telephone set with a
U-interface is connected to the telephone subscriber loop. Multiple telephone sets and
PCs can share the same digital access service through the S-interface, which can be imple-

mented with the installation of a new in-house twisted-pair wiring. Basic Rate Access
ISDN is the first DSL system.
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1.1.3 Digital Access Through POTS Splitters
Figure 1.3 shows the third approach of digital access through the addition of POTS split-

ters.

Figure 1.3 Digital Access Through a POTS Splitter
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Figure 1.3 shows the configuration for Asymmetrical Digital Subscriber Lines (ADSL). A
POTS splitter separates the voice channel from that of DSL through highpass and lowpass
filters to provide co-existing services. At a CO, POTS splitters are used to merge a POTS

switch and a packet switch.

At the subscriber end, a POTS splitter can be installed between the telephone subscriber
loop and the existing in-house telephone wiring to avoid extensive reflection. New in-house
wiring is required to connect a DSL modem to the POTS splitter. Through proper design,
the interference between voice and DSL services can be kept at a minimum level.

1.1.4 Next-Generation Digital Switches
Figure 1.4 shows the possibility of providing digital transmission through a next-generation

digital switch.

Figure 1.4 Digital Access Through a Digital Switch

Telephone or
Voice Band Modem

o

PSTN
Network
Telephone
Digital Subscriber Loop ]
Switch DSL
Modem

Packet |

Network

Page 26 of 665

PC




CHAPTER 1 Introduction | 7

The digital switch can recognize a particular subscriber device—a POTS telephone set, a
voice band modem, or a DSL modem—and will adjust its hardware parameters and software
“modem” accordingly to establish an analog or digital connection. Proper network connec-
tion also will be selected. POTS service can be provided directly through the digital switch
or indirectly through the subscriber-end DSL modem. With careful design and engineering,
the simultaneous operation of multiple analog and digital devices also is feasible.

1.2 DSL System Engineering

The twisted-pair telephone loop between a CO and a subscriber premises can have a length
of from a few kilofeet (kft) to a few tens of kilofeet. A twisted-pair telephone loop usually
consists of many cable sections of sizes from 19 gauge to 26 gauge. Due to the installation
practice, there are bridged taps associated with telephone subscriber loops. To compensate
for the effect of magnitude and phase distortion for the broad DSL signaling band and
reflections caused by bridged taps and terminal impedance mismatch, some inter-symbol
interference counter measures, such as adaptive channel equalization and multi-carrier mod-
ulation, become necessary.

For every section, there are many twisted pairs sharing the same electrical sheath and plastic
covering within a single twisted-pair cable. Crosstalks exist between adjacent twisted pairs.
Because twisted-pair telephone cables are originally engineered for the voice band, the
crosstalk noise level could become quite severe for DSL applications. Besides the telephone
loop plant background noise, the crosstalk noise is a limiting factor for the performance of a
DSL system. There are Near End Crosstalk (NEXT) noise and Far End Crosstalk (FEXT)
noise. The effect of NEXT is usually worse than that of FEXT.

Extensive digital signal processing techniques, such as adaptive channel equalizers and adap-
tive echo cancellers, have been adapted for DSL transceivers. The implementation of these
signal processing techniques is made possible by the advancement of Very-Large-Scale Inte-
grated Cireuit (VLSI). VLSI can be a combination of Application Specific Integrated Civenit
(ASIC) and a general-purpose Digital Signal Processor (DSP). The advancement of VLSI
also made the application of extensive Trellis Coded Modulation (TCM) and forward error
correction coding, such as Reed-Solomon coding, possible for low-cost DSL transceivers.

It has been a common practice, to combine the current and upcoming expected capabilities
of VLSI with the desired performance of a DSL system under development. This combina-
tion has resulted in both a challenge and a rewarding experience for participating DSL sys-
tem developers. For example, high-resolution, low sampling rate and low-resolution, high
sampling rate Analog to Digital Converters (ADCs) have been developed for voice and
video applications, respectively. The development of High-Bit-Rate Digital Subscriber Line
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(HDSL) technology resulted in a market need of a high-resolution high sampling rate, 12
bits and 800 kHz, ADC. Furthermore, there are many other unique requirements within a
DSL transceiver.

1.3 The General DSL Transceiver Avchitecture

Figure 1.5 shows the general structure of a DSL transceiver. As far as the semiconductor is

concerned, there is an analog part and a digital part of a DSL transceiver chip set. The ana-
log part covers analog transmit and receiver filters, the Digital to Analog Converter (DAC),
the automatic gain device, and the ADC. The digital part of a DSL chip set has three major
functions: modulation/demodulation, coding/decoding, and bit packing/unpacking.

Figure 1.5 A Typical DSL Transceiver Block Diagram

Twisted Pair

POTS Telephone Set
or Voice Band Modem

Specifically, the modulation/demodulation function, which involves lots of digital signal
processing, includes the following;:

o Fast Fourier Transform (FFT) and Inverse Fast Fourier Transform (IFFT) for the case of
Discrete MultiTone (DMT) line code

¢ Constellation mapping
e Precoding for the case of using Tomlison precoding

¢ Digital shaping filter for the cases of Carrierless AM/PM (CAP) or Quadrature Ampli-
tude Modulation (QAM) line codes

¢ Adaptive echo canceller
¢ Adaptive channel equalizer
¢ Symbol/bit conversion

¢ Timing recovery
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A DSL can have either or both Trellis code and Reed-Solomon code, such as ADSL. Earlier
DSL systems—such as the Digital Subscriber Lines (DSL), which have been adapted as the
physical layer of the Basic Rate Access ISDN channel—and HDSL have no coding required.
New DSL systems—such as HDSL2, which is intended to deliver twice the transmission
throughput of HDSL under the similar loop condition—have considered coding as a critical
part of a DSL transceiver. A coding gain of 5 to 6 dB can bring the performance of a DSL
system very close to the theoretical channel capacity.

The Transmission Convergence (TC) layer, which belongs to the general bit-packing/
unpacking function, has received a lot of attention in recent development of DSL systems. A
DSL system with a properly designed TC layer will not only make a simplified network in-
terface, but also reduce the complexity of a DSL chip set. The proper design of a bit-
packing /unpacking function also is a requirement for integrated DSL systems, such as a
DSL PC plug-in card or a DSL CO switch line card for which specific frame rates and frame
sizes are necessary to be compatible with their host systems.

Besides the DSL chip set covering analog and digital function, some discrete components—
such as the hybrid circuit, which converts a four-wire, dual half-duplex interface to a two-
wire, full-duplex one, and the POTS splitter, which separates voice channel from the DSL
spectrum—also are important parts of a DSL system. The improved performance of these
discrete components can sometimes ease up the demand for a DSL chip set. For example, a
better hybrid circuit can reduce the requirement for an echo canceller. Special techniques
implemented with discrete components can be tailored for different DSL systems.

1.4 DSL Systems and Standavds

There are many different signal-processing algorithms capable of achieving a particular
transmission performance objective. For a particular algorithm, system and hardware
parameters can vary depending on preferences. For network and service providers, an inter-
changeable DSL transceiver from different vendors is a key to drive hardware cost down. A
common agreement is necessary to insure DSL transceivers from different developers can
interoperate with each other.

A process for establishing standards is necessary—not only to define transceiver line and
network interfaces, but also to identify the proper combination of signal processing algo-
rithms and VLSI semiconductor technologies. DSL standards have been defined earlier by
ANSI T1D1.3 and recently by ANSI T1E1.4 working groups.
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1.4.1 Early DSL System Standavds

The first DSL system is the DSL developed for the Basic Rate Access ISDN application
during 1982 and 1988. DSL is designed to operate on all non-load telephone subscriber
loops confirming the resistance design rule. ANSI documents “Integrated Service Digital
Network (ISDN): Basic Access Interface for Use on Metallic Loops for Application on the
Network Side of the NT-Layer 1 Specification” and “Integrated Services Digital Network
(ISDN): Basic Access Interface for S and T Reference Points (Layer 1 Specification)”? de-
scribe the U-interface of the DSL and the S-interface of the DSL, respectively.

The U-interface defines transmission specifications over the telephone subscriber loop, while
the S-interface defines transmission specifications over a local distribution medium, such as a
residential wiring or a PBX extension wiring. The DSL, as defined by the ANSI standard,
uses a baseband four-level line code, also called 2B1Q for 2 Bits per Quaternary symbol,
over the telephone subscriber loop. The transmission throughput of the DSL is 160 kbps
with a baud rate of 80 kHz.

The DSL is capable of supplying two B channels of 64 kbps and one D channel of 16 kbps.
The remaining transmission throughput is consumed by Operational, Administrative,
Maintenance, and Provisioning (OAM) channels. A DSL transceiver relies on a baud rate
adaptive channel equalizer to achieve full-duplex transmission, and on a baud rate adaptive
channel equalizer to overcome the effect of channel inter-symbol interference.

1.4.2 HDSL System Standavds

The HDSL system can be considered as a technology extension of the DSL. HDSL was
mainly developed as a dual-duplex repeaterless T1 technology from 1988 to 1991. HDSL is
designed to serve non-load telephone subscriber loops confirming the Carrier Serving Area
(CSA) guideline. ANSI Technical report, “A Technical Report on High-Bit-Rate Digital
Subscriber Lines (HDSL),”? defines transmission specifications over the telephone subscrib-
er loop, as well as associate T1 network interface.

The HDSL also uses the 2B1Q baseband four-level line code. However, both the transmis-
sion throughput of 900 kbps and the baud rate of 400 kHz are five times those of the DSL.
A pair of HDSL transceivers can be used as a T1 carrier to carry 24 B channels plus associat-
ed OAM channels. Higher operation rate adaptive echo canceller and adaptive channel
equalizer of an HDSL transceiver demand more digital signal processing power compared
with those of a DSL transceiver.
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1.4.3 ADSL System Standarvds

The ADSL system was developed for video-on-demand services from 1991 to 1995 with a
high transmission throughput from a CO to telephone subscribers downstream, and lower
transmission throughput in the reverse direction upstream. Over CSA range distance, the
ADSL is capable of a downstream transmission throughput of 6.433 Mbps. For longer tele-
phone subscriber loops confirming the resistance design rule, the downstream transmission
throughput is reduced to 1.544 Mbps.

ANSI document “Network and Customer Installation Interfaces: Asymmetrical Digital
Subscriber Line (ADSL) Metallic Interface™ defines the DMT transmission specifications
over the telephone subscriber loop as well as up to seven downstream channel and four
upstream channel network interfaces. The DMT line code has a baud rate of 4 kHz and up
to 256 subcarriers for downstream, and up to 64 subcarriers for the upstream. Depending
on the channel signal-to-noise ratio, up to 11 bits can be allocated for each subcarrier. Both
Trellis code and Reed-Solomon code have been introduced for ADSL to improve the trans-
mission performance under white Gaussian and impulse noises.

CAP/QAM line codes also have been discussed in the early ADSL standardization process.
Non-standard CAP/QAM line code-based ADSL systems have been used in trials and some
special-purpose applications. With properly positioned passband downstream and upstream
spectra and associated constellation sizes, transmission throughputs similar to that defined
by the standard ADSL also can be achieved with CAP/QAM line codes. The use of Trellis
code and Reed-Solomon code also is considered in conjunction with CAP/QAM line
codes. An ANSI ad hoc group has been working on producing a document to define a stan-
dard for the CAP/QAM-based ADSL.

1.4.4 HDSL2 System Standards

It is expected that with some improvement on the modulation method and the addition of
coding gain, the transmission throughput of HDSL can be doubled. The development of a
single-pair HDSL, also called HDSL2, has been in steady progress since late 1995.
Baseband multi-level line codes were the focus of the standard development; however,
transmit signal spectrum shaping, with some experience gained from the development of
ADSL, is considered to minimize the effect of NEXT.

A 512-state Trellis code also has been considered to bring about a coding gain of more than
5 dB. With the advancement of VLSI, the extra signal processing and coding complexity of
HDSL2 is expected to be absorbed by higher-density semiconductor chips.
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1.4.5 VDSL System Standards

To meet the demand of future all-purpose multimedia applications, Very-high-bit-rate Digi-
tal Subscriber Line (VDSL) has been under study since late 1995 for transmission through-
puts of 13, 26, and 52 Mbps. The VDSL service range is expected to be between 1.5 to 4.5
kft. VDSL customers will be connected by short-distance copper twisted-pair loops to near-
by Optical Network Units (ONUs) that are linked to a CO with fiber optical cables.

The VDSL transmit spectrum can occupy a bandwidth of up to 15 MHz where the Radio
Frequency Interference (RFI), both ingress and egress, has become a chief concern. Under
such a high transmission throughput, the requirement of delivering desired analog and digi-
tal semiconductor capabilities under a consumer product cost constraint becomes an incen-
tive for VDSL system developers.

1.5 Chapter-by-Chapter Overview

This book is a collection of simulation/implementation techniques and reference materials
for the design and development of DSL systems. It is intended for practicing engineers
working in DSL and related fields. Many techniques developed for DSLs can be very useful
also for next-generation communication systems, such as a high-throughput home digital
network. This book also can be used as a reference for graduate students to aid in their re-
search studies in digital communication systems.

Note

Past technical contributions of the T1E1.4 working group can be obtained from Cre-
ative Communications Consulting, P.O. Box 15189, Durham, NC 27704; telephone: 732-
842-6250.

This book is divided into two parts: Part I, “Fundamentals: Transmission Environment and
Signal Processing,” and Part II, “DSL Systems: System and Transceiver Architectures.” Part
I deals with twisted-pair telephone loop channel modeling, DSL system performance
simulation, and the general implementation of digital signal processing techniques. The
transmission performance potential of telephone subscriber loops are examined through the
calculation of channel capacity. Adaptive channel equalization, adaptive echo cancellation,
and coding techniques are addressed with an emphasis on DSL-specific implementation
details.

Part II deals with the specifics of developed and developing DSL systems. For each devel-
oped DSL system, initial and major standard development activities, general system perfor-
mance characteristics, and key features of standard documents are discussed. The general
features and related issues for developing DSL systems also are discussed. ANSI T1D1.3 and
T1E1.4 working group contributions are extensively referenced.
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Specifically, each chapter covers the following topics in depth:

e Chapter 2, “Telephone Subscriber Loop Environment,” describes the twisted-pair tele-
phone loop plant. Issues involved are telephone network architecture, the structure of
the telephone loop plant, the loop plant design rules, the composition of twisted-pair
cables, and basic voice channel transmission requirements.

e Chapter 3, “Twisted-Pair Channel Modeling,” describes the channel model of the
twisted-pair telephone loop. Twisted-pair cable primary parameters are examined. A
two-port network and its matrix representation are used to construct a channel model
based on sections of cables and other electrical components.

¢ Chapter 4, “Transceiver Front-End Noise Models,” describes noise models for the
twisted-pair telephone loop plant: crosstalk, background, and impulse noises.

¢ Chapter 5, “Channel Capacity,” calculates channel capacities of the twisted-pair tele-
phone loop based on channel and noise models.

e Chapter 6, “Hybrid Circuits,” describes two forms of hybrid circuit that are used to con-
nect transmitting and receiving circuits to a two-wire telephone subscriber loop. The
construction of an echo path model based on the hybrid circuit and the line coupling
transformer equivalent circuit also is presented.

* Chapter 7, “Analog Front-End Precision,” discusses resolution requirements for ADC
and DAC devices with respect to transmitting signal peak-to-average ratio and associated
channel and echo path transmission characteristics.

¢ Chapter 8, “Channel Equalization,” presents calculation techniques for the adaptive
channel equalizer. Filter coefficients as well as the output signal-to-noise ratio are calcu-
lated for baud rate and fractional spaced linear and decision feedback channel equalizers.
Results are given for both baseband and passband systems as well as for the DMT time
domain equalizer.

¢ Chapter 9, “Echo Cancellation,” discusses challenges of the implementation of an adap-
tive echo canceller for a DSL transceiver. Issues of asymmetrical echo cancellation and
crosstalk cancellation also are addressed.

¢ Chapter 10, “Error Correction and Trellis Coding,” introduces the Reed-Solomon code
as a forward error correction code with background information of parity check codes
and block codes. The Trellis code modulation is discussed with background information
of convolution codes and Viterbi detection algorithm. Related basic implementation
techniques are discussed as well.
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e Chapter 11, “DSL (Digital Subscriber Lines),” discusses standard development activities,
the 2B1Q line code, the expected transmission performance, and semiconductor imple-
mentation issues related to DSL.

e Chapter 12, “HDSL (High-Bit-Rate Digital Subscriber Lines),” addresses standard de-
velopment activities, the 2B1Q line code, the expected transmission performance, and
semiconductor implementation issues related to HDSL.

e Chapter 13, “ADSL (Asymmetrical Digital Subscriber Lines),” discusses issues related to
the standard DMT line code ADSL as well as some efforts at developing a CAP/QAM
line code ADSL standard.

* Chapter 14, “SHDSL (Single-Pair High-Bit-Rate Digital Subscriber Lines),” summarizes
activities for the development of HDSL2.

e Chapter 15, “VDSL (Very-High-Bit-Rate Digital Subscriber Lines),” explores new issues
associated with the development of VDSL, and addresses the effect of Radio Frequency
Interference (RFI).
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4. ANSI T1.413-1995, “Network and Customer Installation Interfaces: Asymmetrical Digi-
tal Subscriber Line (ADSL) Metallic Interface,” American National Standards Institute,
Inc.
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CHAPTEHR

Telephone Subscriber Loop Envivonment

Digital Subscriber Lines (DSL) are developed based on existing telephone subscriber loops.
The telephone subscriber loop environment was developed originally for the practice of
carrying analog voice services and lately with the consideration of carrying digital exten-
sions, such as Digital Loop Carrier (DLC), of analog voice services. The transmission char-
acteristics of the telephone subscriber loop environment™2 and the proper utilization of
these transmission characteristics determine the performance potential of a DSL system.

A basic knowledge of the telephone subscriber loop environment is necessary for the under-
standing of many technical choices for the engineering of a particular DSL system. This
chapter explains the basic components and concepts of a telephone subscriber loop environ-
ment, as follows:

o Central Offices and customer premises. The loop plant consists of twisted-pair cables con-
necting a local Central Office (CO) to customer (telephone subscriber) premises (resi-
dential or small business units). The termination conditions of a subscriber loop
at a CO and a premises could also affect the engineering and performance of a DSL
system.

o Subscriber loop structure and twisted-pair cables. An individual subscriber loop consists
of many different cable sections. Twisted-pair cable size, installation methodology, and
grouping of subscriber loop sections could result in different degrees of exposure to
crosstalk noise and to radio frequency interference (RFI).

o Subscriber loop design rules. A telephone subscriber loop plant followed some general
design rules during its evolution. Those rules also can be used in certain degrees as
guidelines for the development and deployment of DSL systems.
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o Voice channel characteristics. A DSL system is based on the same telephone subscriber
loop as a Plain Old Telephone System (POTS). A DSL system is sometimes designed to
coexist with a POTS service on the same twisted-pair cable, offering simultaneous ana-
log/digital services. The understanding of the POTS signaling mechanism is necessary
for the design of a DSL system that coexists with a POTS.

2.1 Central Offices and Customer Premises

Today a telephone subscriber, anywhere in the world, with a telephone set connected by a
twisted-pair telephone cable to a Central Office (CO) can reach another telephone subscrib-
er whose telephone set is also connected by a twisted-pair telephone cable to another CO.
Connections between each pair of telephone sets among different telephone subscribers at
different locations are made indirectly through COs. COs that connect telephone subscrib-
ers are called end COs (Class 5).

A telephone company building is called a wire center and can contain several CO switching
machines. The number of subscriber connections to each CO switching machine is usually
limited to fewer than 10,000, constrained by the four-digit-number assignment plan for
each CO. The twisted pair telephone loop connecting a subscriber to an end CO is called a
subscriber loop. The house hosting the subscriber telephone set is called customer premises.
Large business customers are served through Private Branch Exchanges (PBX).

COs at a local region are connected through interoffice trunks or tandem trunks and tan-
dem COs by the means of the existing and still-evolving digital hierarchy. Telephone connec-
tions beyond a local region are made possible through zoll centers (Class 4). Above the toll
center hierarchy are the primary center (Class 3), the sectional center (Class 2), and the 7e-
gional center (Class 1). Centers are all connected through intertoll trunks. Figure 2.1 depicts
a model telephone network.

Analog voice channels are digitized once they are terminated at an end CO. Digital channel
banks, which consist of subscriber loop line cards and a high-speed Time Division Multiplex-
ing (TDM) bus, convert analog voice signals as well as signaling information, such as origi-
nating and destination addresses, into digital format and combine the resulting digital signal
into a single-digital bit stream to be integrated into the digital hierarchy.

The current digital hierarchy has transmission rates of 64 Kbps (DS0), 1.544 Mbps (DS1),
6.312 Mbps (DS2), 44.736 Mbps (DS3), and 274.176 Mbps (DS4) in North America.
These transmission throughputs are typically implemented by T1, T2, T3, and T4 carrier
systems based on a variety of transmission media, such as digital radio, coaxial cable,
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twisted-pair cable, and fiber-optic cable. Since the early 1980s, connections between major
COs have been dominated by fiber-optic cables (nearly 95 percent).? The evolving higher
speed digital hierarchy—Synchronous Transport Signal (STS)—can provide transmission
throughputs of 51.84 Mbps (OC-1), 155.51 Mbps (OC-3), 466.56 Mbps (OC-9), 622.08
Mbps (OC-12), and so on.

Figure 2.1 A Model Telephone Network
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The major subscriber loop, or local loop, equipment in a CO consists of main distribution
frames and a switch machine. Multiplexers are also used for the interconnection of equip-
ment with different transmission rates conforming to a particular digital hierarchy. Subscrib-
er loops are first terminated on distribution frames and then connected to line cards of a
switch.

There are also cross-connector frames for the interconnection of switch, multiplex, and
monitor equipment. Monitor equipment keeps electronic hardware as well as associated func-
tions in good running condition. Most of the equipment operates directly from the battery
supplies that are AC charged. Further, a lot of backup batteries are used in case of a power
failure (see Figure 2.2).
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Figure 2.2 Major Equipment at a CO
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A switch line card supplies a DC voltage through the telephone loop to a subscriber pre-
mises to detect the on-hook and off-hook of the telephone set. Once off-hook is detected,
the line card converts the dialing signal into a digital bit stream and sends it to switch equip-
ment for further processing. For the dialed subscriber, the switch line card generates a peri-
odic ringing signal in addition to the constant DC bias voltage for the dialed subscriber loop
until the telephone is picked up and becomes off-hook. Switch line cards at both ends of an
active telephone connection increase the performance of Analog to Digital Conversion
(ADC) and Digital to Analog Conversion (DAC) for both subscriber loops during a tele-
phone conversation.

The subscriber loop termination at a customer premises consists of a Network Interface De-
vice (NID) from which multiple in-house wiring connections are made. An NID can be
divided into two parts, as follows:

* A customer part that can be accessed by a customer to make in-house wiring connec-
tions.

¢ A telephone company part that is usually shielded from a customer. The telephone com-
pany part of an NID can also contain some special purpose electronics, such as a loop
back circuit, for maintenance and testing.

Multiple telephone sets are connected to the telephone subscriber loop at different points in
the in-house telephone wiring, which generally has a star/daisy-chain topology. Figure 2.3
shows a typical equipment and in-house wiring setup of a customer premises.

Because of the irregularity of the in-house wiring topology and sometimes poor quality of
the wiring cables and their interconnections, the transmission characteristic of an in-house
wiring can degrade the performance of a DSL system. Reflections could be very extensive
throughout the in-house wiring. The energy loss caused by reflections can be as much as 30
dB at certain frequency regions. The inclusion of the in-house wiring has been ruled out
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from the telephone subscriber loop for most DSL systems. To optimize the transmission
performance, a DSL transceiver at customer premises is usually connected to the NID di-
rectly with a short and high-quality twisted-pair cable.

Figure 2.3 Premises In-House Wiring
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2.2 Subscriber Loop Structuve and Twisted-Pair Cables

A subscriber loop consists of sections (typically 500 feet long) of copper twisted pairs of
cables of different gauges. The physical location of a section of a subscriber loop could be

e Aerial (hung on poles)
e Buried (directly in the ground)
¢ Underground (protected within a dedicated conduit)

Earlier telephone loop installations were aerial for the most part, while most recent installa-
tions, especially for new housing developments, are underground. Buried cables are used for
drop wires where the extra cost of conduit installation could not be justified for each indi-
vidual connection. Aerial cables are more susceptible to Radio Frequency Interference (RFI)
than buried or underground cables for their effective antenna heights.

Electrical joints, also called splices, are usually made with hand twists without soldering to
connect sections of cables together. A protective housing, which can be sealed with wax, is
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used to cover cable splices, and it is usually located near a telephone pole for aerial cables or
in a manhole for underground cables. A twisted-pair telephone cable with a plastic covering
external to a metallic electrical sheathing can have thousands of twisted pairs organized into
many binder groups.

To reduce the effect of crosstalk, binder groups within a cable have different twisting angles.
Depending on the cable type, there could be 10, 25, or up to 50 twisted pairs in a binder
group and up to 50 binder groups per cable. Because of the concentration, twisted-pair
cables have larger cross sections—more twisted pairs—near the Central Office. Functionally,
an individual subscriber loop can be divided into portions consisting of the following;:

o Feeder cables. Provide links from a CO to a concentrated customer area
* Distribution cables. Provide links from feeder cables to potential customer sites

* Drop wires. Connect distribution cables to customer premises

Note

Wiring inside the customer premises that connects to the drop wire at the network
customer interface does not count as part of the network loop.

Connection points between feeder cables and distribution cables are commonly located in
cabinets, called the Feeder Distribution Interface (FDI). Connection points in distribution
cables are commonly located in pedestals for underground cables or terminals for aerial
cables. Single aerial drop wires often consist of parallel copper wires. Recent construction
uses multiple twisted pairs (two, four, or six). The drop wire is usually short and has a
proportionately small effect on the loop transmission characteristics, except for potential
radiation effects. The loop and drop wire could potentially pick up other high-frequency
radiation noises due to the longitudinal imbalance. It could also radiate signals to other
high-frequency electronic devices. Figure 2.4 shows the physical layout of cabling from a
CO to the customer premises.

2.2.1 Bridged Taps

Because loop plant construction usually occurs ahead of customer service requests, distribu-
tion cables are usually made available to all potential customer sites. Hence, it is a common
practice to connect a twisted pair from a feeder cable with more than one distribution cable
pair to maximize the probability of reaching a potential customer. The unused distribution

cables result in bridged taps.
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Figure 2.4 General Structure of a Telephone Loop Plant
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The loop plant design rules (discussed in section 2.3, “Loop Plant Design Rules”), such as
Resistance Design and Carrier Serving Area (CSA), limit the total bridged tap length to
minimize adverse effects, magnitude loss, and spectrum distortion on POTS (Plain Old
Telephone System) transmissions.

2.2.2 Loaded Loops

Extending the central office serving distances for the voice channel is accomplished through
a procedure of installing load coils. Load coils are typically installed for cables with a total
length (including bridged taps) exceeding 15 kft (kilofeet).

Loading arrangements are designated by a code letter that specifies the distance between
loading coils and by numbers that indicate the inductance value and wire gauge. The capital
letters H, D, and B indicate spacing of 6, 4.5, and 3 kft between the coils, respectively. The
number in front of the letter indicates the wire gauge, and the number after the letter indi-
cates the inductance of the coil in millihenries (mH). Therefore, the loading arrangement
19H88, for example, indicates a 19-gauge wire with a spacing distance of 6 kft and the in-
ductance of 88 mH.

Figure 2.5 shows typical transfer functions between a loaded and a non-loaded loop based
on a 12 kft, 26-gauge twisted-pair loop, for which the insertion loss is the attenuation
caused by the insertion of the twisted-pair cable between a signal source and a load resis-
tance. The physical setup of loaded loops is discussed later in section 2.3.
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Figure 2.5 Insertion Losses of Loaded and Non-Loaded Loops
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Note
Because its attenuation is much higher above the voice frequency, a loaded loop is not
suitable for Digital Subscriber Line (DSL) systems.

2.2.3 Twisted-Pair Loop Composition

A telephone cable pair is made by twisting together two insulated conductors of high-purity
copper. The insulation can be wood pulp formed on the conductors in a process similar to
paper making (which is why sometimes it is referred to as pulp or paper cable), or it can be
plastic formed by an extrusion process. Polyolefin insulated cable (PIC) is a general term
used to describe all modern plastic insulated cables. Polyethylene is a widely used plastic
insulation. Polypropylene is another commonly used plastic insulation material.

Neighboring pairs are twisted with different pitch (twist length) to limit electromagnetic
interference (crosstalk) between them. The pairs are stranded into what are called #nits, and
the units are then cabled into cores. The cores are covered with various types of sheaths de-
pending on the intended use. Currently, the size of PIC cables ranges from 6 to 1,800 pairs,
while the size of pulp cables ranges from 600 to 3,600 pairs. Unit sizes are 12, 13, and 25
pairs for PIC and 25, 50, and 100 pairs for pulp cables. Common wire sizes used are 19, 22,
24, and 26 gauge.

Feeder and distribution cables can contain as many as 4,200 pairs or as little as 6 pairs, all
within a single sheath. In the smaller cable size, good design practice calls for using cables
that are multiples of the 25-pair unit. There is very little difference between the installed
cost of 6- or 12-pair cables and 25- or 50-pair cables in most applications. The extra pairs
not only give the potential for growth, but also allow the allocation and use of pairs in
the field to be more logical. This practice also leads to easier administration and mainte-
nance. Feeder cables usually contain more pairs than distribution cables because of the
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concentration. Feeder and distribution cable sizes are usually determined based on the pro-
jected telephone subscriber population.

Drop wires can range from one pair to hundreds or thousands of pairs, depending on the
establishment to be served. Drop wires in the smaller size are not always twisted because
they are usually short and do not measurably degrade transmission quality. Aerial drop wires
are usually 18 or 19 gauge, while buried drop wires are usually 19, 22, or 24 gauge. High-
purity copper is the most widely used conductor material for underground drop wires, while
copper with special alloying (or other means for strength) is used for aerial drop wires. Spe-
cifics vary, depending on cable type.

2.3 Loop Plant Design Rules
POTS loop plant design must accomplish three goals:
* Ensure that there is sufficient direct current flow to operate station sets
¢ Enable DC/low-frequency call process signaling (dialing and ringing)

* Limit transmission loss and frequency roll off to acceptable levels

2.3.1 Resistance Design Rule

As mentioned in section 2.2.2, “Loaded Loops,” telephone cables are designed with differ-
ent gauges of wire, from 26 gauge (thin, with higher DC resistance) to 19 gauge (thicker
with lower DC resistance). These different gauges are designed to have close to the same
capacitance per unit length. It so happens that the maximum DC resistance also controls
the maximum voice frequency loss and roll-off frequency.

Note

The roll-off frequency is the corner frequency beyond which the attenuation increases
rapidly.

For modern switching systems, a maximum loop resistance (DC resistance) of 1500 ohms
meets powering, signaling, and transmission objectives. Corresponding maximum transmis-
sion loss at 1000 Hz is about 9 dB with a roll off of 6 dB at 2800 Hz. The average loop has
a DC resistance of 600 ohms with 4 dB loss at 1 KHz.

Because distances from a CO to each customer are different, distribution cables of different
gauges are utilized to keep the amount of copper (and dollars) used to a minimum while
meeting design guidelines. To reduce overall loop resistance, the end sections of a long
subscriber loop tend to have coarser twisted pairs, whereas finer gauge twisted pairs are used
closer to the central office in order to reduce the diameter of the cable in crowded ducts.
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Some customers are so far away from the Central Office, however, that a direct implementa-
tion of twisted-pair cables would result in a DC resistance much higher than the specified
1500 ohms and hence a poor voice channel service quality. A procedure of installing loading
coils and coarser gauge cables has been used to extend the CO serving distance for the voice
channel. Inductive loading results in a loop with reduced loss within the voice band for a
given gauge of cable, and acts as a lowpass filter above 3000 Hz.

Loading coils are typically installed for cables with a total length, including bridged taps,
exceeding 15 kft. The first loading coil is installed at 3 kft from the CO. Loading coils are
installed every 6 kft thereafter. There can be no bridged taps between loading coils in order
for the bandpass to be flat. Bridged taps on the end sections at the CO and customer ends
can be left connected, up to a total tap length of 6 kft.

Figures 2.6 and 2.7 show length distributions of all loops and non-loaded loops, respective-
ly, according to a 1983 loop survey conducted by AT&T Bell Labs.*

Figure 2.6 Loop Length Distribution
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Figure 2.7 Non-Loaded Loop Length Distribution
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Those loops usually consist of cable sections of different gauges and bridged taps. The
length of total bridged taps is also included for the overall length of each loop. Assuming all
loaded loops are longer than 15 kft, the percentage of non-loaded loops among all loops
can be estimated as follows:

e Let the number of non-loaded loops less or equal to 15 kft be x.
¢ Let the number of non-loaded loops more than 15 kft be y.
e Let the number of loaded loops be z.

Assuming those non-loaded and loaded loops, you have the following:

X

94% = x100%

x+y

79%=—>"  %100%
X+y+z

Therefore, you have

XY 100% = 9%

x+y+z 94%

x100% = 84%

It is expected that new loops are getting shorter and the use of loading coils becomes less
frequent. Therefore, the percentage of non-loaded loops should have been increased since
the 1983 loop survey; however, the amount of increase could be relatively small because of
the large installed telephone subscriber loop bases.

2.3.2 DLC Systems and CSA Guidelines

Digital Loop Carrier (DLC) systems were developed to serve customers beyond the Resis-
tance Design range. Early DLC systems were based on copper twisted pairs that used the
1.544 Mbps T-carrier technology with periodic repeaters to time division multiplex 24-voice
channels. Fiber-based DLC systems are now more popular. For customers near a CO, it is
cheaper to connect them directly with twisted-pair cables. Depending on the cost of DLC
electronics, it becomes more economical to serve customers with DLC systems beyond a
certain distance. This prove-in distance has been decreasing as DLC electronics costs have
come down because of the advancement of semiconductor and optical-electronics technolo-
gies.
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The concept of Carrier Serving Area (CSA) engineering guidelines was introduced in the
early 1980s to shorten subscriber loop length, reducing loop deployment cost and support-
ing all future digital services. The CSA is roughly defined as a serving distance of 9 kft for
26-gauge loops and 12 kft for 24-gauge loops from a remote terminal. CSA design guide-
lines can be summarized as follows:

¢ All loops are non-loaded only.

¢ For loops with 26-gauge cable (used alone or in combination with other gauge cables),
the maximum allowable loop length, including bridged taps, is 9 kft.

¢ If all cable is coarser than 26 gauge, the maximum allowable loop length, including
bridged taps, is 12 kft.

¢ Any single bridged tap is limited to 2 kft maximum length, and the total length of all
bridged taps is limited to 2.5 kft maximum length.

¢ The total length of multi-gauge cable containing 26-gauge cable must not exceed the

following:
12— (3 X L’ZIS) kff
9= LBTAP

The value L, is the total length of 26-gauge cable, excluding bridged tap, and L, , is
the total length of all bridged taps.

e Although not a transmission constraint, it is suggested for administrative purposes that
no more than two gauges of cables be used.

A 1991 Bellcore loop survey shows that over 60 percent of DLC loops meet the CSA
guidelines.® In the context of DSL systems, the term CSA is applied to loops that originate
from a CO as well, if they meet CSA guidelines.

A CSA is further divided into one to six Distribution Areas (DA), as shown in Figure 2.8. A
DA is characterized by a single FDI where crossconnectors are located. A DA typically
serves about 500 customers. Distribution cables emanating from an FDI usually have 1.5 to
2 pairs for all potential customer living units. On the other hand, cable pairs from a Remote
Terminal (RT) to FDI are installed based on the number of real customer lines with a small-
er spare ratio. This strategy is aimed at an overall minimized installation cost. The average
serving distance of each DA is usually significantly shorter than that of a CSA. The Bellcore
1991 loop survey shows that most DA distribution loops are less than 6 to 8 kft in length
(26 and 24 gauge, respectively).
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Figure 2.8 CSA and DA
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2.3.3 TI1 Line Configurations
T1 lines,® carrying 24 DS0 channels with a transmission rate of 1.544 Mbps, are used for
both DLC systems and customer private lines. The T1 technology was originally developed
during the 1960s based on semiconductor transistors. A T1 line requires two twisted pairs,
with each pair dedicated to one direction of transmission. T1 repeaters, where signals are
received and regenerated, are placed along a T1 line at intervals of 6 kft. To minimize the
effect of CO noise, the first T1 repeater is only 3 kft away from a CO. The transmission
spectrum of T1 is centered around 750 KHz. The transmission power of T1 is relatively
high, and a T1 transmitter could produce significant crosstalk noises to a DSL system shar-

ing the same cable and the same frequency band.

T1 lines in the feeder cable are usually well engineered so that binder groups separate from
those used for POTS are utilized. Statistically, the percentage of T1 lines in the loop plant is
relatively small. Samples of customer T1 private lines are collected from two regional tele-

phone companies.”
Figure 2.9 shows length distribution of these T1 lines. There are about 300 different T1
line configurations for each database. Those lines are located in different geographic areas.
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Considering that only a limited number of T1 private lines have been installed (around
200,000 in the United States), this sample size is statistically significant. Some config-
urations have a number of T1 lines running parallel. Most T1 lines have more than one
repeater.

Figure 2.9 Private T1 Line Length Distribution
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The average T1 line length is 8423 feet, and the median T1 line length is 5383 feet. The
average distance between repeaters is 2491 feet, and the median distance is 2487 feet. The
average T1 signal loss between repeaters is about 18 dB, which is much lower than the 32
dB design requirement. It is also important to note that, on average, the T1 line multiple
number is small; therefore, the number of T1 disturbers will be relatively low.

2.4 Voice Channel Characteristics

A DSL system might need to be designed to coexist with a POTS service on the same
twisted-pair cable, assuming there is only one twisted-pair loop available to some telephone
subscribers. A Frequency Division Multiplex (FDM) scheme is necessary to separate the voice
channel from the spectrum occupied by a DSL system. The understanding of POTS voice
signal level as well as dialing /ring signaling levels is required for the design of a DSL system
that coexists with a POTS. Furthermore, a certain signal-to-noise ratio is to be maintained
for a voice band modem to operate under out-of-band leakage energy from a DSL system.

Voice signals are digitized by line cards of switches at the end COs. The quantization and
aliasing noise generated from the digitization process could be a limiting factor for the opti-
mal performance of a voice band modem. The DSL leakage energy level in the voice band
should be kept below this quantization /aliasing noise floor to minimize DSL-to-voice-band
interference. The digitization process consists of sampling lowpass filter, companding, Ana-
log to Digital Conversion (ADC), and Pulse Code Modulation (PCM). The sampling filter
affects the voice channel frequency response and the amount of aliasing noise. The ADC
generates equalization noise. The companding process distorts the analog voice signal such
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that more digital bits are allocated to a lower magnitude signal. The companding process
effectively enhances the effect of noise.

2.4.1 Companding Methods
The p-law of companding is defined by the following expression:

In(1+ ux)

R =sen() b

Figure 2.10 shows how F, (x) changes as a function of 1. Note that for small x, F,(x) ap-
proaches a linear function, while for large x, F, (x) approaches a logarithmic function.

Figure 2.10 Logarithmic Companding Characteristics
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Although the p-law of companding has found acceptance in the North American and Japa-
nese digital networks, the standard companding law in Europe is the A-law, which is defined
by the following expressions:

1+InA|x| 1
F =son(x)——— —<|x[<£1
A(x) g( ) 1+InA A |x|
Alx| 1
F = — 0<Z|x|s—
a(%) Sgn(x)l+lnA 1% A

Note that for small x, F, (x) is truly logarithmic for |%]>1/4 and truly linear for |x|<1/A.
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2.4.2 Voice Channel Attenuation and Phase Delay

The attenuation and phase delay of a typical voice channel, 3002 line as defined by the tra-
ditional Bell system telephony practice, are shown in Figures 2.11 and 2.12, respectively. In
Figure 2.11, attenuation values between the two dashed lines are considered acceptable. In
Figure 2.12, a phase delay value lower than the dashed line is also considered acceptable.
These characteristics are mainly due to the effects of sampling lowpass filter, Digital to Ana-
log Conversion (DAC) reconstruction lowpass filter, and line coupling transformers connec-
tion subscriber loops to switches. In addition, the voice signal can be attenuated by up to 22
dB due to subscriber loop (0—4 dB), interoffice trunk (6-12 dB), and CO (0-6 dB) losses.

Figure 2.11 Attenuation of a Voice Channel

Figure 2.12 Phase Delay of a Voice Channel
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The signal power in a voice channel can be measured in dBrn, which is defined as the dB
ratio to a reference noise power of 1012 Watt. The voice band signal power is often mea-
sured in dBrnc, which is the same dB ratio as defined for dBrn, but with the inclusion of a
message-waiting filter. A message-waiting filter has the frequency response similar to our
hearing system to de-emphasize energy contribution from lower and higher frequency re-
gions of a 3.3 KHz voice band. For a relatively flat signal, the inclusion of the message-
waiting filter could reduce the power by about 2 dB.

For a good voice channel, the required noise level is about 23 dBrnc, which is about 25
dBrn, to achieve a good quality voice transmission for a voice channel loss of about 10 dB.
Equivalently, the required voice channel noise level is about 25— -90=— 65 dBm, in
which 0 dBrn is equivalent to “90 dBm, which is defined as the dB ratio to a reference noise
power of 10~ Watt. The noise power density level is then the following for a 3 KHz voice
channel:

-65
101og,0[10 10 ;3000J ~—100dBm/ Hz

Regulations limit the total voice channel transmit signal power level to less than -9 dBm.
On the other hand, a mean voltage of about 0.25 volts on a load impedance of 600 ohms
generates a total power of -9.8 dBm. This is equivalent to a flat transmit power density level
of 44 .57 dBm/Hz for a bandwidth of 3 KHz.

2.4.3 Voice Channel Signaling Tones

The voice channel relies on signaling tones to establish a telephone connection. Tone dials
provide address information during dialing; however, tone dial signals might be high in
power. Without proper filtering, tone dial signals could saturate the ADC of a DSL system.
Tone dials contain a dual tone multifrequency (DTMF) signal generator with a four-row by
three-column push-button pad. Each push-button corresponds to two tones in a two-of-
eight scheme.

Figure 2.13 shows the tone frequencies corresponding to each key. The tone frequencies are
chosen in such a way that their harmonics and distortion products will not interfere with
other DTMF, call progress, or signaling tones. The signal levels applied to the loop at the
telephone instrument are 14 to 4 dBm per frequency with a maximum #wist (level difference
between the two tones) of 4 dB.

There are also dial, busy, ringback, and receiver off-hook tones. Parameters of the Precision
Tone Plan tones are summarized in Table 2.1.
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Figure 2.13 The Dual Tone MultiFrequency (DTMF) Scheme
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Table 2.1 Common Call Progress Tone Plans

Tone Level per Voltage per Interruption
Tone Frequency Frequency Frequency Rate
Dial 350+440 Hz -13 dBm 0.17 volts Continuous
Busy tone 480+620 Hz —24 dBm 0.049 volts 60 IPM
Ringback 440+480 Hz -19 dBm 0.087 volts 2 s on and 4 off
Receiver 1400+2060+ —-6to3dBm  0.39-1.09 Continuous
off-hook tone 2450+2600 Hz volts or interrupted

The called telephone is alarmed by a ringing signal. The frequencies normally used for ring-
ing range from 16 Hz to 66 2/3 Hz. They are arranged in relationships and are given such
names as harmonic, decimonic, synchromonic, and single frequency, as shown in Table 2.2.

Table 2.2 Common Ringing Schemes

Ringing Scheme

Frequencies (Hz)

Decimonic
Harmonic
Synchromonic
Single frequency

20, 30, 40, 50, 60
16 2/3,25,331/3,50,66 2/3
16, 30, 42, 54, 66
20 (or any above)
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The ringing voltage applied to the loop by the CO line circuit varies from a nominal 105
volts at 16 Hz to 140 volts at 66 2/3 Hz. The AC ringing signal is also biased by a DC
voltage, usually 48 volts, to enable the CO to detect called party answer by sensing a DC
current. Each telephone ringer presents an AC coupled load of between 5000 and 10000
ohms to the loop. Ring voltage can drop to as low as 40 volts on a long loop with a large
number of ringers attached.

When the call is answered and the telephone set is picked up off the hook, the ringing volt-
age can generate an impulse with an amplitude as high as the peak of the ringing signal.
This impulse could have an amplitude as high as 150 volts. Impulses can also be generated
by a telephone set with a mechanical rotary dialer. A rotary dialer can generate about 10
pulses per second with a peak-to-peak voltage variation of less than 48 volts.

With the general understanding of a telephone subscriber loop and its role in an end-to-end
telephone connection, you are ready to explore in more detail the transmission characteris-
tics of DSL systems. Characteristics of a DSL system transmission channel are related to
loop distance, cable type, background noise, and noise to and from other coexisting sys-
tems. A DSL system is usually engineered with accurate channel and noise models in con-
junction with extensive simulation studies.
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CHAPTER

Twasted-Pair Channel Modeling

The twisted-pair telephone loop transmission channel modeling has played an important
role in the engineering of DSL systems. Following a tradition of ensuring a better than 95
percent rate of success for first time installations, DSL systems have been designed for satis-
factory operations in worst-case transmission conditions.

For channel modeling, worst-case telephone loop configurations are first obtained through
extensive loop surveys. The transmission characteristics of these worst-case loops are then
simulated with channel impulse responses derived from twisted-pair cable primary parame-
ters available through accurate measurements. With accurate channel models, computer
simulation studies can be carried out to understand the transmission performance potential
of the telephone subscriber loop plant under different system assumptions.

With channel models in conjunction with noise models (presented in Chapter 4, “Transceiv-
er Front-End Noise Models”), advanced transceiver architectures and signal processing
algorithms can be tested for the telephone loop plant environment effectively and efficiently.
This chapter explains the basic concepts and techniques of twisted-pair channel modeling, as
follows:

o Primary and secondary parameters of twisted-pair cables. The transmission characteristics
of a twisted-pair cable can be accurately specified by primary parameters as defined for a
distributed equivalent circuit of a transmission line. The secondary parameters have often
been used for performance analysis of ideal transmission lines; however, both primary and
secondary parameters of twisted-pair cables are frequency dependent.

o Tiwwo port network ABCD parameters. ABCD parameters of a two-port network equivalent
circuit can be obtained for a twisted-pair cable from its secondary parameters. To con-
struct accurate channel models for twisted-pair telephone loops, each cable section is
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represented by its ABCD parameters. The ABCD parameters of the twisted-pair tele-
phone loop are then obtained by cascading all cable sections in series. A general purpose
electronic circuit can also be divided into a few two-port networks to simplify required
transmission performance analysis.

» Channel transfer function, insertion loss, and impulse response. The transfer function of a
twisted-pair telephone loop can be calculated from its ABCD parameters. The insertion
loss, which is a slight variation of the transfer function, has been used as the channel
model for DSL system performance simulation studies. The corresponding impulse re-
sponse is used in simulation studies to generate a received signal at the input of a DSL
transceiver.

» Extended twisted-pair primary constants. Some basic twisted-pair cable primary parame-
ters are listed in Tables 3.2, 3.3, and 3.4 at the end of this chapter. The frequency range
of these parameters has been extended from 5 MHz to 20 MHz based on the frequency
relationships of these parameters discussed early in the initial sections of this chapter.

3.1 Primary and Secondary Pavameters of Twisted-Pair
Cables

A specific telephone subscriber loop model can be constructed according to twisted-pair
cable primary constants.»? In general, twisted cable primary constants R, L, and G are vari-
ables of frequency, while shunt capacitance C can be considered as fixed without losing too
much accuracy. Figures 3.1, 3.2, and 3.3 show frequency characteristics of the series resis-
tance R, series inductance L, and shunt conductance G, respectively, for a 26-gauge PIC
cable at the temperature of 70 degrees Fahrenheit.

Figure 3.1 The Series Resistance of the 26-Gauge PIC Cable
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Figure 3.2 The Series Inductance of the 26-Gauge PIC Cable

Figure 3.3 The Shunt Conductance of the 26-Gauge PIC Cable
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Values of these primary constants are expressed in terms of per unit distance. This kind of
description is consistent with the distributed equivalent circuit of a transmission line. Figure
3.4 shows a unit component of such a distributed equivalent circuit. The equivalent circuit
of an ideal transmission line consists of many of these units, with identical and frequency-
independent primary constants, connected in a cascade. A twisted-pair cable can also be
represented with this kind of distributed equivalent circuit, except these primary constants
are frequency dependent.

These primary parameters can be measured directly or indirectly with wide bandwidth and
high precision test equipment; however, some data fitting might be necessary due to the
sensitivity of these measurements. Data fitting can be based on some general frequency
relationships of these primary parameters. The series resistance as represented in Figure 3.1
is approximately proportional to the square root of frequency:

R(f)=a+b\f
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Figure 3.4 The Transmission Line Equivalent Circuit
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The values for a and b are empirically obtained by comparing them with measurements. The
series inductance as represented in Figure 3.2 is approximately proportional to the inverse of
the square root of frequency:

erd
Uf)=er 1

The values for ¢ and d are also empirically obtained. The shunt conductance as represented
in Figure 3.3 is approximately proportional to the frequency. In general, these series resis-
tance, series inductance, and shunt conductance fittings are only valid for a limited frequen-
cy range.

These methods of primary parameter fitting can also be used to estimate twisted-pair cable
parameters at frequencies that exceed existing measurements.? By fitting measurements from
1 MHz to 5 MHz, for example, you can obtain estimated series resistance and inductance
for frequencies up to 20 MHz.

According to these primary constants, you can find twisted-pair cable secondary parameters,
characteristic impedance:

R(f)+sL(f)

%)= G(Hrsc)
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The complex frequency of s=j2nf is introduced for the complex characteristics impedance
and the propagation constant:

¥(s) = (G(f) +sC(f))(R(f)) + SL(f))

As expected, both the characteristic impedance and propagation constant of a loop con-
structed with twisted-wire pairs are functions of frequency.

A loop is perfectly terminated if it is terminated with its characteristic impedance. For a
perfectly terminated loop with length d, the transfer function is given by

H(d,S) = e_dﬂs] = e_da(f]e“fdﬁ(f]

The values are as follows:

¥(s) is a complex function of frequency f.

a(f) and B(f) are both real functions of frequency f.

Figures 3.5 and 3.6 show the real part and the imaginary part, respectively, of the propaga-
tion constant.

Figure 3.5 The Real Part of the Propagation Constant for 26-Gauge PIC Cable

At high frequency, f>250 kHz, the twisted-pair transfer function can be simplified as follows:

H(d,f)= e‘d("l VF+e) o idaf
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The value for d is assumed to be in units of mile, and £ is in units of Hertz.

Figure 3.6 The Imaginary Part of the Propagation Constant for 26-Gauge PIC Cable
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The proportional constants k, and k, can be estimated by minimizing the mean square
fitting error between real parts of the simplified model and a( F ), while k; can be easily
identified by comparing it with the imaginary parts. For real parts, you have

& = (ki +hofi — e (£))

for different frequency points. Taking partial derivatives of the error sum at different fre-
quencies and making them equal to zeros results in the following:

K f+k 3 =§1)f,-°‘5af(ﬁ)

k):f +kzzf =>:fa(f)

Values of k;s for different gauge of twisted pairs are summarized in Table 3.1.

Table 3.1 Parameters for a Simplified Cable Model

Gauge k (x107) k. (x10 k. (x10™)
22 3.0 0.035 4.865
24 3.8 -0.541 4.883
26 4.8 -1.709 4907
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When the channel attenuation or loss is expressed in units of dB, you have*

L(d, f)=-20log, |H(d, f) = %da( f) =8.686dc(f)

The loss value in dB units is proportional to the length of a cable. Supposing that the loss is
20 dB at a particular frequency for a 5 kft loop, the loss would be 30 dB for a 7.5 kft loop
of the same gauge at the same frequency.

3.2 Two-Port Networks and ABCD Parameters

The simplified twisted-pair cable transfer function based on the propagation constant
H(d,f) = ¢ ) HPU) i only good for a single gauge twisted pair with perfect termina-
tions at both ends. A subscriber loop, however, usually consists of many sections of different
gauge, with bridged taps, and terminated with a resistive impedance. The transfer function
of a telephone subscriber loop is not a simple product of transfer functions of these twisted-
pair cable sections because of impedance mismatches. To accurately represent a subscriber
loop channel, the concept of a two-port network and its ABCD parameter representation is
normally used for the analysis of DSL systems.

An electronic circuit usually has an input port and an output port. The function of the
electronic circuit is to produce a desired output signal based on a certain input signal. A
twisted-pair cable section or a twisted-pair telephone subscriber loop also has an input port
and an output port. The function of an electronic circuit or the transfer function of a
twisted-pair telephone loop can be determined according to its input/output current/volt-
age relationships. Figure 3.7 shows the model of a two-port network that can represent an
electronic circuit or a twisted-pair telephone loop.

Figure 3.7 A Standalone Two-Port Network
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V; and [ are input port voltage and current, respectively. V, and I, are output port voltage

and current, respectively. Input port voltage and current and output port voltage and cur-
rent are related by ABCD parameters of the two-port network.

For a standalone two-port network, the input and output voltage and current relationship is
represented as follows:

V,=AV, +BI,
I, =CV, + DI,
or in matrix format as
i)e o]
I, C DJ|I,

in which these ABCD parameters are defined as

A=':;;' 1,=0
Bz% V, =0
c=%|fz=u
D=;—; V=0

ABCD parameters for a simple two-port network consisting of a series impedance, as shown
in Figure 3.8, can be derived as follows:

Vi
A=7112=0=1
2
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V,
B=I_1 y=0=2
2
C=34,0=0
2
I
D_I_l|"’z=0 1

=
™~

<
n

Therefore, the ABCD parameter matrix for a series impedance Z as a two-port network is as
follows:

A B 1 Z

C Dj [0 1
ABCD parameters for another simple two-port network consisting of a shunt impedance, as
shown in Figure 3.9, can be derived as follows:

Vi
A=Vl 12=0=

2

Vi

2

1 1
C==- L=0™ o

v, Z
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p=1
I

2

V,=0" 1

Figure 3.9 A Shunt Impedance as a Two-Port Network

Therefore, the ABCD parameter matrix for a shunt impedance Zis

A B 1 0

e Bl |2 1
ABCD parameters of a twisted-pair cable are complex and frequency dependent, and they
are related to characteristic impedance Z,, (s) and propagation constant ¥ (s), as follows:

A(s) = D(s) = coshy(s)d

B(s) = Z,(s) = sinhy(s)d

C(s)= sinhy(s)d

1
Z(s)

The value for d is the length of the twisted-pair cable.

Many electronic circuits can be divided into a few simpler two-port networks. These simpler
two-port networks are usually connected either in series or in parallel. A twisted-pair tele-
phone loop consists of many twisted-pair cables in series. The use of twisted-pair ABCD
parameters is convenient because each section of a twisted-pair subscriber loop can be de-
scribed by its own ABCD parameters, and the ABCD parameters of the whole subscriber
loop are the matrix product of individual ABCD matrices.
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3.2.1 Two-Port Networks in Series

You can obtain the ABCD parameters of two two-port networks in series by equating the
voltage and current of the first two-port network to that of the following network, as shown
in Figure 3.10, and deriving the relationship between input voltage and current of the first
two-port network to output voltage and current of the following network.

Figure 3.10 Two Two-Port Networks in Series

— —_— ———> —
TV‘ N1 Vs T Vg N2 Vg T

For two two-port networks in series, the input and output voltage and current relationship
is represented as follows:

B IV,
G D1
v]_[4 BT
L] |G DL
and
W_[4 BT4 B%
L] |G DJG D|h
Therefore, the ABCD parameter matrix for two two-port networks in series is
A B a A B A B B AA,+BC, AB,+BD,
c p| |¢ DJc D,| |CA+DC, CB,+DD,

3.2.2 Two-Port Networks in Parallel

You can obtain the ABCD parameters of two two-port networks in parallel by equating the
input and output voltages of the two-port networks, as shown in Figure 3.11, and deriving

::::

Il
e
>
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the relationship between the input voltage and combined input current, as well as between
the output voltage and combined output current of these two two-port networks.

Figure 3.11 Two Two-Port Networks in Parallel
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Voltage and current relationships of two two-port networks in parallel are represented as

MEEH A
MY

I =1,+I",
L=T,+I",
Combining
Vi=AV,+BTI,
and
Vi=AV,+B1

results in the following;:

V - Ale +A2'Bl V. + BIBZ

I
' B+B, ' B+B°
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You also have

1,=(C,+GC,)V,+ DI, +D,I",
which can be expressed as

B,I, = B,(C, + G,)V, + D,(A, — A,)V, +(B,D, + B,D))I,
or

BI,=B(C +GC,)V,+D,(A, - A)V, +(BD, +B,D,)I",
by using

AV,+BI,=AV,+BI",
Combining these two expressions together results in the following:

_ (Bl il Bz)(cl + Cz) + (Dl = Dz)(Az _Al) B.D, + B,D,
I, = Vot L
B + B, B +B,

Therefore, the ABCD parameter matrix for two two-port networks in parallel is

A B] 1 AB, +BA, BB,
[C D]_Bl+Bz[(Bl+Bz)(Cl+C2)—(A1—A2)(D1—D2) BID2+D,BJ

The special case of two identical two-port networks in parallel is represented as

A=A

B
BP=5
¢, =2C
D =D
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in which A, B, C, and D are the ABCD parameters of each individual two-port network, and
A,, B,, C,, and D, are ABCD parameters of two two-port networks in parallel.

3.3 Channel Transfer Function and Impulse Response

The ABCD matrix information of a twisted-pair telephone loop can be easily converted into
its input impedance or cable transfer function. Corresponding calculations can be put into a
computer program® to generate channel models in conjunction with a few tables of twisted-
pair cable primary parameters. The input impedance of a twisted-pair loop with a terminal
impedance of Z,(s) is expressed as

A(s)+ ‘ZB((?)
Z(s)= —D(s)
C(s)+ Z_(sn‘j

in which A(s), B(s), C(s), and D(s) are complex frequency dependent ABCD parameters of a
twisted-pair telephone loop. When the other end of the twisted-pair loop is left open, you
have the following:

z,( )=%

This is also the impedance of a bridged tap. A bridged tap can be considered as a two-port
network with only a shunt impedance. Therefore, the ABCD parameters of a bridged tap
are as follows:

1 0
Cbﬁdge(s) 1
Abridge (S)
The values A,,,.(s) and D, . (s) are parts of frequency-dependent ABCD parameters of the

section of twisted-pair cable connected as a bridged tap.

The transfer function of a twisted-pair loop with a source impedance of Z,(s) and a terminal
impedance of Z(s) is
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Z(s)
Z,(s)(C(5)Z,(s)+ D(s)) + A(s)Z,(s) + B(s)

H(s)=

When the effect of source impedance is excluded, that is Z(s)=0, you have the following:

1
A= B
A(s)+ Z)

Following earlier practices of the Bell SystemS, the insertion loss, which is defined as

Z(s)+Z(s)
Z,(s)(C(s)Z,(s)+ D(s)) + A(s)Z,(s) + B(s)

Hms(*") =

has been used as the channel model for DSL system performance simulation studies.” The
use of insertion loss avoids the signal loss caused by the voltage division between source and
loop input impedance while still including the effect of the source impedance or the voltage
division between source and termination impedance when the loop is very short. For an
example of a zero length or null loop, that is, for

A B B 1 0
c D| |0 1
the transfer function is

___Z(s)
Hiz)= Z.(s)+ Z(s)

while the insertion loss is

Z(©)+7(s) _,

H,ys(s) = Z.(s)+Z(s) =

Figures 3.12 and 3.13 show real and imaginary parts, respectively, of the input impedance
for the 9 kft 26-gauge twisted-pair loop with a terminal resistance of 100 ohm.
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_Figure 3.12 The Real Part of the Input Impedance of the 9 kft 26-Gauge Twisted-Pair Loop
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Figure 3.13 The Imaginary Part of the Input Impedance of the 9 kft 26-Gauge Twisted-Pair
Loop
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Figure 3.14 shows the magnitude of the input impedance for the 9kft 26-gauge twisted-pair
loop with a terminal resistance of 100 ohms.

Figure 3.14 The Input Impedance of the 9 kft 26-Gauge Twisted-Pair Loop
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Figures 3.15 and 3.16 show the magnitude and phase, respectively, of the insertion loss for
the 9 kft 26-gauge twisted-pair loop.

 Figure 3.15 The Magnitude of the Insertion Loss for the 9 kft 26-Gauge Loop
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_ Figure 3.16 The Phase of the Insertion Loss for the 9 kft 26-Gauge Loop

{l
B
i_}ll\l\“l\}ll\} |

Fraquancy (Hz) 10"

Figure 3.17 shows the corresponding impulse response of the 9kft 26-gauge twisted-pair
loop.

Figure 3.17 The Impulse Response of the 9 kft 26-Gauge Loop
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Figure 3.18 shows the configuration of a twisted-pair subscriber loop with bridged taps.
Figure 3.18 The Configuration of a Subscriber Loop with Bridged Taps
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Figure 3.19 shows the magnitude of the input impedance at both ends of the loop.
Figure 3.19 The Input Impedance of a Twisted-Pair Loop with Bridged Taps
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Figure 3.20 shows the magnitude of the transfer function for the loop in both directions.

Figure 3.20 The Transfer Function of a Twisted-Pair Loop with Bridged Taps
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The input impedance is different at each end of a twisted-pair loop with bridged taps, while
the insertion loss for the same twisted-pair loop with bridged taps and the same source and
terminal impedance are the same in different directions. This can be explained as follows:
The ABCD parameters of a two-port network at the reverse direction are related to those of
the same two-port network at the forward direction as

Ar Br - Df Bf
c Dl |G S

Therefore the input impedance of a twisted-pair telephone loop at the reverse direction is

LLBO) o, B LB
Z,,-(S)=A() Z(s) _ D()+Z()¢Zﬁ(S)=Af() Z(s)
C (s)+ 2 cf(s)+A—() c,(s)+ )

Z,(s) Z(s

The input impedance at different ends are different because A(s) Dfs) for twisted-pair tele-
phone loops with random bridged taps. On the other hand, the insertion loss at the reverse
direction of a twisted-pair telephone loop with bridged taps and the same source and termi-
nal impedance, Z(s), is:

22(s) 2Z(s)
C,(s)Z*(s)+(D,(s)+ A,(5))Z(s) + B, (5) C ' (8)Z2(s) + (A, (s) + D, ())Z(s) + B, (s)

Hms, (s)= = Hys ()

The insertion loss at different directions of a twisted-pair telephone loop with random
bridged taps could be the same as long as source and terminal impedance are the same.

3.4 Extended Twisted-Pair Primary Constants

Tables 3.2, 3.3, and 3.4 list the frequency-dependent primary parameters for 22-gauge, 24-
gauge, and 26-gauge PIC twisted-pair cables, respectively, at a temperature of 70° F. More
detailed data can be found in DSL standard documents that are cited in Chapter 1, “Intro-
duction,” as well as the references at the end of this chapter.

Parameters are listed in the following tables with a log frequency scale. Some data fitting is
necessary when using these tables to construct channel models. Primary parameters have
been extended from 5 MHz to 20 MHz according to frequency relationships discussed in
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section 3.1, “Primary and Secondary Parameters of Twisted-Pair Cables,” earlier in this
chapter. The use of different fitting methods could cause some small discrepancies in the
resulting channel models.

Table 3.2 22-Gauge PIC Cable at 70 Degrees F

G C

Frequency R L (u-Mho/ (uF/

(Hz) (ohm/Mile) (mH/Mile) Mile) Mile)
1 174.27 0.9861 0.000 0.083
5 174.27 0.9861 0.001 0.083
10 174.27 0.9861 0.001 0.083
15 174.27 0.9861 0.001 0.083
20 174.27 0.9861 0.002 0.083
30 174.27 0.9861 0.003 0.083
50 174.27 0.9861 0.005 0.083
70 174.27 0.9861 0.006 0.083
100 174.27 0.9861 0.009 0.083
150 174.27 0.9860 0.013 0.083
200 174.27 0.986 0.017 0.083
300 174.28 0.9860 0.024 0.083
500 174.29 0.9858 0.040 0.083
700 174.29 0.9857 0.054 0.083
1000 174.31 0.9856 0.076 0.083
1500 174.34 0.9853 0.110 0.083
2000 174.37 0.9850 0.145 0.083
3000 174.44 0.9844 0.211 0.083
5000 174.62 0.9833 0.341 0.083
7000 174.83 0.9821 0.467 0.083
10000 175.22 0.9804 0.652 0.083
15000 176.06 0.9778 0.954 0.083
20000 17711 0.9744 1.248 0.083
30000 179.86 0.9672 1.824 0.083
50000 187.64 0.9491 2.943 0.083
70000 197.71 0.9372 4.032 0.083
100000 215.55 0.9237 5.630 0.083
150000 247 .57 0.9055 8.229 0.083
200000 27795 0.8898 10.772 0.083
300000 333.39 0.8642 15.744 0.083
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G C

Frequency R L (u-Mho/ (puF/

(Hz) (ohm/Mile) (mH/Mile) Mile) Mile)
500000 421.57 0.8309 25.396 0.083
700000 493.24 0.8123 34.796 0.083
1000000 583.59 0.7950 48.587 0.083
1500000 707.91 0.7783 71.014 0.083
2000000 812.72 0.7681 92.958 0.083
3000000 988.53 0.7557 135.865 0.083
5000000 1267.31 0.7429 219.158 0.083
7000000 1493.93 0.7367 300.284 0.083
10000000 1779.64 0.7309 419.297 0.083
15000000 2172.76 0.7254 612.834 0.083
20000000 2504.18 0.7222 802.205 0.083

Table 3.3 24-Gauge PIC Cable at 70 Degrees F
G C

Frequency R L (p—Mho/ (uF/

(Hz) (ohm/Mile) (mH/Mile) Mile) Mile)
1 277.19 0.9861 0.000 0.083
5 277.19 0.9861 0.001 0.083
10 277.19 0.9861 0.002 0.083
15 277.19 0.9861 0.003 0.083
20 277.19 0.9861 0.004 0.083
30 277.19 0.9861 0.005 0.083
50 277.19 0.9861 0.008 0.083
70 277.19 0.9861 0.011 0.083
100 277.19 0.9861 0.016 0.083
150 277.20 0.9860 0.022 0.083
200 277.20 0.9860 0.028 0.083
300 277.20 0.9860 0.040 0.083
500 277.21 0.9859 0.063 0.083
700 277.22 0.9858 0.084 0.083
1000 277.23 0.9857 0.115 0.083
1500 277.25 0.9854 0.164 0.083
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Table 3.3 Continued

G C

Frequency R L (u-Mho/ (uF/

(H2) (ohm/Mile) (mH/Mile) Mile) Mile)
2000 277.28 0.9852 0.210 0.083
3000 277.34 0.9848 0.299 0.083
5000 277 .48 0.9839 0.466 0.083
7000 277.66 0.9829 0.625 0.083
10000 277.96 0.9816 0.853 0.083
15000 278.58 0.9793 1.213 0.083
20000 279.35 0.9770 1.558 0.083
30000 281.30 0.9723 2.217 0.083
50000 286.82 0.9577 3.458 0.083
70000 294.29 0.9464 4.634 0.083
100000 308.41 0.9347 6.320 0.083
150000 337.22 0.9204 8.993 0.083
200000 369.03 0.9087 11.550 0.083
300000 431.55 0.8885 16.436 0.083
500000 541.69 0.8570 25.633 0.083
700000 632.08 0.8350 34.351 0.083
1000000 746.04 0.8146 46.849 0.083
1500000 902.84 0.7947 66.665 0.083
2000000 1035.03 0.7825 85.624 0.083
3000000 1256.77 0.7676 121.841 0.083
5000000 1608.38 0.7523 190.021 0.083
7000000 1894.20 0. 7449 254.644 0.083
10000000 2254.56 0.7380 347.294 0.083
15000000 2750.38 0.7314 494.193 0.083
20000000 3168.38 0.7275 634.737 0.083

Table 3.4 26-Gauge PIC Cable at 70 Degrees F
G C

Frequency R L (u—Mho/ (uF/

(H2) (ohm/Mile) (mH/Mile) Mile) Mile)
1 440.75 0.9861 0.000 0.083
5 440.75 0.9861 0.001 0.083
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Frequency R L (u1-Mho/ (uF/

(Hz) (ohm/Mile) (mH/Mile) Mile) Mile)
10 440.75 0.9861 0.002 0.083
15 440.76 0.9861 0.003 0.083
20 440.76 0.9861 0.004 0.083
30 440.76 0.9861 0.005 0.083
50 440.76 0.9861 0.008 0.083
70 440.76 0.9861 0.011 0.083
100 440.76 0.9861 0.016 0.083
150 440.76 0.9861 0.022 0.083
200 440.76 0.9860 0.028 0.083
300 440.76 0.9860 0.040 0.083
500 440.77 0.9859 0.063 0.083
700 440.78 0.9859 0.084 0.083
1000 440.79 0.9858 0.115 0.083
1500 440.81 0.9856 0.164 0.083
2000 440.83 0.9854 0.210 0.083
3000 440.88 0.9850 0.299 0.083
5000 441.01 0.9843 0.466 0.083
7000 441.15 0.9836 0.625 0.083
10000 441.39 0.9825 0.853 0.083
15000 441.87 0.9907 1.213 0.083
20000 442 .45 0.9789 1.558 0.083
30000 443.88 0.9753 2217 0.083
50000 447 .81 0.9660 3.458 0.083
70000 453.09 0.9546 4.634 0.083
100000 463.39 0.9432 6.320 0.083
150000 485.80 0.9306 8.993 0.083
200000 513.04 0.9212 11.550 0.083
300000 575.17 0.9062 16.436 0.083
500000 699.61 0.8816 25.633 0.083
700000 812.95 0.8614 34.351 0.083
1000000 956.65 0.8381 46.849 0.083
1500000 1154.38 0.8146 66.665 0.083
2000000 1321.07 0.8001 85.624 0.083
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Table 3.4 Continued

G C

Frequency R L (p—Mho/ (uF/

(Hz) (ohm/Mile) (mH/Mile) Mile) Mile)
3000000 1600.68 0.7823 121.841 0.083
5000000 1267.31 0.7638 190.021 0.083
7000000 2044.07 0.7552 254.643 0.083
10000000 2858.90 0.7469 347.294 0.083
15000000 3484.14 0.7391 494.193 0.083
20000000 4011.24 0.7344 634.737 0.083

End Notes

1. “Some Transmission Characteristics of Telephone Cables Used in the Loop Plant,” IBM
T1D1 Contribution, T1D1.3/86-003 (January 24, 1986).

2. “ISDN Basic Access Digital Subscriber Lines,” Bellcore Technical Reference, TR-TSY-
000393, Issue 1 (May 1988).

3. W. Y. Chen, “Twisted-Pair Channel Models for VDSL,” Texas Instruments T1E! Contri-
bution, TIE1.4/96-134 (April 9, 1996).

4. J.J. Werner, “The HDSL Environment,” IEEE JSAC, vol. 9, no. 6 (August 1991):
785-800.

5. D.G. Messerschmitt, “A Transmission Line Simulator Written in C,” IEEE Transcript on
Selected Areas in Communications (January 1984).

6. Transmission Systems for Communications, Fifth Edition (Bell Telephone Laboratories,
1982): 267.

7. “A Technical Report on High-Bit-Rate Digital Subscriber Lines (HDS),” Texas Instru-
ments TIE1 Contribution, T1E1.4/96-006, Working Draft (April 22, 1996).
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CHAPTEHR

Transceiver Front-End Noise Models

Noise is the combination of irrelevant signals coming from intelligent sources, such as other
transmission systems, and non-intelligent sources, such as a microwave oven. When the
noise occurs in the frequency band of communication interest, the strength of the noise
could affect the quality of communication.

In a busy restaurant, for example, conversation is difficult without raising your voice because
the noise floor has been raised significantly by other loud conversations. On the other hand,
casual conversation is discouraged in a movie theater to keep the quality of the sound high.
For telecommunication, the combination of a high signal level and a low noise level could
result in an effective transmission system.

For a DSL system, the strength of a received signal is determined by the strength of the
signal from the corresponding transmitter and the attenuation of the telephone subscriber
loop. The effectiveness of the received signal, however, is judged relative to the noise level
at the front end of a DSL transceiver. Besides the limitation of a transceiver hardware noise
floor, there are three types of noise that affect the performance of a DSL system:

e Crosstalk noise. Crosstalk noise comes from adjacent telephone subscriber loops of the
same or different types of transmission systems. This can also be divided as Near End
Crosstalk (NEXT) and Far End Crosstalk (FEXT) noises. The effect of crosstalk noise is
similar to conversation in a noisy restaurant in that raising your voice (transmit signal
strength) alone sometimes cannot make the communication any better because others are
doing the same.

o Impulse noise. Impulse noises are random impulses with magnitudes that are so high that
their presence can be associated with receiver detection errors. The impulse noise can be
from poor quality CO switching equipment or household electronics, such as a light
dimmer.
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® Background noise. Background noise exists in the telephone loop plant at a level that is a
little stronger than the thermal or semiconductor noise level. This background noise can
be caused by the combination of the background radio noise and noise generated by
electrical and electronic devices and picked up by the telephone loop plant for its great
exposure. Radio noises related to specific sources, such as AM medium and short wave
radio stations, are discussed later in Chapter 15, “VDSL (Very-High-Bit-Rate Digital
Subscriber Lines).”

The severity of a particular noise can be measured from its power level or its power density
level. The magnitude of background noise can be in the range of 10 to 30 of micro-volts.
The noise power is usually expressed in units of #4Bm, which is defined as follows:

2 ¥

v v
T T L VS S
P=10xlog,, o= =10x1og, 1000 001

m

The value for v is the average voltage of the noise, R=100 is the receiver input impedance,
and P,=0.001 is the reference of one milli-Watt.

The noise power density is usually expressed in units of 4Bm/Hz, which is defined as
follows:

2 2
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The value for B is the bandwidth of noise or of particular interest in unit of Hertz. For an
example, the background noise power density is about —140 dBm/Hz while the receiver
front-end electronics thermal noise power density could be lower than —150 4Bwm/Hz.

4.1 Crosstalk Noise

As discussed in Chapter 3, “Twisted-Pair Channel Modeling,” telephone subscriber loops
are organized in binder groups of 10, 25, or 50 pairs. Many binder groups share a common
physical and electrical shield in a cable. Due to capacitive and inductive coupling, there is
crosstalk between each twisted pair even though pairs are well insulated at DC. The effect of
crosstalk is minimized by adapting different twist distances among different pairs in a binder
group. Binder groups are also twisted such that no two groups are adjacent for long runs.
For DSL systems, in which the signal bandwidth is well beyond the voice frequency, the
crosstalk could become a limiting factor to the achievable transmission throughput.
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In addition to Near End Crosstalk (NEXT) and Far End Crosstalk (FEXT) noises, described
in the list at the beginning of this chapter, there is also self crosstalk, which is initiated from
adjacent transmitters of the same type of DSL system. Further, there is foreign crosstalk,
which is initiated from other DSL or twisted-pair systems.

The severity of crosstalk could be related to the system installation scale, that is, the total
number of disturbers in the same twisted pair cable. Crosstalk coupling loss models have
been developed for NEXT and FEXT with the consideration of different number of disturb-
ers. These crosstalk coupling loss models are based on twisted pairs within the same cable of
significant length, usually longer than 1 kilofeet. The effect of crosstalk could be different if
only a portion of twisted pairs are within the same cable.

4.1.1 NEXT Coupling Configurations

NEXT is defined as the crosstalk effect between a receiving path and a transmitting path of
DSL transceivers at the same end of two different subscriber loops within the same twisted-
pair cable. The NEXT noise at the receiver front end of a particular DSL transceiver is
caused by signals transmitted by other transceivers at the same end of the twisted cable.
Specifically, a near-end transceiver ¢ would experience NEXT noise from the near-end trans-
ceiver 7 if the two transceivers share the same frequency spectrum within the same twisted-
pair cable, as indicated by Figure 4.1.

Figure 4.1 The Principles of NEXT

Signal
source Disturbing, near end Cable
A -
@ Pair j Termination

NEXT

Pair i

-

Disturbed, near end

Self-NEXT is defined as NEXT caused by other transceivers of the same type. Self-NEXT
has been considered a limiting factor for the transmission performance of DSL and HDSL
systems when transmissions in opposite directions occupy the same spectrum, and the sepa-
ration of transmitted and received signals is achieved through adaptive echo cancellation.
Foreign-NEXT is defined as NEXT caused by other transceivers of different types. Trans-
ceivers of other types could have different transmission spectrums and different signal trans-
mission levels. ADSL can experience foreign-NEXT from HDSL, and vice versa.
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4.1.2 FEXT Coupling Configurations

FEXT is defined as the crosstalk effect between a receiving path and a transmitting path of
DSL transceivers at opposite ends of two different subscriber loops within the same twisted-
pair cable. The FEXT noise at the receiver front end of a particular DSL transceiver is
caused by signals transmitted by other transceivers at the opposite end of the twisted cable.
Specifically, a near-end transceiver 7 would experience FEXT noise from the far-end trans-
ceiver j if they share the same frequency spectrum within the same twisted-pair cable, as
indicated by Figure 4.2.

Figure 4.2 The Principles of FEXT
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There is also self-FEXT from the same types of transceivers and foreign-FEXT from different
types of transceivers. The effect of self-NEXT might dominate that of self-FEXT when both
exist for such systems as DSL and HDSL. There is always self-FEXT unless all transceivers
are synchronized and sending the same data sequence.

When self-NEXT is absent (through the arrangement of Frequency Division Multiplex
(FDM) systems between transmissions in opposite directions, for example), the effect of
self-FEXT could dominate that of background noise in certain frequency regions. For an
FDM system, such as ADSL, the dominant noise component could be different at different
frequency regions. It could be self-FEXT, foreign-NEXT, or background noises.

4.1.3 Distribution of Crosstalk Coupling Losses

The coupling mechanism of crosstalk has been studied since the early 1900s. It was discov-
ered that the crosstalk is mainly due to the unbalance of coupling capacitance of a twisted-
pair cable. The effect of NEXT was seriously considered during the system engineering of
the T1 system.? FEXT was also considered during T1 transmission engineering efforts but
was classified as a minor factor compared with NEXT.

The study of transmission issues related to T1 systems established a first step in dealing with
NEXT modeling for simulations. The study not only tried to model NEXT loss with mean
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and standard deviation, but also initiated the use of 1 percent worst-case NEXT value for
overall system requirements. The reason is that people were expecting better than 95 per-
cent satisfactory T1 service at an error ratio of less than 10-°,

Note

The 95 percent satisfactory service rate for initial installation without the involvement
of technicians for field visits has been a common industry practice to keep the cost of
providing telecommunication service in control.

The use of the 1 percent worst case for transmission engineering would allow multiple spans
of T1 systems in an end-to-end service connection and also provide room for some unfore-
seen impairments.

Crosstalk loss is defined as the attenuation for a disturbing signal to pass through the cou-
pling mechanism arriving at a disturbed receiver. There are different crosstalk losses for
NEXT and FEXT. Crosstalk losses from one pair to another pair are different for different
pair-to-pair combinations. The crosstalk loss values can differ by up to 40 dB at a single
frequency and have a nearly Gaussian distribution.3* Figure 4.3 shows the distribution of
NEXT loss at a frequency of 1 KHz.

Figure 4.3 The Distribution of NEXT and FEXT Losses
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The 1 percent worst-case crosstalk loss shown at the bottom of the graph in Figure 4.3 is
about 40 dB less than that of the 99 percent case. There are only 1 percent crosstalk losses
with values that are lower than that of the 1 percent worst case.

There are lots of measurements and calculations involved in the statistical analysis of
crosstalk losses, even for a single frequency. There could be 1,225 different NEXT values at
a particular frequency for a 50-pair binder group, assuming the pair-to-pair NEXT is sym-
metrical. The measured NEXT losses can be approximated with a gamma or a truncated
Normal distribution on log scale.

The truncated Normal distribution has a better physical meaning because the number of
NEXT pairs is limited. In practice, you might be concerned about NEXT from more than
one disturber, in which case you need to calculate a power sum for multiple disturbers. In a
50-pair group, you have 50, 3.16x10'5, and 4.1x10"! different power sum NEXT values for
49 disturbers, 24 disturbers, and 10 disturbers, respectively. The computation of power
sums for 24 and 10 disturbers is usually carried out by a computer because of the large
number of calculations required.

4.1.4 The Unger NEXT and Simplified NEXT/FEXT Models

Because of the work load, measurements of NEXT have only been made for a few particular
frequencies. A NEXT model that covers a broad frequency range was necessary for the study
of DSL transmission performance. J.H.W. Unger of Bellcore constructed a distributed,
cross-coupling computer program with many simulated twisted pairs to model the crosstalk
process based on the unbalanced-coupling capacitance principle. The coupling capacitance
parameters were calibrated by comparing simulated results with real measurements at avail-
able frequencies. The NEXT effect was then simulated for the broad range of frequencies.
These simulated results also represented the effect of a different number of disturbers.

Simulation results were summarized as the Unger 1985 model illustrated in Figure 4.4.5
This Unger model was developed based on a 50-pair 18 kft. 22-Gauge PIC cable terminat-
ed with characteristic impedance at both ends for the 1 percent worst-case NEXT. The Un-
ger model is very close to that used by an earlier study.¢

The piece-wise linear (log-log scale) Unger NEXT model has loss values of 57 dB, 61 dB,
and 67 dB for 49 disturbers, 10 disturbers, and 1 disturber, respectively, at a frequency of
80 KHz. A simplified 49 disturber NEXT model, which has 57 dB of loss at 80 KHz and a
linear (log-log scale) slope of -15 dB/decade, has also been used and can be expressed as

1 3
NEXTo = T3axi0®!
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Figure 4.4 Unger NEXT Model
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The value fis in units of Hertz, and the NEXT 49 value is a unit-less ratio, which can be
expressed in dB by taking the base 10 Log of the NEXT 49 ratio and then multiplying it
by 10.

This simplified NEXT model can also be generalized for N disturbers as

N \06 1 3
Nk =l | ——= g2
¥ (49) e ]

Notice that the loss difference between 1 disturber and 49 disturbers is about 10 dB. You
can assume this general scaling factor is due to the physical arrangement of twisted pairs
under the 1 percent worst-case condition. In other words, when you are dealing with 1
percent worst case, you are only interested in the disturbing pairs that are closest to the
disturbed pair. Therefore, the additional group of disturbing pairs causes less disturbances
because it is further away from the original group of disturbing pairs.

This leads to a generalized expression dealing with multiple disturber groups.” Assuming
that N/is the number of disturbers for the first dominant disturbing pair group and N?is
the number of disturbers for the second disturbing pair group, you have the following for-
mulation:

Page 85 of 665



66 | PART I Fundamentals: Transmission Environment and Signal Processing

0.6 3
NEXTM = (&) 1 e F*

49) 1.134x1
0.6 3
NEXT,, = N, +N, 1 -
49N, 1.134x10

In other words, two groups of disturbers that have different disturbing signal spectra should
use two slightly different NEXT models to take into account the physical structure of the
twisted-pair cable. This relationship between different types of disturber groups is consistent
with the measurements.?

A simplified 49 disturber FEXT loss model can be expressed as

FEXT, = kdf*|H(f)[

The values are as follows:

® k=8 x 10% is empirically derived from the FEXT measurements.
¢ dis the loop length in feet.

* fis the frequency in Hz.

o H(f) is the transfer function of the loop.

Due to the similarity between NEXT and FEXT distribution, the same power sum scale for
NEXT can also be applied to FEXT, in which case you have the following:

rext, =20 "

These NEXT /FEXT models can be used in conjunction with the transmit signal power
density to obtain crosstalk noise power density at the front end of a DSL receiver. For exam-
ple, the NEXT power density at the front end of a DSL receiver can be expressed as

B s
PSDyer(f) = S(f)NEXT, (f) = (4_1‘;) %

Page 86 of 665



CHAPTER 4 Transceiver Front-End Noise Models 67

The value S(f) is the power density of the transmit signal.
The FEXT power density at the front end of a DSL receiver can be expressed as

N

These 1 percent worst-case NEXT models have been based on the exact collocation of
transmitters and receivers. This is generally true for transceivers located at a CO, but not for
transceivers at customer premises. At the subscriber end, transceivers are very likely to be
distributed at different customer premises apart from each other. In addition, the colloca-
tion assumption might not be true when considering NEXT or FEXT from other digital
systems, such as T1 lines. Up to 5.5 dB of additional loss has been considered for the T1
NEXT by other studies.®1?

4.2 Impulse Noise

Unlike crosstalk noise—whose cause can be identified—the origin of impulse noise is more
difficult to locate. Impulse noise could come directly through some connections to the tele-
phone subscriber loop or come from the influence of an electromagnetic field.

Impulse noise is characterized as a random pulse waveform whose amplitude is much higher
compared with the Gaussian-like background noise. According to some survey results, the
amplitude of impulse noise is usually between 5 and 20 mV, and the frequency of impulses
is between 1 and 5 per minute.!* Also, the duration of the impulse waveform lasts from 30
to 150 microseconds. It was believed that impulse energy was concentrated at below 40
KHz; however, this might be caused by the bandwidth of impulse measuring equipment.

Characteristics of impulse noise could be quite different at other locations.?13 It has been a
continuous effort to better understand the characteristics and effects of the impulse noise
during the development of many DSL systems. Impulse noise is a major impairment for
ADSL, especially due to the heavy ADSL subscriber loop loss. According to a Bellcore
study, a majority of impulses would cause a receiver detection error, compared with the very
weak received ADSL signal.

A NYNEX impulse noise study shows that impulse noises with amplitudes between 10 and
40 mV occur at about 10 times per minute on average.'%!5 A Deutsche Bundespost impulse
noise study exposed that impulse noises were somehow related to daily activities (see Figure
4.5).16
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Figure 4.5 Frequency of Impulses During a Day
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The Deutsche Bundespost impulse noise study also indicated that the probability density
function of the amplitude u of impulse noise can be approximated by

over an amplitude range of 5 to 40 mV, in which u,=5 mV. Thus, the probability that the
magnitude of the amplitude u exceeds some value u, is described as follows:

P(l>u,)= {ﬁ]z

This hyperbolic distribution model is derived from impulse measurements, as expressed in
Figure 4.6.
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Impulse Noise Amplitude Distribution
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It was also suggested by the Deutsche Bundespost impulse noise study that above 40 mV,
the amplitude probability distribution is modeled by

P(|u| > u,) = %

t

in which #,=0.625 mV.

Two impulse noise wave forms have been suggested by Bellcore for an ADSL impulse noise
performance test, as shown in Figures 4.7 and 4.8.17 The impulse noise waveform #1 has

more high frequency components compared with the impulse noise waveform #2. Both are
real impulse waveforms collected from a field impulse noise survey.
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Figure 4.7 Test Impulse Noise Waveform #1
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Figure 4.8 Test Impulse Noise Waveform #2
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Amplitudes of the waveforms depicted in Figures 4.7 and 4.8 are normalized and adjusted
during a test to see the threshold at which these waveforms can cause error. The threshold
can then be converted to the estimated probability that a second will be erred, as follows:

E=0.0037P(u>u, )+0.0208P(u>u,, )

The value u,, = 25 mV, and the value u,, = 40 mV.28

While crosstalk and background noises impose a limit on transmission throughput over the
twisted-pair telephone subscriber loop, the error caused by impulse noise can be corrected
with forward error correction codes. The required error correction coding overhead could
reduce the transmission throughput a little.
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4.3 Background and Receiver Front-End Thevmal Noise

By avoiding the effect of NEXT and FEXT, the loop plant noise level or the receiver front-
end noise level becomes a limiting factor for the performance of a DSL system. During the
standardization process of Asymmetrical Digital Subscriber Lines (ADSL), Bellcore con-
ducted a background noise survey at two New Jersey locations. Table 4.1 summarizes the
average background noise power density levels for three frequency bands.

Table 4.1 Residential Background Power Density Level (dBm/Hz)

Location 8-100 KHz 100-500 KHz 500 KHz-2MHz
1 -150 -148 -133
2 -136 -153 -146

The analysis of transmission performance over the twisted-pair telephone subscriber loop
has been based on the assumption of a received signal over a Gaussian noise. The probability
density of the background noise is very close, but not a Gaussian distribution. The histo-
grams of the background noise are very similar to Gaussian density, except that they have
short tails. Therefore, the Gaussian noise assumption is still valid.

Based on results from the Bellcore noise survey, the background noise level for the twisted-
pair telephone loop plant has been assumed to be ~140 dBm/Hz. This assumed that the
loop plant background noise level is higher than the thermal noise of a receiver front-end
electronic circuit. On the other hand, the circuit noise can easily exceed the -140 dBm/Hz
background noise level if the proper design and implementation techniques have not been
applied.

The receiver front-end noise level can be made close to that defined by the thermal noise
and the noise figure of the first analog amplifier—assuming the interference from the trans-
ceiver electronic circuits can be avoided by a good hardware design. For the thermal noise,
you have the following formulation:

v2, = kTR Af
Assuming that input and output are both matched to source resistance R 1 for
k=137x10"23, T =290°K, and Af =1MHz, you have the thermal noise power
2

ns _ _65dBmV
R

5
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as compared to the 0 dBmV defined by the power of 1 millivolts on a 75 ohms impedance.
This is corresponding to a noise power density of -174 dBm/Hz. The received signal level
becomes strong enough for analog-to-digital conversion at the output of the receiver ampli-
fier. The noise power at the output of the receiver amplifier is the sum of the thermal noise,
the amplifier gain, and the amplifier noise figure, ranging from 3 to 7 dB in dB units. In
other words, the equivalent receiver front-end noise power density level can be made as low
as about -160 dBm/Hz.

End Notes

1. S. H. Lin, “Statistical Behavior of Multipair Crosstalk,” Bell Systems Technical Journal,
vol. 59, no. 6 (July/August 1980): 955-974.

2. S. H. Lin, “Statistical Behavior of Crosstalk Power Sum with Dominant Components,”
Bell Systems Technical Journal, vol. 60, no. 7 (September 1981): 1363-1374.

3. J. H. W. Unger, “Near-End Crosstalk Model for Line Code Studies,” Bellcore T1D1
Contribution, T1D1.3 /85-244 (November 12, 1985).

4. S. V. Ahamed, P. P. Bohn, and N. L. Gottfried, “A Tutorial on Two-Wire Digital Trans-
mission in the Loop Plant,” IEEE Trans. Commun., vol. COM-29, no. 11 (November
1981): 1554-1564.

5. This relationship was first suggested by a personal note from J. Bingham of Amati in the
middle of 1993.

6. M. Elder and W. Y. Chen, “Effects of NEXT and FEXT in the Same Cable,” BNR and
Bellcore Joint TIE1 Contribution, T1E1.4/93-220 (August 1993).

7. J. Bingham and W. Y. Chen, “NEXT from T1 to ADSL and Vice Versa,” Amati and
Bellcore Joint Contribution, TIE1.4/93-178 (August 1993).

8. W. Y. Chen and D. L. Waring, “Applicability of ADSL to Support Video Dial Tone in the
Copper Loop,” IEEE Communications Magazine, vol. 32, no. 5 (May 1994): 102-109.

9. Bingham and Chen, “NEXT from T1 to ADSL and Vice Versa.”

10. Chen and Waring, “Applicability of ADSL to Support Video Dial Tone in the Copper
Loop”: 102-109.

11. J. J. Werner, “Impulse Noise in the Loop Plant,” Proc. IEEE ICC 90, Atlanta, Georgia
(April 16-19, 1990): 1734-1737.

Page 92 of 665



12.

13.

14.

15.

16.

17.

18.

19

CHAPTER 4 Transceiver Front-End Noise Models | 73

W. Henkel and T. Kessler, “Statistic Description and Modeling of Impulse Noise on the
German Telephone Network,” Electron. Lett., vol. 30, no. 12 (June 9, 1994): 935-936.

J. W. Cook, “Wideband Impulse Noise Survey of the Access Network,” BT Tech. ]., vol.
11 (1993): 155-162.

“NYNEX Loop Performance Survey Final Report,” Bellcore Special Report SR-TSY-0025
(October 1986).

R. A. McDonald, “Report on Bellcore Impulse Noise Study,” Bellcore T1D1 Contribu-
tion, T1D1.3 /87-256 (July 27, 1987).

K. Szechenyi, “On the NEXT and Impulse Noise Properties of Subscriber Loops,” Proc.
GLOBECOM 89, Dallas, Texas (November 27-30, 1989): 1569-1573.

K. Kerpez and C. Valenti, “Impulse Noise Testing for ADSL Transceiver,” Bellcore T1E1
Contribution, T1E1.4/93-034 (March 10, 1993).

ANSI T1.413.
. M. S. Ghausi, Electronic Circuits (Van Nostrand Reinhold Company, 1971).

Page 93 of 665



Page 94 of 665



CHAPTER

Channel Capacity

Channel capacity is defined as the maximum throughput over a particular transmission
channel. Specifically, if the throughput of a transmission system is less than the channel ca-
pacity, the transmission can be made error free in conjunction with some specific modula-
tion and coding techniques. Channel capacity can be compared with the capacity of a solid
container with a certain shape. The maximum capacity of a particular container can be
reached if it is filled with liquid; however, to hold solid objects with specific shapes, the
maximum capacity of the container can never be reached.

The data sequence sent through a transmission channel can be compared with solid objects
with specific shapes. The task of telecommunication systems engineering is similar to finding
the best way to pack solid objects such that the utilization of the container (channel) capaci-
ty is maximized.

Channel capacity is a good indication of the transmission potential for a particular channel.
You can obtain a conservative estimate of the twisted-pair loop plant transmission potential
by considering the worst-case channel capacity of the telephone subscriber loop plant.
Channel capacity is also a good reference when judging the transmission efficiency of a par-
ticular transceiver architecture.

Although early transmission systems are not very efficient, performance of DSL systems can
be engineered as close as only a few dBs away from the channel capacity. The channel capac-
ity of a telephone subscriber loop is determined by the transmit signal level, the channel
attenuation, and the receiver front-end noise level. For the self-NEXT dominated condition,
channel capacity is only related to the channel attenuation. Specifically, channel capacity is
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based on the signal-to-noise ratio, which could be frequency dependent on a particular tele-
phone subscriber loop.

This chapter presents the basic concepts and calculations of channel capacity for the twisted-
pair telephone subscriber loop channel as follows:

o Signal-to-noise ratio. Because of the frequency dependence of the attenuation of a
twisted-pair cable and the crosstalk coupling function, the SNR of a twisted-pair tele-
phone subscriber loop is also frequency dependent. For a particular telephone subscriber
loop, the SNR can be different, depending on the noise environment that can be ar-
ranged through system considerations.

» Channel capacity caleulations. Specifically, the calculation of channel capacity can be
further divided into topics, as follows:

* Basic channel capacity concept. For a flat (frequency-independent) channel, the channel
capacity is the product of the channel bandwidth and the base 2 log of 1 plus the
SNR.

o Channel capacity for a twisted-pair telephone subscriber loop with frequency-dependent
SNR. The channel capacity of a twisted-pair telephone loop is the integration of the
base 2 log of 1 plus the frequency-dependent SNR. If calculated over the frequency of
interest, this channel capacity provides a good reference for the targeted transmission
performance of a DSL system.

* Differential channel capacity. By taking the derivative of the channel capacity at a cer-
tain frequency, the differential channel capacity gives a good indication of the trans-
mission performance potential for each frequency region of a particular channel.

o Channel capacity with implementation constraints. A 6 dB performance margin, which
is achieved through raising the noise level by 6 dB, is usually required for the perfor-
mance simulation study and confirmation test of DSL systems to compensate for some
non-categorized channel impairments. The SNR is normally limited by the dynamic
range of a particular hardware implementation. These practical engineering and imple-
mentation constraints can also be included in the channel capacity calculation to pro-
vide a more realistic reference.

Channel capacity calculations in this chapter are based on 26-gauge twisted-pair loops with
lengths of 1 mile, 2 miles, and 3 miles. Corresponding self-NEXT and self-FEXT models are
based on 49 disturbers.
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5.1 Signal-to-Noise Ratio

The frequency-dependent SNR at a receiver front end is related to the received signal power
spectrum density and the noise power spectrum density. The received signal power spec-
trum density, S(f), is determined by the transmit power spectrum density, Q(f), and the
twisted-pair loop channel transfer function, H(f), as shown in the following expression:

S(f) = Q(f)’H(f)lz = Q(]c)e—m(k, JF+ky f)

The simplified channel model derived in Chapter 3, “Twisted-Pair Channel Modeling,” has
been used for this expression:

()=

The higher the received signal power, the higher the transmission throughput; however, the
effectiveness of the received signal power is relative to the noise power also present at the
input of a receiver. There are NEXT, FEXT, loop plant background, analog-to-digital con-
version quantization, and other electronic hardware noises, as discussed in Chapter 4,
“Transceiver Front-End Noise Models.”

The strength of a white noise of power density W can be described by its total power
within a particular bandwidth of B. For the simplified channel model, the received signal-to-
white-noise ratio is expressed as

S(f) - Q(f)‘H(f)r - ie—hf{k, JF+kof)
w 14 o’

The transmit signal density is assumed to be white with a bandwidth of B and Pand is the
total power of the transmit signal. Figure 5.1 shows signal-to-noise ratios under the white
noise condition for primary constant-based and simplified channel models assuming a trans-
mit power density of ~40 dBm/Hz and a white noise power density of -140 dBm/Hz.

In Figure 5.1, “5280 ft. S.” stands for the 5280 ft., or 1 mile, simplified channel model,
while “5280 ft.” stands for the primary constants-based channel model. Similar notation
applies to loops of other lengths in the same figure and subsequent figures. Simplified
channel models produce fewer losses at a low frequency region, below about 300 KHz,
and therefore result in higher signal-to-noise ratios. The 3 mile, 15840 ft., 26-gauge
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twisted-pair loops have 0 dB signal-to-noise ratio at the frequency of about 650 KHz. The
shorter 1 mile and 2 mile loops have usable bandwidths up to 1 MHz and beyond.

Figure 5.1 Signal-to-White-Noise Ratio for Twisted-Pair Loops
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5.1.1 NEXT Signal-to-Noise Ratios

The NEXT noise power spectral density is determined by the transmit power spectral densi-
ty and the NEXT coupling transfer function. The NEXT power spectral density is expressed
as follows:

3

1 2
ot

Ny (f)*Q(f)NEXT(f)=Q(f)1.134x1

Under the self NEXT condition in which the same transmit power spectrum affects both
received signal and noise power, the received signal-to-noise ratio is expressed as

S(f) = Q(f)‘H(f)‘z =e_2d(k1\'f+k;f)f-5
M) QUNEXT() T 1134x10°

In practice, especially at a low frequency region where the NEXT noise power density is
very small, you need to consider the effect of white background noise. By including the
background noise power density, the received signal-to-noise ratio becomes

() QNG e
Ny(f)+W  O(f)NEXT(f)+W

0.2

3
1.134 %1072 2 + —
! P
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Figure 5.2 shows signal-to-noise ratios under the self-NEXT-plus-white-noise condition for
primary-constant-based and simplified channel models

Figure 5.2 Signal-to-Self-NEXT-Plus-White-Noise Ratio for 26-Gauge Twisted-Pair Loops

S (dB)
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x10*

Under the self-NEXT condition, the 3 mile and 2 mile, 26-gauge twisted-pair loops have 0
dB signal-to-noise ratio at the frequency of about 110 KHz and 320 KHz, respectively,
while the shortest 1 mile loop has usable bandwidth of about 970 KHz.

5.1.2 FEXT Signal-to-Noise Ratios

The FEXT noise power spectral density is determined by the transmit power spectral density
and the FEXT coupling transfer function, as follows:

N:(f) = Q(f)FEXT(f) = O(f\H(f)| kdf*

Under the self-FEXT condition where the same transmit power spectrum affects both re-
ceived signal and noise power, the received signal-to-noise ratio is expressed as

S(f) _ QNHA _ 1
Ne(f)  Q(f)FEXT(f)  kdf?

The values are as follows:

k=8x107%
d is in unit of ft.

f is in unit of Hz.

The channel model becomes irrelevant when channel transfer functions are the same for the
channel model and for the FEXT model.
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In practice, especially at a low-frequency region and a high-frequency region where the
FEXT noise power density is very small, you need to consider the effect of white back-
ground noise. By including the background noise power density, the received signal-to-
noise ratio becomes
() _ oAHGS 1
Np(f) +W Q(f)FEXT(f) +W kdf? + o’ 2d(ky [T +k, f)
? e

Figure 5.3 shows signal-to-noise ratios under the self-FEXT-plus-white-noise condition for
primary-constant-based and simplified channel models

Figure 5.3 Signal-to-Self-FEXT-Plus-White-Noise Ratio for 26-Gauge Twisted-Pair Loops

The usable bandwidth for the longest 3 mile, 26-gauge loop is around 650 KHz, which is
the same as for the white noise only case. However, the signal-to-noise ratios have been
reduced to below 50 dB at frequencies beyond 150 KHz also in comparison with the white
noise only case. The usable bandwidths for shorter loops are beyond 1 MHz.

5.2 Channel Capacity Calculations

The transmission throughput of a DSL system is limited by the characteristics of the
twisted-pair channel and the noise environment at the receiver front end, no matter what
kind of transceiver structure is involved. Specifically, the transmission throughput of a DSL
system is limited by the channel capacity for the particular loop and noise combination.
Many studies have been carried out for the channel capacity of the twisted-pair telephone
subscriber loop.!
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5.2.1 Basic Concepts of Channel Capacity

The efficiency of a practical transmission system can be judged by how many bits per Hertz
it can carry. For a simple Quadrature Amplitude Modulation (QAM) line code with a baud
rate of 1 Hertz, the following expression describes this number of bits per Hertz efficiency:

CQAM = 10g2 [14‘:3"-‘2)

The values are as follows:

S is the received signal power.
N is the receiver front-end noise power.
Al is related to the desired error rate.

Coanis in unit of number of bits per symbol or per Hertz for this special example.

In other words, the transmission efficiency of a QAM system is determined by the transmis-
sion channel signal-to-noise ratio and the desired error rate. For a desired error rate of
1077, you can find the value of A to be 5.333, according to the Gaussian distribution:

oo 2
. 2 =
1077 = J.e 2 dx
\#2155'A

Table 5.1 summarizes A values for other error rates,

Table 5.1 A and Error Rates
Error Rate 102 103 10+ 103 10¢ 107
A 2.577 3.287 3.891 4418 4.892 5.333

Figure 5.4 shows the relationship between the number of bits and the signal-to-noise ratio
under different error rates for a QAM line code.

The top curve in Figure 5.4 is the channel capacity. The next lower curve represents the
QAM transmission efficiency at an error rate of 10-2. Lower curves are for error rates of
10-3, 104, 10-3, 105, respectively, and the bottom curve is for the error rate of 10-7. A lower
error rate requires a higher signal-to-noise ratio to achieve a certain number of bits per
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Hertz; however, the maximum number of bits per Hertz is limited by the following expres-
sion, referred to as the channel capacity at a bandwidth of 1 Hertz when A = V3:

S
C =log,|1+—
e gz( N]

Figure 5.4 QAM Transmission Efficiency

30
S {98)

The corresponding error rate is 0.0833. There is an SNR difference of 9.77 dB between
error rates of 0.0833 and 10-7. The expression of C, is the general form of calculation
channel capacity. Figure 5.5 shows ratios of QAM transmission efficiency to the channel
capacity for different error rates and different SNRs.

Figure 5.5 Efficiency Relative to Channel Capacity

The top curve in Figure 5.5 represents the ratio of QAM transmission efficiency at an error
rate of 10-2to channel capacity. Lower curves are ratios for error rates of 10-3, 104, 10-5,
10-%, respectively, and the bottom curve is for the ratio of QAM transmission efficiency at an
error rate of 10-7 to channel capacity. The transmission throughput is only half of the
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channel capacity at SNRs of 7.5 dB, 12 dB, 15 dB, 17 dB, and 18.5 dB and error rates of
10-3, 104, 105, 105, and 107, respectively. The transmission efficiency is relatively high for
a QAM line code at a high signal-to-noise ratio.

The channel capacity for a bandwidth of B with a flat signal and noise spectra is
S
C=Blo [l + —)
g2 N

Table 5.2 summarizes the channel capacities of the voice band for different SNRs assuming
a bandwidth of 4 KHz with flat signal and noise spectra.
Table 5.2 Voice Band Channel Capacity

S/N (dB) 10 20 30 40 50 60
Channel Capacity (kbps) ~ 13.84 2663 39.87 53.15 6644 79.73

5.2.2 Channel Capacity for Frequency-Dependent SNR

For frequency-dependent received signal and noise power spectra with a bandwidth of B,
the integral channel capacity is expressed as

C= jlog{l + () ]
N(f)
For the receiver front-end white noise limited condition, the channel capacity is expressed as

f S t P 2d(k f+k,
C=£1082(1+%]df=£10g2[1+?e (V7 f))df

Figure 5.6 shows channel capacities under the white noise condition for primary-constant-
based and simplified channel models assuming a transmit power density of ~40 dBm/Hz
and a white noise power density of -140 dBm/Hz.
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Figure 5.6 White Noise Channel Capacity for 26-Gauge Twisted-Pair Loops
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Channel capacities are all higher than 6 Mbps under the background white noise condition
for 1 mile, 2 mile, and 3 mile 26-gauge loops.

For the self-NEXT limited condition, the channel capacity is expressed as

B B ~2d(k, [ +ks f) -2
~ S(f) 3 e f 2
C—£10g2(1+NN(f)}i’f—‘!logg 1+ T Iif

For the self-NEXT-plus-receiver-front-end-white-noise-limited condition, the channel ca-
pacity is expressed as follows:

(f)+w &2

B -
s(f) B 2 2d(ky T +ky f)
C=|logy | 1+———=— if = | logy | 1+ ; if
N —
0 0 1.134x10713 f2 e

Figure 5.7 shows channel capacities under the self-NEXT-plus-white-noise condition for
primary constant based and simplified channel models also assuming a transmit power densi-
ty of —40 dBm/Hz and a white noise power density of -140 dBm/Hz.

Under the self-NEXT-plus-white-noise condition, channel capacities are below 1 Mbps and
2 Mbps for 3 mile and 2 mile 26-gauge twisted-pair loops, while the 1 mile 26-gauge loop
has a channel capacity of beyond 6 Mbps.
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Figure 5.7 NEXT-Plus-White-Noise Channel Capacity for the 26-Gauge Twisted-Pair Loops
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For the self -FEXT-limited condition, the channel capacity is expressed as

C=T10g2[1+ S(f) ]df JIng i de

For the self-FEXT-plus-receiver-front-end-white-noise-limited condition, the channel capac-
ity is expressed as

C=Tlog2{1+ (f) )df Ilogz 1+ 21

k{fz + G_ezd(“t \"?*’sz}
P

Figure 5.8 shows channel capacities under the self-FEXT-plus-white-noise condition for
primary-constant-based and simplified channel models, also assuming a transmit power
density of —40 dBm/Hz and a white noise power density of -140 dBm/Hz.

Under the self-FEXT-plus-white-noise condition, the channel capacity of the 3 mile 26-
gauge loop is about 6 Mbps, which is the same as the white noise only case, while the short-
er 2 mile and 3 mile loops have channel capacities above 10 Mbps.

Page 105 of 665



86 | PART I Fundamentals: Transmission Environment and Signal Processing

_Figure 5.8 FEXT-Plus-White-Noise Channel Capacity for the 26-Gauge Twisted-Pair Loop
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You can examine the contribution of an individual frequency region to the overall channel

capacity by taking derivative of the channel capacity to obtain the differential channel capac-
ity. The receiver-front-end-white-noise-limited condition is expressed as

dC T 1Stk
dB log2[1+ (f)]—log2[1+o_ 2d(k 7 ”))

The differential channel capacity is just the base 2 logarithm of receiver front-end signal-to-
noise ratio. Figure 5.9 shows differential channel capacities under the white noise condition
for primary-constant-based and simplified channel models assuming a transmit power densi-
ty of —40 dBm/Hz and a white noise power density of -140 dBm/Hz. The maximum
differential channel capacity is 10g,(1+1%10'°) = 33.2 bits. The differential channel
capacity becomes 1 bit when the signal-to-noise ratio is 1.

Figure 5.9 White Noise Differential Channel Capacity
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For the self-NEXT-limited condition, the differential channel capacity is expressed as

3
- s(f) e—:’.d(kl ,if+k2f)f-5
—=lo, 2 1+ =10g2 1+ 3
dw Ny (f) 1.134x10™

For the self-NEXT-plus-receiver-front-end-white-noise-limited condition, the differential
channel capacity is expressed as

0.2

=2d(k, [ +k2f)
£=1og2[1+-—S(f)—]=1og2 . :
1.134x1072 f2 e

dw Ny(f)+wW

Figure 5.10 shows differential channel capacities under the self-NEXT-plus-white-noise
condition for primary-constant-based and simplified channel models, also assuming a trans-
mit power density of ~40 dBm/Hz and a white noise power density of -140 dBm/Hz.

Figure 5.10 NEXT-Plus-White-Noise Differential Channel Capacity
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Under the self-NEXT-limited condition, the majority of the frequency region where the
channel is usable has a differential channel capacity of fewer than 10 bits. The channel is
almost closed at about 200 KHz and 400 KHz for 3 mile and 2 mile loops, respectively.

For the self-FEXT-limited condition, the differential channel capacity is expressed as
S
£=10g2 1+ (f) =10g2 I+‘-1—2'
dB Nr(f) kif
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For the self-FEXT-plus-receiver-front-end-white-noise-limited condition, the differential
channel capacity is expressed as

S
£=log2 1+ ( ) =log, | 1+ 3 :
dB G_e2d(klﬁ+k2f)

Figure 5.11 shows differential channel capacities under the self-FEXT-plus-white-noise con-
dition for primary-constant-based and simplified channel models, also assuming a transmit
power density of —40 dBm/Hz and a white noise power density of -140 dBm/Hz.

Figure 5.11 FEXT-and-White-Noise Differential Channel Capacity

Under the self-FEXT-limited condition, there are big portions where the differential chan-
nel capacity is larger than 5 bits. These 1 mile and 2 mile loops have a usable bandwidth
beyond 1 MHz, while the 3 mile loop has a usable bandwidth of about 650 KHz.

5.2.3 Channel Capacity with Implementation Constraints

The channel capacity can be used as a reference for a DSL system design. With advanced
modulation and coding techniques, the transmission throughput of a DSL system can be
brought to within 2 to 6 dB of the channel capacity. You can further take some practical and
test-procedural constraint into account to obtain a conditional channel capacity as a more
practical design reference.

You observed from the previous calculations, for example, the high channel capacity of the
self-FEXT-plus-white-noise-limited conditional is partially a contribution of the high signal-
to-noise ratio (larger than 60 dB) at the low-frequency region. In practice, these high
signal-to-noise ratios might not be realized due to the receiver hardware dynamic range.
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One of the practical limitations of the SNR at the very low-frequency region is the trans-
former, which blocks DC and creates a high-pass filter that greatly reduces the SNR at very
low frequency.

Figure 5.12 shows channel capacities under the same self-FEXT-plus-white-noise condition
for primary-constant-based and simplified channel models except with a constraint of a
hardware dynamic range of less than, for example, 45.15 dB. This effect is emulated by
limiting the differential channel capacity to less or equal to 15 bits for all frequencies. As the
figure indicates, channel capacities can be reduced by 10-15 percent due to hardware dy-
namic range.

Figure 5.12 FEXT Channel Capacity with 45.15 dB Hardware Dynamic Range
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Many DSL systems were designed with a 6 dB performance margin reserved for non-
characterized loop and system impairments. Figure 15.13 shows channel capacities under
the same self-NEXT-plus-white-noise condition for primary-constant-based and simplified
channel models with the addition of a 6 dB performance margin. The effect of the 6 dB
performance margin is emulated by reducing the signal-to-noise ratio by a factor of 4 at all
frequencies. The additional 6 dB performance margin can reduce the channel capacity by
more than 20 percent.

Similar channel capacities can be calculated for 22-gauge and 24-gauge twisted-pair loops.
You can find the distance scaling factor between different gauges of loops for the simplified
channel model. Ignoring the effect of k,s, you have the following:

k126 4.8
dyy =dyg ——=ds ——=1.6dy
— 3.0
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Figure 5.13 NEXT Channel Capacity with 6 dB Noise Margin
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Therefore, the channel capacities of a 5280 ft. 26-gauge simplified channel model are equiv-
alent to those of a 8448 ft. 22-gauge simplified channel model. Similarly, you have

k1,26 4.8
dry =drg ——=d,. —=1.26d
24 26 k1,24 26 3.8 26
in which the simplified channel models are as follows for 26-gauge and 24-gauge twisted-
pair cables, respectively:

H(d,f]ze_d{k"m VF+ka 25 f)

H(d,f] - e‘“‘(kl.za ﬁ*kz.uf]
This means that the channel capacities of a 5280 ft. 26-gauge simplified channel model is
equivalent to those of a 6669 ft. 24-gauge simplified channel model.
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Hybrid Civeuits

For half-duplex telegraphs of early days, transmission was carried out only in one direction
over one pair of two-wire cables at a given time. The transmission direction can be regulated
through some handshake protocol whenever a transceiver at one end has data to transmit.
The transmission direction can also be time divided: transceivers at both ends are synchro-
nized and take turns transmitting. This is sometimes called Time Division Multiplex (TDM)
or Time Division Duplex (TDD), respectively. For a telephone conversation, a real-time,
full-duplex system, in which telephone subscribers at both ends can talk and listen simulta-
neously, is preferred to emulate a more natural situation.

Real-time, full-duplex transmission of voice signals can be accomplished using a hybrid cir-
cuit, which connects a microphone and an earphone to a two-wire telephone subscriber
loop. A hybrid circuit is basically an electrical bridge. There is little signal from the transmit
path coming back to the receiving path when the electrical bridge is balanced. The balance
condition, however, requires the impedance match to the telephone subscriber loop. This
condition cannot really be satisfied because the input impedance of a telephone loop is not
exactly fixed, due to bridged taps and temperature variation.

This small amount of impedance mismatch is tolerable for voice applications. In fact, the
echo, which is caused by impedance mismatch of a hybrid circuit, of someone’s own talk is
usually perceived as an “alive” indication for a telephone connection.

For real-time, full-duplex data transmission applications, the amount of hybrid echo should
be minimized; otherwise, the echo could interfere with the received signal. Although some
telephone set hybrid circuits rely on voltage parities from different windings of one or two
magnetic cores to cancel the transmit signal, hybrid circuits used for DSL systems are based
on the balance of resistive networks to minimize the amount of echo.
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DSL transceivers typically consist of both a single-ended and a differential hybrid circuit.
Both circuits can be simplified to some resistive networks. DSL hybrid circuits also usually
have a coupling transformer, which is mainly used for the purpose of longitudinal signal
isolation and surge protection. Both wires of a telephone loop can pick up some substantial
noises through the open electromagnetic field; however, the only difference between these
two longitudinal signals appears after a transformer. A coupling transformer can also reduce
the severity of some longitudinal surge voltage or current.

Because a hybrid is an analog circuit, it is connected to the rest of a DSL transceiver
through a Digital to Analog Converter (DAC) in the transmitting path and an Analeg to
Digital Converter (ADC) in the receiving path. Figure 6.1 shows the typical structure of an
Analog Front End (AFE) that connects the digital portion of a DSL transceiver to the tele-
phone subscriber.

Figure 6.1 The General Structure of an Analog Front End
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The transmit signal to a DAC is usually coming from digital transmit shaping filters, and the
received signal from an ADC usually goes to channel equalizers. A hybrid circuit can pro-
vide some limited amount of transmission loss from the transmitting path to the receiving
path, depending on the impedance balance condition. There is usually a line drive between
the DAC and the hybrid circuit for supplying sufficient voltage and current onto the twist-
ed-pair loop with certain line impedance.

There is usually also a pre-amplifier with automatic gain control between the hybrid circuit
and the ADC to raise the received signal level to that suitable for the input dynamic range of
the ADC. There are typically two types of hybrid circuits used for Digital Subscriber Line
(DSL) transceivers: single-ended hybrid circuits and differential hybrid circuits. This chapter
explains the structure, functionality, and components of these two types of hybrid circuits
and related concepts, as follows:
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o Single-ended hybrid circuits. Single-ended hybrid circuits can be simplified into a classical
electrical bridge with four branches. The transmitting path and the receiving path are
connected at two diagonal ports, while the twisted-pair telephone loop is used as one of
these branches through the coupling transformer.

o Differential hybrid circuits. Differential hybrid circuits can be simplified into a balance
circuit of six resistors with six joints. The transmitting path, the receiving path, and the
twisted-pair telephone loop are cross-connected through a coupling transformer to six
joints of this balance network. A differential hybrid circuit is suitable for using a differen-
tial line driver.

o Transformer equivalent circuits. A line coupling transformer can be represented with a
T-equivalent circuit for transformer design and system performance analysis. The ABCD
parameters of the transformer equivalent circuit are also derived to be used in conjunc-
tion with ABCD parameters of the twisted-pair telephone subscriber loop.

o Echo path model. A realistic echo path model can be obtained by combining the equiva-
lent circuit of the line coupling transformer, the balance network, and the input imped-
ance of the loop. The echo path model can be used to assess the echo level and as a
reference for the design of an echo canceller.

6.1 Single-Ended Hybrid Civcuits

Figure 6.2 shows a single-ended hybrid circuit.
Figure 6.2 Single-Ended Hybrid Circuit
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An electrical bridge connects the transmit line driver, the receive preamplifier, and the line
transformer. The four branches of the electrical bridge are as follows:

* R

* R

* The equivalent twisted-pair loop impedance Z;
* The balance impedance Z,

The impedance seen by the twisted loop through the transformer is R, plus the line driver
output impedance R,. Because the output impedance of the line driver is usually negligible
compared with R, the termination impedance for the twisted loop is approximately equal
to R, . The signal is received through R, and R; by the pre-amplifier, while R, and Ry are
resistors required as part of a differential feedback circuit.

The single-ended hybrid circuit can be simplified to an electrical bridge with the transformer
and attached loop impedance as one of four branches, as shown in Figure 6.3.

Figure 6.3 Simplified Equivalent Circuit for Single-Ended Hybrid
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1 Rz |
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The balance condition occurs when the signal loss from the transmitting path to the receiv-
ing path (also called the echo return loss) becomes infinity. A balance condition for a single-
ended hybrid circuit is reached when you have

zZ . E

R+Z R,+Z,

Ile = zf, thcﬂ Zb = R’Z'
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The echo path is defined as from the transmit port to the receive port. The echo path trans-
fer function for the single-ended hybrid is

)
B =Rz B+4()

Note

You should be aware that the perfect balance condition cannot be achieved if only
fixed resistors are used for the bridge network.

Zero line driver impedance and infinite pre-amplifier input impedance have been assumed in
the previous expression of the echo path transfer function. A more accurate echo path trans-
fer function can be obtained through the use of two-port network equivalent circuits and
associated ABCD parameters. The two-port network ABCD matrix for this single-ended
hybrid echo path is as follows:

(R+Z(N)R+2Z,() RR(Z(H)+Z,(f)+Z()Z()R +R)

[,4 B] | Z()R-Z(NR Z(f)R, - Z,(f)R
C D| | R+R +Z(f)+Z,(f) (R +R,)(Z(f)+Z,(/))
Z(f)R, - Z,(f)R, Z(f)R, - Z,(f)R

For R = R, = R, we have

R[” R )[1 R ) R(Z/(F)+ Z,(£) +2Z(1) (/)
[fc‘ g} z,%; zb(f()f) z(f)-z,(f)
i Zb
R TR 2(Z,(f)+Z,(f)
L Zx'(f)_zb(f) Zf(f)_'zb(f)

You can also study the effect of line driver output and pre-amplifier input impedance using
the ABCD matrix of the echo path. The single-ended hybrid circuit is suitable for a single
output line driver. A differential output line driver requires a diffeventinl hybrid civcuit.
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6.2 Differential Hybrid Civcuits

Figure 6.4 shows a differential hybrid circuit.
" Figure 6.4 Differential Hybrid Circuit
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Outputs of a pair of differential line drivers are connected to joint points of R, — R, and
R, — R;. Inputs of a pair of differential pre-amplifiers are connected to joint points of
R; — R, and R; — R;. Notice that resistors R;and R, are effectively connected to the
opposite phases of the line drivers, as are resistors R and R;.

The proper selection of resistor values can minimize the amount of transmitting signal com-
ing back to the receiving path. The impedance seen by the twisted-pair loop through the
transformer between one lead of the transformer and the ground is R, plus the line driver
output impedance R,. The impedance between the other lead of the transformer and the
ground is R, plus the line driver output impedance R,. Because the output impedance of
the line driver is usually negligible, the termination impedance for the twisted loop is ap-
proximately equal to R + R, .

The balance resistive network of the differential hybrid can also be simplified to an electrical
bridge with the transformer and its attached twisted-pair loop impedance connected in the
middle of two branches, as shown in Figure 6.5.
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Figure 6.5 Simplified Equivalent Circuit for Differential Hybrid
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For the differential drive hybrid, we normally let R, = R,, R, = R, and R, = R through
the choice of design. The balance condition for the differential drive hybrid is then reached
when

R+Z(f) R +R,

1
choosing R, = 2 Z,(f) for termination impedance matching results in R; =2R,. The

general echo path transfer function for the differential hybrid is as follows:

H,(f)= M[& +(Z(f)+ Rl)ﬁ}

To consider the effect of line driver and preamplifier impedances, the use of two-port net-
work equivalent circuits and associated ABCD parameters is required. To derive the ABCD
matrix for the echo path of a differential hybrid circuit, we further arrange the simplified
differential hybrid circuit into two two-port networks in parallel, as shown in Figure 6.6.
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Figure 6.6 A Two-Port Network Parallel Representation of the Differential Hybrid Circuit

Transmit Receive

The two-port network A consists of three element two-port networks. The ABCD matrix
for the two-port network A, is

[A B] ,:1 R+ R2:|

C D 4 0 1

The ABCD matrix for the two-port network A, is
a B []©
¢ o), |7 !

The ABCD matrix for the two-port network A4, is

A B] [1 R+R
e o), Lo *7"]
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The ABCD matrix for the two-port network A is

A B| [A B A B| |A B
< ol."le olle olle o,
1+¥ R,+R2+R4+R6+(R‘+RZ)Z(R‘*+R6)

1 L RAR,
Z Z

The ABCD matrix for the two-port network Bis
A B _ 1 R+R
c b, [0 1

ForR = R, R, = R, and R, = Ry, we have

2R 4ARR,
[A B] B l+7‘ 2RI+2R4+ ]
C A 2 I~|-2—R4
i zl'
and

e oo 7]
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The two-port network ABCD matrix for this differential hybrid echo path is

R3[1+%]+R] +R,+ ZR'?“ ZRS{R, +R, + 2R“R“J
[A B] RI—R3+R4+-2R1_R“ R,—R3+R4+2R“R‘
C D| |1 2RR R IR, 2R, 2RR
—|R-R+R +—12 -2l 1+ 1+ 1+=*|+R +R, +—*
Zf’[ 1 R3 R4 Zl' J ( ZIJ( Zl' } R3( zt' ] ; : i
R,—Iw?3+1it‘,+M Rl—1‘vl3+}i'_1+2}ii‘R4

6.3 Transformer Equivalent Civcuits

The transfer function of a transformer connecting the twisted-pair loop to the hybrid circuit
can be determined according to its equivalent circuit. Figure 6.7 shows a typical transformer

equivalent circuit.l

Figure 6.7 Simplified Hybrid or Transformer Equivalent Circuit

Rp R I
L1 = k==
Jj S
c
C; —— Re Lp -

Key parameters for the transformer equivalent circuit include the following:

R —The resistance of the primary coil
R —The resistance of the secondary coil
R —The core resistance

L —The primary inductance

L,—The leakage inductance

C—The input capacitance

C —The output capacitance
0
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The ABCD matrix of the transformer equivalent circuit is
A B[t ot B, 'y Ot R+sLT1 0
c p||sc 1Jo 1]rts Mo 1 |sc 1
c 4

6.3.1 ISDN Transformer Equivalent Civcuit Pavameters

Transformer equivalent circuit parameters for a typical Basic Rate Access ISDN (Integrated
Services Digital Network) channel, also called Digital Subscriber Line (DSL) transceiver, are

as follows:
R,=8Q
R, =12 Q
R, =150 kQ
Lp =28.5mH
L, =28 uH
C, =22 pF
C,=22pF

Figure 6.8 shows the frequency response of a transformer designed for an ISDN transceiver
with source and termination impedances of 135 ohms.

Figure 6.8 Transfer Function of an ISDN Transformer

Magnitude (dB)

14 s . 3
(1] 0.5 1 1.5 2
Frequency (Hz) x10%

Page 121 of 665



102 | PART I Fundamentals: Transmission Environment and Signal Processing

6.3.2 HDSL Transformer Equivalent Civcuit Pavameters

Transformer equivalent circuit parameters for a typical High-bit-rate Digital Subscriber Line
(HDSL) transceiver are as follows:

R,=18Q
R,=25Q
R, =50kQ
L, =3mH
L, =29 uH
C, =35pF
C, =35 pF

Figure 6.9 shows the frequency response of a transformer designed for an HDSL transceiver
with source and termination impedances of 135 ohms.

Figure 6.9 Transfer Function of an HDSL Transformer
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6.3.3 ADSL Transformer Equivalent Civcuit Parameters

Transformer equivalent circuit parameters for a typical Asymmetrical Digital Subscriber Line
(ADSL) transceiver are as follows:

R, =132Q
R, =1.12Q
R, =50kQ
L, =407.5 uH
L, =54 uH
C,=35pF
C,=35pF
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Figure 6.10 shows the frequency response of a transformer designed for an ADSL transceiv-
er with source and termination impedances of 100 ohms.

Figure 6.10 Transfer Function of an ADSL Transformer
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The low frequency portion of the transfer function is enlarged in Figure 6.11.

Figure 6.11 Transfer Function of an ADSL Transformer at Low Frequencies
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Among these DSL transformers, the one for ISDN has the narrowest bandwidth, and the
one for ADSL has the widest bandwidth. The bandwidth of a DSL transformer depends on
the primary inductance: The larger the primary inductance, the narrower the bandwidth.
On the other hand, a smaller primary inductance leads to a higher low-corner frequency, as
shown in Figure 6.11. The selection of low- and high-corner frequencies are interrelated
with the current transformer technologies.

6.4 Echo Path Model

Because of the impedance mismatch, there is always echo of transmitted signal to a DSL
receiver front end coming back from the hybrid circuit. The knowledge of the magnitude of
the echo is necessary to determine the dynamic range of receiver front-end analog circuits.
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A total characterization of the echo path transfer function is required for the design of an
echo canceller.

Transmission at opposite directions of a DSL system can also be achieved through using
different frequency bands. This is sometimes called Frequency Division Multiplex (FDM) or
Frequency Division Duplex (FDD). A hybrid circuit with high echo return loss is also pre-
ferred for an FDM or FDD DSL system to relax the requirement of band separating filters.

A realistic echo path model can be constructed based on the hybrid circuit configuration,
the transformer equivalent circuit, and the input impedance of the telephone subscriber
loop. The effect of transmit and receiver filters or band separating filters can also be includ-
ed depending on different design reference objectives. The calculation of the echo path
transfer function can be carried out using two-port network equivalent circuits and associat-
ed ABCD parameters.

The input impedance of a twisted-pair loop can be expressed by its ABCD parameters as

Apd
Z=—"
C+=

Z

i

The value Z, is the termination impedance at the other end of the twisted-pair loop. We can

also express the twisted-pair loop impedance with the inclusion of the transformer by recog-
nizing

[A BHAT BT][A; BI} [ATA,+BTQ ATBf+BTD,}

c b| |c, b |c b||cA+DcC CB+D,D,

in which

i denotes the transformer.

, denotes the twisted-pair loop.

The input impedance of a twisted-pair loop connected through a transformer can be ex-
pressed by its ABCD parameters as

Page 124 of 665



CHAPTER 6 Hybrid Circuits 105

ATAI +BTC} +w

z,= :
Cod D St Ty

(:

Figure 6.12 shows the magnitude of the input impedance of a 1 mile, 26-gauge twisted-pair
loop.

Figure 6.12 Magnitude of the Input Impedance of a 1 Mile, 26-Gauge Loop
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The magnitude of the input impedance converges to about 100 ohms at high frequency,
while the magnitude can be at around 600 ohms or higher at voiceband.

Figure 6.13 shows the real and imaginary parts of the 1 mile, 26-gauge twisted-pair loop
input impedance. The amplitude of the imaginary part is negligible at both low and high
frequencies, while it can be as large as —200 ohms in between these extreme frequencies. In
Figure 6.13, circles are marked at 15 kHz apart.

Figure 6.13 Real and Imaginary Parts of the Input Impedance of a 1 Mile, 26-Gauge Loop

] I (.. SO . SO N . |/—
‘é‘ . . H H

L] R e e P S LTS [ EE T
s
=
E 1
g-w

200

-250

[+ 100 200 300 400 500 800
Real (Ohms)

Page 125 of 665



106 ] PART I Fundamentals: Transmission Environment and Signal Processing

Figure 6.14 shows the magnitude of the input impedance of a twisted-pair loop with
bridged taps. Originally detailed in Chapter 3, “Twisted-Pair Channel Modeling,” the con-
figuration of this loop is shown in Figure 6.15. The magnitude of the input impedance also
converges to about 100 ohms at high frequency, but not always larger than 100 ohms.

Figure 6.14 Magnitude of the Input Impedance of a Loop with Bridged Taps
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Figure 6.15 Configuration of a Subscriber Loop with Bridged Taps
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Figure 6.16 shows the real and imaginary parts of input impedance for the twisted-pair loop
with bridged taps according to the configuration of Figure 6.15. The amplitude of the

imaginary part is also negligible at both low and high frequencies. In Figure 6.16, circles are
also marked at 15 kHz apart.

Figure 6.17 shows the magnitude of the input impedance of a 1 mile, 26-gauge twisted-pair
loop with the inclusion of the transformer used for the Basic Rate Access ISDN channel,

which is also called DSL. The DSL transmit signal energy is mostly concentrated at below
50 kHz.
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Figure 6.16 Real and Imaginary Parts of the Input Impedance of a Loop with Bridged Taps
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Figure 6.17 Magnitude of a 1 Mile, 26-Gauge Loop Including a DSL Transformer
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Figure 6.18 shows the real and imaginary parts of the input impedance for a 1 mile, 26-
gauge twisted-pair loop with a DSL transformer. The upper portion of the curve corre-
sponds to the low frequency part of the loop input impedance. In Figure 6.18, circles are
marked at 5 kHz apart.

Figure 6.19 shows the magnitude of the input impedance of a 1 mile, 26-gauge twisted-pair
loop with the inclusion of an HDSL transformer. The HDSL transmit signal energy is most-
ly concentrated at below 200 kHz.

Figure 6.20 shows the real and imaginary parts of the input impedance for a 1 mile, 26-
gauge twisted-pair loop with an HDSL transformer. The upper portion of the curve also
corresponds to the low frequency part of the loop input impedance. In Figure 6.20, circles
are also marked at 5 kHz apart.
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Figure 6.18 Real and Imaginary Parts of a 1 Mile, 26-Gauge Loop Including a DSL
Transformer
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Figure 6.19 Magnitude of a 1 Mile, 26-Gauge Loop Including an HDSL Transformer
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Figure 6.20 Real and Imaginary Parts of a 1 Mile, 26-Gauge Loop Including an HDSL
Transformer
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Figure 6.21 shows the magnitude of the input impedance of a twisted-pair loop with
bridged taps and the inclusion of a DSL transformer. The configuration of this loop is also
from Figure 6.15.

Figure 6.21 Magnitude of a Loop with Bridged Taps Including a DSL Transformer
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Figure 6.22 shows the real and imaginary parts of the input impedance for the twisted-pair
loop with bridged taps according to the configuration of Figure 6.15 and with the inclusion
of a DSL transformer. The upper portion of the curve corresponds to the low-frequency
part of the loop input impedance.

Figure 6.22 Real and Imaginary Parts of a Loop with Bridged Taps Including a DSL
Transformer
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Figure 6.23 shows the magnitude of the input impedance of a twisted-pair loop with

bridged taps for the configuration of Figure 6.15 and the inclusion of an HDSL
transformer.
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Figure 6.23 Magnitude of a Loop with Bridged Taps Including an HDSL Transformer
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Figure 6.24 shows the real and imaginary parts of the input impedance for the twisted-pair
loop with bridged taps for the configuration of Figure 6.25 and the inclusion of an HDSL

transformer. The upper portion of the curve corresponds to the low frequency part of the
loop input impedance.

Figure 6.24 Real and Imaginary Parts of a Loop with Bridged Taps Including an HDSL
Transformer
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Figure 6.25 Input Impedance of a Twisted-Pair Loop with Bridged Taps
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The echo path transfer function for the single-ended hybrid circuit can be calculated by
letting R, =135 Q and R, = Z, =1000 Q in conjunction with twisted-pair loop imped-
ances with the inclusion of transformers. The echo path transfer function derived in section
6.1, “Single-Ended Hybrid Circuits,” for the single-ended hybrid circuit can be simplified as
follows:

A =3z +x

The superscript s denotes the transfer function and the resistor for the single-ended hybrid
circuit to distinguish those of the differential hybrid circuits. Figure 6.26 shows the echo
path transfer function for the twisted-pair loop with bridged taps and an HDSL transformer.

Figure 6.26 Echo Path Transfer Function for a Single-Ended Hybrid Circuit with a Twisted-Pair
Loop of Bridged Taps and an HDSL Transformer

- " -
™ n =]
g

-
o

Echo Return Loss ldB)

o !
o

[
<

o

s . .
2 3 4 5
Frequency (Hz) %10

To enhance the echo return loss, Z, can be implemented with an RC network.?

Note

An RC network can be used to emulate the frequency dependent input impedance of a
twisted-pair telephone loop.

The RC balance network #1 in Figure 6.27 has a resistor in parallel with a serial RC net-
work. The RC balance network #2 has a parallel RC network and a serial RC network in
serial.
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Figure 6.27 Two RC Balance Networks
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Figures 6.28 and 6.29 show echo path transfer functions with RC balance networks #1 and
#2, respectively, in conjunction with an R, of 100 ohms. The use of a fixed RC balance

network balance is not particularly effective against telephone subscriber loops with bridged
taps.

" Figure 6.28 Echo Path Transfer Function for a Single-Ended Hybrid Circuit with the RC
Network #1
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Figure 6.29 Echo Path Transfer Function for a Single-Ended Hybrid Circuit with the RC
Network #2
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The echo path transfer function for the differential hybrid circuit can be calculated by let-

ting R, = R, =67 Q and R, =2R, =2000 Q also in conjunction with twisted-pair loop

impedances with the inclusion of transformers. The echo path transfer function derived in

section 6.2, “Differential Hybrid Circuits,” for the differential hybrid circuit can be simpli-

fied as follows:

_lZRf _Zf(f)

Hi(f)_ngf‘*'Z,(f)

The superscript d denotes the transfer function and the resistor for the differential hybrid
circuit.

Figure 6.30 shows the echo path transfer function for the twisted-pair loop with bridged
taps and an HDSL transformer.

Figure 6.30 Echo Path Transfer Function for a Differential Hybrid Circuit with a
Twisted-Pair Loop of Bridged Taps
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The transfer function has the same shape as that of a single-ended hybrid; the loss difference
is due to the scaling factors of 1/2 over 1/3 when R =2R!. The loss difference is

20 x log,,(3/2) =3.52 dB. The performance of a differential hybrid, however, is the
same as that of a single-ended hybrid circuit because the received signal through a differen-
tial hybrid circuit also experiences 3.52 dB more loss.

End Notes

1. Midcom web page at http://www.midcom-inc.com/technotes/tnl7.html.

2. W. Y. Chen, J. L. Dixon, and D. L. Waring, “HDSL Echo Cancellation,” IEEE JSAC,
vol. 9, no. 6 (August 1991): 848-860. G. S. Moschytz and S. V. Ahamed, “Transhybrid
Loss with RC Balance Circuits for Primary-Rate ISDN Transmission Systems,” IEEE
JSAC, vol. 9, no. 6 (August 1991): 951-959.
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CHAPTER

Amnalog Front-End Precision

Some transmission systems can be realized with analog circuit technology only, such as
transmit line driver, receiver amplifier, and threshold detector. The transmission potential
cannot be fully realized, however, with the use of current analog circuit technology only.
Digital processing techniques, such as adaptive channel equalization and adaptive echo can-
cellation, have played a very important role at maximizing the transmission efficiency of
DSL systems.

On the other hand, the transmit signal still needs to be in analog format to fit the analog
twisted-pair telephone loop better. Information after digital signal processing with limited
precision is converted to analog format through a Digital to Analog Converter (DAC), and
the received analog signal is converted through an Analog to Digital Converter (ADC) for
further digital signal processing.

The precision of DAC and ADC should be fine enough to realize the potential of the ana-
log telephone subscriber loop channel. In other words, the precision should be chosen such
that the DAC and ADC quantization noise will not be a limiting factor for the transmission
performance of DSL systems. The required DAC and ADC precision depends on the fol-
lowing;:

e The transmit signal line code
e The transmit shaping filter
e The characteristics of the channel

¢ The attenuation of the echo path
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There are baseband, passband single-carrier, and multiple-carrier line codes used for DSL
systems. The four-level baseband line code, also called 2B1Q for 2 bits per quaternary, has
been used for both the Basic Rate Access ISDN channel (also called DSL) and for HDSL.

A baseband line code usually consists of many parity symmetric and equally spaced signal
levels. Passband single carrier line codes, such as Quadrature Amplitude Modulation (QAM)
and Carrierless AM/PM (CAP), have also been proposed for DSL systems. A passband sin-
gle carrier line code has a two-dimensional signal. The two-dimensional signal is divided
into an in-phase channel and a quadrature channel implemented by the cosine and sine
phases of the single carrier, respectively.

Parity symmetric and equally spaced multiple signal levels are used for both in-phase and
quadrature channels. The Discrete MultiTone (DMT) line code is the standard for ADSL. A
DMT line code consists of a multiple of single carriers implemented through the Discrete
Fourier Transform (DFT). The number of carriers available to carry information is equal to,
or slightly less than, half of the DFT size. Each carrier of a DMT line code has the same
two-dimensional signal as that of a passband single carrier system.

Different line codes have different peak-to-average voltage ratios. The peak-to-average volt-
age ratio can also be affected by transmit shaping filters for a DAC and by the channel and
the echo path for an ADC. This chapter discusses issues related to the determination of
DAC and ADC precision requirements including the following:

® Peak-to-average ratio (PAR) of line codes. PARs are calculated for baseband multiple level,
passband single carrier, and DMT multiple carrier line codes. Relationships of PARs to
the number of signal levels, constellation size, and the number of carriers are derived.
The effect of clipping for the DMT line code is also discussed.

* Effects of transmit filter, channel, and echo path. The use of a transmit filter generally leads
to a higher PAR. The PAR can also be increased for a signal passing through the tele-
phone subscriber loop channel. The echo path could produce the same effect.

* Characteristics of ADC and DAC. The effect of ADC and DAC quantization noise and
its relationship to required PAR are discussed. The effect of ADC and DAC nonlinearity
is compared with that of quantization noise.

* ADC and DAC precision requirements. Combining PARs of different line codes and the
quantization noise of ADC and DAC, precision requirements are estimated for a few
practical DSL system examples.

Page 136 of 665



CHAPTER 7 Analog Front-End Precision 117

7.1 Transmit Signal Peak-to-Average Voltage Ratio

A binary baseband signal can have signal levels of -1 and +1. A four-level baseband signal
can have signal levels of -3, -1, +1, and +3. Figure 7.1 shows the waveform of a baseband

2B1Q line code.
Figure 7.1 A Baseband 2B1Q Line Code
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For the previous and following baseband signals, the distance between adjacent signal levels
is maintained to be 2. In general, an # level baseband signal can have signal levels of —n+1,
—n+3, ... n—3, n—1, for which # is an even number.

Assuming a load resistance of one, the average power for a binary signal is one. Using
the same load resistance value assumption, the average power for a four-level signal
is (12 +3? ) / 2. In general, the average power for an # level baseband signal is

n? -1

3

2
2P+ +.(n=1) +(n-1))=
n

Assuming a load resistance of one, the average voltage of this # level baseband signal is

n*-1
3

Figure 7.2 shows average voltage levels for different levels of baseband signals assuming a
voltage of two volts between adjacent signal levels.
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_Figure 7.2 Average Signal Magnitude of Baseband Signal
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For a peak voltage level of (n — 1) volts, the peak-to-average voltage ratio of an # level base-
band signal is

B 3 _ [3(n-1)
o I)J(nz—l)_\/ n+1

Figure 7.3 shows peak-to-average voltage ratio (PAR) for baseband signals with different
numbers of signaling levels.

Figure 7.3 Peak-to-Average Voltage Ratio of Baseband Signal
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Figure 7.4 shows the same PAR in terms of dB.
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Figure 7.4 Peak-to-Average Voltage Ratio (dB)
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In practice, the peak transmit voltage is limited by the voltage level of a power supply. For a
5 volt power supply, the peak-to-peak voltage can be as high as 4.6 volts without introduc-
ing too much amplifier nonlinearity. Using a single-ended hybrid circuit, the peak signal
level can be represented by a voltage level of 2.3 volts. Under the power supply voltage
limited condition, the average transmit power for an » level baseband signal with a load
resistance of 135 ohms is then

_23( (n+1)
f _ﬁ[xn—l)]

For an example of a four-level signal, the average transmit power is

23%( 5
P, =——| —— [=0.02177 Watts =13.38 dBm
135\3x3

Because of the increased PAR, the average transmit power for a 32-level baseband signal
with the same 5 volt power supply is 2 dB lower.

7.1.1 PAR of Passband Single Carrier Line Codes

A two-dimensional passband single carrier line code can be characterized by its constella-
tion. A CAP line code is a little different compared with the QAM line code. The difference
is explained in Chapter 8, “Channel Equalization.” CAP and QAM line codes can, however,
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share the same constellation. A QAM with a constellation size of 4 is also called Quadrature
Phase Shift Keying (QPSK) for its four phases of the same magnitude.

Assuming a two-dimensional constellation can be represented by multiple signal levels, simi-
lar to the baseband case, in each orthogonal dimension, a 4 CAP/QAM signal can have
signal levels of -1 and +1 in each dimension, but only one magnitude of N2 .A 16 CAP e
QAM signal can have four signal levels, -3, -1, +1, or +3, in each orthogonal dimension.
Possible magnitude values for a 16 CAP/QAM signal are /2, 4/10, and 3+/2 . Figure 7.5
shows a 16 CAP/QAM constellation.

Figure 7.5 A 16 CAP/QAM Constellation
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In general, a o CAP/QAM constellation can have magnitudes of the following:

s 15325 alld 2"—12,\/32+1,\/32+32,---, 32+(2"—1)2,

(2 -1 £1, wsf(2* 1) +(2°-1f

The value # is the constellation size index, which is the number of bits in each dimension.

For n =1, we have a 4 CAP/QAM constellation; for n = 2, we have a 16 CAP/QAM
constellation, and so forth.

Also, by assuming a load resistance of one, the average power for a 4 CAP/QAM signal is 2.
Assuming the same load resistance value, the average power for a 16 CAP/QAM signal is

(4x2+8x10+4x18)/16=10
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In general, the average power for a 2" CAP/QAM signal is

{22" xznizﬂi((za—l +(2j-1) )J " %(22., _y)

i=l j=1

The average voltage of a 2%" CAP /QAM signal in conjunction with a 1 ohm load resis-
tance is

2 2n
5(2 -1)

Figure 7.6 shows average voltage levels for a passband signal with different constellation size
indices.

Figure 7.6 Average Signal Magnitude of Passband Signal
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A passband sinusoidal signal also has a peak-to-mean square root voltage, which corre-
sponds to the power ratio of —\/E . With the consideration of the sinusoidal peak value, the
peak-to-average voltage ratio of a passband signal is

6(2" - 1)
2" +1

Figure 7.7 shows peak-to-average voltage ratio (PAR) for passband signals of different con-
stellation size indices.
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Figure 7.7 Peak-to-Average Voltage Ratio of Passband Signal

Figure 7.8 shows the same PAR in terms of dB.

Figure 7.8 Peak-to-Average Voltage Ratio in dB
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Using a 5 volt power supply and a single-ended hybrid circuit, the average transmit power
for an # level passband signal in conjunction with a load resistance of 135 ohms is then

23 241
T 135 6(2" - 1)

For an example of a 16 CAP/QAM signal, the average transmit power is
_2F ( 5

0.01088 Watts = 10.37 dB
T 135 6><3] s "

Under the same power supply voltage, the average transmit power of a 16 CAP/QAM
line code is about 3 dB less compared with a 2B1Q line code of the same transmission
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throughput under the same transmission bandwidth. The 3 dB power reduction of the 16
CAP/QAM line code is partially caused by the sinusoid peak-to-average ratio of V2.

7.1.2 PAR of DMT Line Codes

A Discrete MultiTone (DMT) system consists of multiple QAM constellations, each of
which has a different carrier frequency. The total average power of a DMT system is the
average power sum of each carrier as expressed in the following:

The value P, is the total average power, m is the number of carriers, and Psab‘_ is the
average power of ith carrier of a DMT system. If peaks of all carriers can be aligned, the
peak voltage of a DMT system is the peak voltage sum of all carriers. Under this assumed
condition and for the particular case where the average power of each carrier is the same,

you have
\74 2 pi ¢ pi 1 & V. 1 &
PAR =" P ey i=1 = _i=l - i _ P, .
DMT P W mP.  Nm Z:, P, T ; AR,
R 2P, R R

The values are as follows:

V,, is the peak voltage of the DMT system.
V. is the peak voltage of ith carrier.

P, is the same average power for all carriers.

&

With the additional special condition of PAR, = PAR,,, for which PAR,, is the same
PAR for all carriers, you have

PAR,,, = mPAR,,
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Figure 7.9 shows the DMT PAR for different numbers of carriers, assuming the following:
Peaks of all carriers can be aligned, average carrier powers are equal, and each carrier has
constellation sizes of 16, 64, and 256, respectively.

Figure 7.9 Cosine Carrier Peak-to-Average Voltage Ratio
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For a practical case where the peak of a DMT signal occurs when all carriers have the maxi-
mum amplitudes and 45 degree phase (that is, all carriers produce the top rightmost con-
stellation point), we have

- K, &
PAR - = ﬁZkiPAR‘. i T;;ZPA&
i=1 i=1

for which k;s are modification factors associated with the addition of the next adjacent carri-
er,and K| s are modification factors associated with the total number of carriers. Values of
k;s and K s are obtained through computer simulation.

With the additional special condition of PAR; = PAR,_, , we have

PRz ==

Yk =K,\mPAR,,
i=1

Figure 7.10 shows values of peak reduction factors, k;s.
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Figure 7.10 Peak Reduction Factor, k,
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Figure 7.11 shows the DMT PAR for different numbers of carriers with modification fac-

tors, k;s, and assumes that average carrier powers are equal and each carrier has constella-

tion sizes of 16, 64, and 256, respectively. The inclusion of peak reduction factor reduces

the estimated DMT PAR by about 1 dB.

_Figure 7.11  Peak-to-Average Voltage Ratio
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The DMT signal approaches a Gaussian distribution when the number of carriers is larger
than 20. The representation of all DMT peak values might be necessary. In other words, the
clipping of a DMT signal due to the limit of available voltage value might not degrade the
performance of a DMT-based transmission system. The clipping noise spreads across all
carriers. The clipping noise power level is usually low compared with signal power for a
clipping-to-average voltage ratio of larger than 4. Figure 7.12 shows the clipping rate of a
Gaussian-distributed signal with a limiting peak-to-average voltage ratio.
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Figure 7.12 Clipping Rate of a Gaussian Signal
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7.2 Transmait Filter, Channel, and Echo Path Effects

An analog or digital transmit filter is usually used to shape the spectrum of a DSL system.

The transmit filter expands the PAR. The effect of a digital Finite Impulse Response (FIR)

filter can be analyzed by calculating the mean, the variance, and the peak value of the FIR
filter output with random data as the FIR filter input. Effects of the analog transmit filter,
channel, and echo path are similar to that of the digital FIR filter.

The magnitude distribution of a multi-level signal after an FIR filter can be calculated as
follows. We have the FIR filter output signal as

x(k)= 3 hay ,

The values are as follows:

h;s are FIR filter coefficients.
The FIR filter has a total of m coefficients.

a;s are n-level data symbols with magnitudes of —(n-1), «(#-3), ..., -1, I, ..., (n-3),
(n-1).

The mean of the FIR filter output is

E[x(k)] = gE[k,.]E[ak_‘.] =0
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for
E[ak_,.] =0

The variance of the FIR filter output is

E[x*(k)]= l(i a,_ ] ]=iE[h3]E[a§_i]=mE[hf]E[af_,.]

i=l1

22(2;—1) . (7 lihf
AT EEEp—— ; 3|=1

The mean square root voltage, assuming a load resistance of 1, is then

(n2 - l)g h’

3

The FIR filter output also has a peak magnitude of
x(K) e = MAX(a,) 3 || = (n =D X |h|
i=1 i=1

The filter output peak-to-average voltage ratio is

" _3(n-1)
Z‘ |11’ n+l)z‘h2
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For a four-level signal, we have

Y

2 =l

\5 ihf
i=1

7.2.1 Baseband Square Root Nyquist Shaping Filters

For using a baseband square root Nyquist shaping filter, as shown in Figure 7.13, the peak-
to-average ratio for a four-level signal after the filter is about 18 dB. The square root
Nyquist shaping filter introduces the minimum signal distortion when used as a transmit
and receive filter pair. The design of the square root Nyquist filter is discussed in more detail
in Chapter 8 and Chapter 13, “ADSL (Asymmetrical Digital Subscriber Lines).”

_ Figure 7.13 A Baseband Square Root Nyquist Filter
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7.2.2 Passband Square Root Nyquist Shaping Filters

For using passband square root Nyquist shaping filters, as shown in Figure 7.14, the peak-
to-average ratio for a 16 CAP/QAM signal after these filters is about 17 dB.
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Figure 7.14 Passband Square Root Nyquist Filters

7.2.3 Baseband Channel Impulse Response

For a baseband signal using fourth order Butterworth transmit and receive filters with cor-
ner frequencies of 200 kHz over a 2 mile, 26-gauge twisted-pair loop, as shown in Figure

7.15, the peak-to-average ratio for a four-level signal after the equivalent channel is about
15.2 dB.

Figure 7.15 A Baseband Channel Impulse Response

Time (Sec.) x 107

7.2.4 Passband Channel Impulse Response

For a passband equivalent channel defined by a passband Nyquist filter with a baud rate of
125 kHz and a center frequency of 83.33 kHz over a 2 mile, 26-gauge twisted-pair loop, as

shown in Figure 7.16, the peak-to-average ratio for a four-level signal after the equivalent
channel is about 18 dB.
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Figure 7.16 Peak-to-Average Ratio for a Passband Channel
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7.2.5 Baseband Echo Path

For a baseband echo path also using fourth order Butterworth transmit and receive filters
with corner frequencies of 200 kHz in conjunction with a 2 mile, 26-gauge twisted-pair
loop, as shown in Figure 7.17, the peak-to-average ratio for a four-level signal after the echo
path is about 16.2 dB. The Baseband echo path is defined for each path with a baseband
signal.

Figure 7.17 Echo Path Impulse Response
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PARSs after transmit filters are of concern for DACs while PARS after channel and echo path
are of concern for ADCs.

7.3 ADC and DAC Characteristics

Data symbols are generated, received, and processed in a digital format while they are car-
ried over a transmission channel in analog formats. Data symbols are converted to analog
format in a transmitter with a Digital to Analog Converter (DAC). Data symbols are
recovered in a receiver first through an Analog to Digital Converter (ADC). Figure 7.18
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represents the ideal relationship between the digital input and analog output of a DAC.
Discrete analog voltage levels are generated according to corresponding digital inputs.

Figure 7.18 Ideal Digital to Analog Conversion Relationship
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Conversely, Figure 7.19 represents the ideal relationship between the analog input and digi-
tal output of an ADC. A continuous analog input signal is quantified into discrete digital
values.

Figure 7.19 Ideal Analog to Digital Conversion Relationship
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7.3.1 Calculation of Quantization Nozise

Although quantization noise exists for a DAC device, the effect might not be obvious be-
cause the DAC takes digital input. On the other hand, the effect of quantization noise is
always there for an ADC. The voltage difference between the analog input and correspond-
ing digital output values acts as a quantization noise from an ADC, as shown in Figure 7.20.
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Figure 7.20 Calculation of Quantization Noise
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Figure 7.20 is a good reference to calculate the amount of quantization noise. An N bits
ADC can represent a normalized voltage range of -1 to +1 with a step size of

2N—l

An N bits ADC can have a quantization error whose magnitude range is

11
oN N

The average quantization error power or quantization noise level is

1
i)
=% 3127

2]\'

z|'—

1 2
“TT (1)
w2 )

Assuming the maximum value that an ADC or DAC can represent is 1 and the minimum is
-1 (that is, the maximum magnitude is 0 dB), the quantization noise of an ADC is?

e, =—10x1og,,3—20x N xlog,y 2 = —4.77 - 6.02N dB

N-1
x*dx =2—x3
3

|-

=

About 6 dB of quantization noise level reduction is associated with every bit of resolution
increase. For N =12, we have

e, =—4.77-6.02N = -77.01 4B

On the other hand, a signal with a peak-to-average voltage ratio of K can be represented
with a signal level of

Page 152 of 665



CHAPTER 7 Analog Front-End Precision | 133

1
Sear, = 20X log,, K

For K=5.75, corresponding to a clipping rate of 10-%, we have

1
S, =20xlog,,— =-15.274B
PARy 10 58
Therefore, the maximum signal-to noise-ratio (SNR) represented by an N bits ADC with a
PAR of 5.75 is then

SNR=Sppe —e, =—15.27+77.01=67.74dB

Table 7.1 lists the maximum representable SNR for other ADC resolutions and PAR values.
Table 7.1 Maximum SNR (dB)

8 9 10 11 12 13 14

bits bits bits bits bits bits bits
PAR1 5293 5895 6497 7099 77.01 83.03 89.05
PAR2 4691 5293 5895 6497 7099 7701 83.03
PAR3 4339 4941 5543 6145 6747 7349 7951
PAR4 40.89 4691 5293 5895 6497 7099 77.01
PAR5 3895 4497 5099 57.01 63.03 69.05 75.07
PAR6 37.37 43.39 4941 5543 6145 6747 7349

7.3.2 ADC and DAC Nonlinearity

In practice, input and output values of a DAC or ADC do not always match. For an ADC,
the range of analog input corresponding to a particular digital output might be bigger or
smaller than desired or offset a little. For a DAC, the analog output corresponding to a
particular digital input might be off-set a little. Nonlinearity is the term that refers to these
input/output value deviations. For a DAC or ADC with many bits, the offset can be greater
than 1 bit. The effect of the nonlinearity is the reduction of DAC or ADC effective resolu-
tion. Figure 7.21 shows the best straight line linearity error for which the overall linearity
errors are minimized.
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" Figure 7.21 Best Straight Line Linearity Error
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Conversely, Figure 7.22 shows the end-point matched linearity error for which end points
of input and output are matched. The best-straight-line and end-point linearity errors are
defined through different calibration methods.

- Figure 7.22 End Point Linearity Error
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The effect of nonlinearity can also be characterized as additional quantization noise en-
hancement. The nonideal ADC quantization noise at 7th step (between two adjacent digital
outputs) can be described as
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L-Hj.

I 5
€ =1 ! 1 szdx= 5 : x? 2N1 "
2_N G A‘- = [—5}— +A]-_1] _ZLH*-Ai‘l 3(2_1\’ + Ai - Ai—l) N thim

3 3
s . [(2%+A,) +(§%~—A‘._l)]
3(? +A, - Ai—l]

in which A;and A,_, are amounts of deviations at the high end and low end of the analog
input range. For the special case of

e‘?l‘ = equ
(that is, the ADC nonlinearity is represented by its nonlinearity at the ith step) and
A=A, =A

we have

gl 1y 1 1(1 ¢
= | G =] AR
=73 {2(2”) gN ) 3 2”)

The ratio of quantization noise with nonlinearity to that of ideal is

11V
. 5(2_"] +A?
=222 L = ]4+3x2VA

& Tk
32"

These ratios of nonlinearity quantization noise enhancement are summarized in Table 7.2
for different values of A.
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Table 7.2 Nonlinearity Noise Level (dB)

A 2—N—1 2-—N—-0,5 2—N 2—N+0.5 2—N+1 2—N+l.5 2—N+2

e, /e, 1114 845 602 398 243 138 075

A nonlinearity of 1,/4 bit can cause a quantization noise enhancement of 2.43 dB while a
nonlinearity of 1,/2 bit can cause a quantization noise enhancement of 6.02 dB, which is
equivalent to the loss of one effective bit. In practice, the worst case nonlinearity decides the
available ADC or DAC resolution.

7.4 DAC and ADC Dynamic Range Requivements

The dynamic range of a DAC or an ADC defined by their precision should be comparable
with that required by the line code, error rate, and the channel condition of a DSL system.
The required DAC precision can be different for different digital transmit filters and line
codes. The required ADC precision is further affected by the twisted-pair loop channel and
the echo path.

7.4.1 DAC Resolution Requivements for Baseband Transmitters

For a baseband transmitter without digital filters, the required resolution for a DAC is the
same as that for the baseband line signal. For example, a four-level baseband signal needs
only a DAC of 2 bits, while an eight-level baseband signal needs only a DAC of 3 bits. Ad-
ditional signal spectrum shaping is carried out by analog filters after the DAC.

For a baseband transmitter with digital shaping filters, the required resolution for a DAC is
determined by the following factors:

e The number of line signal levels
¢ The desired signal-to-noise ratio or error rate

e The peak-to-average voltage ratio of digital shaping filters

The average signal power is expressed as

n® -1
3

The value # is the number of signal levels. For using a voltage difference of 2 between adja-
cent signal levels, the probability of error is
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p-_2 Te_f‘:_zd
2750’1 4

The value 67 is the variance of the noise. This can also be expressed as

2 ¢ -L (1]
P= Zdy=0 =
. %J;e y Qa

Q(x) is defined for this error probability function. The inverse of the noise power is the
inverse function of the error probability, as expressed in the following equation:

The required SNR is

@)

Table 7.3 shows the required SNRs for baseband signals with different numbers of signal
levels and different error rates.

Table 7.3 Required SNRs (dB)

Error Number of Signal Levels
Rate

4 8 16 32 64
100 207 26.9 33.0 39.0 45.1
107 216 27.8 33.9 39.9 46.0
108 222 28.4 345 405 46.6

The results in Table 7.3 indicate that doubling the number of signal levels (equivalent to
adding one more bit) for a baseband system costs approximately 6 dB of SNR.
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Table 7.4 shows the required DAC resolution for a different number of signal levels and
different error rates for a Nyquist shaping filter with a peak-to-average voltage ratio of

18 dB.
Table 7.4 Required DAC Resolution

Error Number of Signal Levels
Rate

4 8 16 32 64
108 6 7 8 9 10
107 6 7 8 9 10
108 6 7 8 9 10

One or two extra bits might be necessary to allow the inclusion of other noise sources while
meeting the same SNR objective. Results in Table 7.4 are obtained by equating the sum of
SNR and PAR to the negative dB of the quantization noise level, as follows:

SNR+ PAR=—-e, =4.77+6.02N

The required number of bits is expressed as

N = —(SNR+ PAR-4.77)
6.02

7.4.2 DAC Resolution Requivements for Passband Transmitters

For a passband transmitter with digital shaping filters, the required resolution for a DAC is
determined by the following factors:

¢ The constellation size
¢ The desired signal-to-noise ratio or error rate

e The peak-to-average voltage ratio of digital shaping filters

The average signal power is expressed as

2(2*" -1)
3
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The value # is the constellation size index or number of bits per dimension. The probability
of error is

The value ¢ is the variance of the noise. This also can be expressed as
_ f 2 Q( N )
£ o

The inverse of the noise power is the inverse function of the error probability, as shown in
the following expressions:

2
2 =0(e)
1_0'(R)
o2 2

The required SNR for a passband signal with a constellation size of 2*" is

Elo )y

Table 7.5 shows the required SNRs for different constellation sizes and different error rates.

Table 7.6 shows the required DAC resolution for different constellation sizes and different
error rates for a Nyquist shaping filter with a peak-to-average ratio of 17 dB.
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Table 7.5 Required SNRs (dB)

Error Constellation size
Rate

4 16 64 256 1024
108 137 20.7 26.9 33.0 39.0
107 146 21.6 27.8 33.9 39.9
108 15.2 222 28.4 34.5 405

Table 7.6 Required DAC Resolution

Error Number of Signal Levels
Rate

4 16 64 256 1024
108 5 6 7 8 9
107 5 6 7 8 9
108 5 6 7 8 9

Again, one or two extra bits might be necessary for a better quantization noise margin.

7.4.3 DAC Resolution Requivements for DMT Transmitters

For a DMT transmitter with 256 carriers and a maximum constellation size of 1,024, the
PAR is around 28 dB, the required SNR is about 40 dB, and the required DAC resolution
is as follows:

N = 6%(SNR + PAR—-4.77)=(40 +28 - 4.77)/6.02 =105 = 11bits

We might need a few extra bits to minimize the effect of quantization noise compared with
other transmission impairments.2 Therefore, a DMT transmitter might need a DAC resolu-
tion of 11 to 14 bits if no clipping is allowed.

The required DAC resolution of a DMT system can be relaxed significantly if clipping is
allowed.? The power of the clipping noise can be expressed as
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x?

& o
Fip =2 f(x—Ac:f»)zj_z_;Ed" ”\E '
i 2

Acrp #Se
in which
H= 2 is the clipping ratio and
1
o’ T
>~/ oM €" is the signal-to-clipping-noise power ratio.
‘F:'k‘p 8

For p=5.35 or 15 dB, corresponding to a clipping rate of 10-7, we have

0.2

~82 dB

clip

These calculations show that a DMT transmitter can be designed with a PAR of only 15 dB
without much performance degradation. This could result in a reduction of about 2 bits in
the DAC resolution requirement. Therefore with clipping, the required DAC resolution for
a DMT transmitter is between 9 to 12 bits.

7.4.4 The Effect of ADC Quantization Noise

If a transmission channel has only a flat loss, the receiver ADC needs at least the same reso-
lution as that of transmitter DAC. To minimize the effect of receiver ADC quantization
noise under a certain receiver front-end noise level, we need a quantization noise level that
is lower than that of the receiver front-end noise. The overall receiver front-end signal-to-
noise ratio after the ADC is expressed as

Psim P;ina 1 ]'
SNR= "2 = s = SNR, — ——
0, +O04pc o, 1+m 1+ —ADBC
o’ o’
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The values are as follows:
Ps,vgm,, is the received signal power.

0'3 is the receiver front-end noise power.

9 " . 1 .
O 4 pc s the ADC quantization noise power.

For the quantization noise limited case, 0': represents the DAC quantization noise power.
We can let 0': = O'_iDC. For this assumption, 0'3 and O'i pc €ach need to be 3 dB lower
compared to that calculated for ADC alone to meet the same SNR objective.

For the receiver front-end noise limited case, o’f represents the receiver front-end noise
power. The noise enhancement introduced by the receiver ADC quantization is

Figure 7.23 shows the relationship between the noise enhancement and the quantization to
the receiver front-end noise ratio. A ratio of one or 0 dB will increase the noise level by 3
dB, while a ratio of 0.25 or -6 dB will only produce a noise enhancement of 1 dB. This
corresponds to one extra bit than the required number of bits calculated in Tables 7.4 and
7.6 and that calculated for the DMT transmitter.

Figure 7.23 Degree of Noise Enhancement

g ' '
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Quantization to Receiver Front End Noise Ratio (dB)

7.4.5 ADC Precision Requivements Considering Channel Loss

At the receiver front end, a twisted-pair loop channel can introduce a loss difference of as
much as 40 dB within a signaling band; however, a portion of the channel with heavy
signal losses can also tolerate a relatively high quantization noise level. In other words, the
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signal-to-noise power density ratio at the high-frequency end, where heavy channel loss
occurs, can be less than that required by a particular line code.

The use of an adaptive channel equalizer could automatically compensate the low signal-to-
noise ratio at a certain frequency region. Figure 7.24 shows relationships between the re-
ceived signal level, the average received signal level, and the receiver front-end noise level
for a 2 mile, 26-gauge twisted-pair loop.

Figure 7.24 Received Signal and Noise Power Level

The required ADC resolution to recover all information delivered by this twisted-pair loop
channel can be calculated as

(=752 +140 + 20 — 4.77)/6.02 = 14 bits

The values are as follows:

-75.2 dBm/Hz is the average received signal power density level.
-140 dBm/Hz is the receiver front-end noise power level.

The desired SNR is the average received signal power density minus the receiver front-
end noise power density.

20 dB is for the received signal PAR.

If the received signal only uses a frequency spectrum of 200 kHz, such as the signal spec-
trum of HDSL, the average received signal level is —=66.9 dBm/Hz, and the loss difference
for a bandwidth of 200 kHz is about 30 dB. The required ADC resolution for this 200 kHz
band with a four-level signal can be calculated as

(21.4+30+15-4.77)/6.02 = 11 bits
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The values are as follows:

21.4 dB is the required SNR for a four-level signal.

30 dB is the channel loss difference.

The desired SNR is the SNR for a four-level signal plus the channel loss difference.
15 dB is for the received signal PAR.

Figure 7.25 shows relationships between the received signal level, the average received sig-
nal level, and the receiver front-end noise level for a 3 mile, 26-gauge twisted-pair loop.

Figure 7.25 Received Signal and Noise Power Level
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The required ADC resolution to recover all information delivered by this twisted-pair loop
channel can be calculated as

(<79 +140+20-4.77)/6.02 = 13 bits

The values are as follows:
-79 dBm/Hz is the average received signal power density level.

—140 dBm/Hz is the receiver front-end noise power level.

The desired SNR is the average received signal power density minus the receiver front-
end noise power density.

20 dB is for the received signal PAR.

If the received signal uses a frequency spectrum of only 40 kHz, such as the spectrum of the
Basic Access Rate ISDN channel, the average received signal level is -66.5 dBm/Hz, and
the loss difference for a bandwidth of 40 kHz is about 26 dB. The required ADC resolution
for this 40 kHz band with a four-level signal can be calculated as
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(21.4+26+15—-4.77)/6.02 = 10 bits

The values are as follows:

21.4 dB is the required SNR for a four-level signal.

26 dB is the channel loss difference.

The desired SNR is the SNR for the four-level signal plus the channel loss difference.
15 dB is for the received signal PAR.

7.4.6 ADC Precision Requivements Considering Echo Path

The echo level is usually much higher compared with the received signal level. The echo is
attenuated by the hybrid circuit and bandpass filters in the case of a Frequency Division Du-
plex (FDD) system. For cases in which the transmit signal and received signal are further
separated with the help of a digital echo canceller, a higher resolution ADC becomes neces-
sary. For an assumed echo return loss of 15 dB, required ADC resolutions are calculated for
the examples in section 7.4.5, “ADC Precision Requirements Considering Channel Loss.”

The required ADC resolution to recover all information delivered by a 2 mile, 26-gauge
twisted-pair loop channel can be calculated as

(=55+140 +16 —4.77)/6.02 = 16 bits

The values are as follows:

—55 dBm/Hz is the average echo mixed with the received signal power density level.
-140 dBm/Hz is the receiver front-end noise power level.

The desired SNR is the average echo power density minus the average receiver front-end
noise power density.

16 dB is for the echo mixed with the received signal PAR.

If the received signal uses a frequency spectrum of only 200 kHz, such as the signal spec-
trum of HDSL, the desired signal-to-noise ratio is increased by -55—(—66.9)=11.9 dB. The
required ADC resolution for this 200 kHz band with a four-level signal can be calculated as

(21.4+11.9+30+16 —4.77)/6.02 ~ 13 bits
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The values are as follows:

21.4 dB is the required SNR for a four-level signal.
11.9 dB accounts for the stronger echo level.
30 dB is the channel loss difference.

The desired SNR is the sum of the required SNR for a four-level signal, the stronger
echo level, and the channel loss difference.

16 dB is for the received signal PAR.

The required ADC resolution to recover all information delivered by a 3 mile, 26-gauge
twisted-pair loop channel can be calculated as

(~55+140 +16 —4.77)/6.02 = 16 bits

The values are as follows:

-55 dBm/Hz is the average echo mixed with the received signal power density level.
-140 dBm/Hz is the receiver front-end noise power level.

The desired SNR is the average echo power density minus the average receiver front-end
noise power density.

16 dB is for the echo mixed with the received signal PAR.

If the received signal use a frequency spectrum of only 40 kHz, such as the signal spectrum
of the Basic Rate Access ISDN channel, the required signal-to-noise ratio is increased by
—55—(—66.5)=115 dB. The required ADC resolution for this 40 kHz band with a four-level
signal can be calculated as

(21.4+11.5+26+16—4.77)/6.02 = 12 bits

The values are as follows:

21.4 dB is the required SNR for a four-level signal.
11.5 dB accounts for the stronger echo level.
26 dB is the channel loss difference.

The desired SNR is the sum of the required SNR for a four-level signal, the stronger
echo level, and the channel loss difference.

16 dB is for the received signal PAR.
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CHAPTER

Channel Equalization

The usable bandwidth of a twisted-pair telephone subscriber loop is much wider than the
voice band telephony channel; however, the channel distortion is also more severe for using
the full available bandwidth. Specifically, amplitude attenuation and phase delay could be
very different at different frequency regions within the available bandwidth. A transmitting
signal could become unrecognizable after going through a telephone subscriber loop
because of the amplitude and phase distortion. The channel capacity estimation in the fre-
quency domain only indicates the transmission potential of the telephone subscriber loop—
but does not reveal any method of achieving that.

An information bit stream is usually converted into a sequence of data symbols. The trans-
mission throughput is the product of the symbol rate and the number of bits carried by
every data symbol. The faster the symbol rate, the higher the transmission throughput;
however, the symbol rate is limited by the channel amplitude and phase distortion. Specifi-
cally, the channel distortion causes the data symbols to spread. Therefore, there are certain
limitations to how close symbols can be lined up next to each other without the use of any
channel distortion compensation technique.

The effect of channel distortion can be minimized using a channel equalizer, which can be
used to control the spread of the data symbol after going through the channel. Dividing the
available bandwidth into many smaller frequency regions where channel distortion becomes
relatively insignificant also can minimize the effect of channel distortion. A channel equaliz-
er also can be very useful even for the bandwidth divided DSL systems.

In theory, an equalizer should have a frequency response that is the inverse of the channel.
In practice, a channel equalizer is normally implemented with a digital adaptive filter. An
adaptive channel equalizer can be further categorized as linear or decision feedback, baud
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rate or fractionally spaced, baseband or passband (depending on performance requirement),
signal processing capability, and system architecture.

The development of the adaptive channel equalization technique has helped the evolution
of the voice band modem technology. The adaptive channel equalization technique has also
been successfully used for DSL systems to realize the transmission throughput potential
available over the telephone subscriber loops. Equalizer coefficients and equalizer output
signal-to-noise ratio (SNR) can characterize the implementation requirement and the effec-
tiveness of an adaptive channel equalizer. Equalizer coefficients and output SNR can be
obtained iteratively through the simulation of the adaptation process or directly through
some matrix calculation in conjunction with channel and noise models.

This chapter addresses issues related to the determination of equalizer coefficients and
equalizer output SNR, based on the matrix calculation method. Detailed results are derived
for the following equalizer configurations:

* Adaptive Linear Channel Equalizer. Concepts of channel equalization and adaptive filter-
ing are discussed. Baud rate and fractionally spaced linear equalizer coefficients and
equalizer output SNRs are calculated. The issue of noise enhancement is also addressed.

* Decision Feedback Channel Equalizer (DFE). DFE equalizer coefficients and equalizer
output SNRs are calculated for baud rate and fractionally spaced feed forward filters
(FFF). The Tomlinson/Harashima precoding method is also introduced.

* Passband Equalizer and Carrierless AM/PM (CAP). Equalizer coefficients and output
SNRs are calculated for the passband Quadrature Amplitude Modulation (QAM) system.
A linear equalizer or the FFF of a DFE can be placed before or after the demodulation
process. Linear equalizer and DFE structures for a CAP system are derived. Equalizer
coefficients and equalizer output SNRs are also calculated for a CAP system.

® Equalizer for Discrete MultiTone (DMT) Systems. The concept of intersymbol interference
for a DMT system is introduced. Equalizer coefficients and equalizer output SNRs are
calculated for a DMT system based on the Minimum Mean Square Error (MMSE)
criteria.

8.1 Adaptive Linear Channel Equalization

A channel equalizer can be used to minimize the effect of channel distortion; however, ev-
ery twisted-pair loop has its own unique transmission characteristics due to the composition
and the configuration of that particular loop. Furthermore, the transmission characteristics
of a twisted-pair loop is slightly time varying and temperature dependent.

Page 170 of 665



CHAPTER 8 Channel Equalization | 151

An adaptation process is used to identify the optimal channel equalizer coefficients and keep
tracking possible variation of the channel characteristics. A linear equalizer is usually imple-
mented with a digital Finite Impulse Response (FIR) filter. The output of a linear equalizer
depends only on the received signal versus that of a DFE whose output depends on estimat-
ed data symbols.

Although there is enough signal-to-noise ratio to carry a signal over the twisted-pair loop
channel, the channel distortion to the transmitted signal is very severe. At signaling rates of
higher than a few hundred kHz, the received signal has a disbursing many times that of the
signaling interval.

Figure 8.1 shows normalized impulse responses after 1, 2, and 3 miles of 26-gauge twisted-
pair loops. Signaling intervals, or baud periods, are 12.5, 2.5, and 1 microseconds for sig-
naling baud rates of 80 kHz, 400 kHz, and 1 mHz, respectively. Even for the 1 mile loop,
the impulse response lasts more than 30 microseconds. The tail of the impulse response can
interfere with the next baud signal if the baud period is shorter than that of the tail. This is
called channel intersymbol interference.

Figure 8.1 Impulse Responses for Twisted-Pair Loops of Different Lengths
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8.1.1 Compensating for Channel Distortion

In theory, the channel distortion can be compensated if you use a filter, with a frequency
response that is the inverse of that of the twisted-pair loop channel, in front of the receiver.
We let

HF(f)zg(l?')"

. (f) is the transfer function of the compensation filter.
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H(f) is the transfer function of the channel.

This channel compensation filter cannot be realized in analog format, however, because the
Fourier transform of the inverse channel does not exit. For the simplified channel model of

H(d f) = e"“{kl \‘r?+k2f)e—idksf

the transfer function for the compensation filter is expressed as

H,(d,f)= oI +haf) i f

The Fourier transform of this transfer function does not exist because H,. (d ) ) — 00

when f — co. On the other hand, the channel compensation can be realized in the sam-

pled digital domain. The frequency response of the channel in the sampled digital domain is
expressed as

H()=1 3. H(7- )

[=—co

The frequency response of the compensation filter, also in the sampled digital domain, is
expressed as

Ho()= T
r2f-7)

The discrete frequency domain version of this compensation filter is expressed as

H, (k)= H, ;(kAf) = iH(kAf - iT)

Filter coefficients of this digital compensation filter exist and can be obtained through the
discrete Fourier transform using the following expression:
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hs.F(n) F("A‘)" Z F(k T

Filter coefficients of this digital compensation filter also can be obtained directly in the dis-
crete time domain. It is preferable to have the combined output of the channel and com-
pensation filter be zeros all the time except at one particular sampling instance, /

S Hha(j-i)=0, 1
Eh(l) F(f i)=1, j=1

Because data symbols are transmitted in sequence, every sampling instance can be made
unique, corresponding to a particular data symbol. The received signal detected from this
sequence of sampling instances can be made free of channel distortion. This condition can
be expressed in a matrix format. An example of channel and filter lengths both being equal
to 5 is expressed as

1) 0 0 0 0 0
h2) h1) 0 0 O 0
h(3) h?2) K1) 0 0 [h ()] O
h4) hB3) h(2) k1) 0 [h(2)| O
h(5) h(4) h(3) h(2) k()| k. 3)|=1
0 h(5) h(4) h(3) h(2)|h(4)| O
0 0 h(5) h4) h3)|hG5)] O
0 0 0 A5 hA4) 0
0 0 0 0 &Y 0

These compensation filter coefficient values can be obtained by solving the above set of
overly specified linear equations. In general, the unit response does not need to be exactly in
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the middle of the convolution span. The previous matrix relationship can be described in a
simplified notation, as follows:

‘F—I‘Er:ﬁ

L 1Y

Because H is not a square matrix, the solution is expressed as

he=(EH) B
Figures 8.2, 8.3, and 8.4 show normalized filter coefficients of compensation filters as well
as original and compensated channel impulse responses for 1, 2, and 3 miles of 26-gauge
twisted-pair loops, respectively. Because the channel impulse response is normalized, and
compensation filter coefficients and compensated channel impulse response all have similar
magnitudes, they are organized together in all three figures for the comparison of different
shapes.

Figure 8.2 Channel and Compensation Filter for a 1 Mile, 26-Gauge Loop

1

This digital compensation filter is called a linear channel equalizer because the equalizer

output is a linear combination of the received signal.! Equalizer coefficients obtained ac-
cording to the previous matrix relationship results in what is called a zero forcing channel
equalizer, which works well in a noiseless or low-noise environment.
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Figure 8.3 Channel and Compensation Filter for a 2 Mile, 26-Gauge Loop
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Figure 8.4 Channel and Compensation Filter for a 3 Mile, 26-Gauge Loop
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8.1.2 Obtaining Optimal Equalizer Coefficients

For a twisted-pair channel with crosstalk and background noise, optimal equalizer coeffi-
cients are obtained through minimizing the mean square error between the desired unit
response and the channel and equalizer combined output. The frequency domain derivation
of this Minimum Mean Square Error equalizer is equivalent to the Wiener Filter?

The received signal contains information of the current as well as past and future data sym-
bols. The ideal equalizer output should only contain the current data symbol. The differ-
ence between the current data symbol and the output of the equalizer contains the error of
the current data symbol estimation and residual channel distortion. Based on the assump-
tion that the received signal and the error between the unit response and the equalizer out-
put should not be correlated, we have
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E{[a(t) - J:x(t - a)q(a)da]x(t - 1‘)} =0

The values are as follows:
a(t) is the transmit signal.
x(#) is the received signal.
q(t) is the equalizer.

This expectation yields the relationship between the correlation of the transmitted signal
and the received signal and the autocorrelation of the received signal:

R, (7)= [ R.(1-0)q(a)dx

The values are as follows:
R, (2) is the correlation between the transmitted signal and the received signal.

R (t) is the autocorrelation of the received signal.

This can be equivalently expressed in frequency domain as
Su = (@)= 5. (0)Q0(@)
Therefore, the minimum mean square equalizer solution in frequency domain is

00)=3=5)

You can derive the discrete Minimum Mean Square Error equalizer solution directly in the
discrete time domain. The instantaneous error between the desired data symbol and the
equalizer output is expressed as

_ T
e =0a,_,—X, 0

a,_,is the desired data symbol after a channel delay of d signaling periods.
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X: = [xk Xpg o Xoun +1] is the received signal vector for an equalizer length
of n.

T : : .
0, = [ql r G o an] is the equalizer coefficient vector.

e, is the error between the desired signal and the equalizer output.

We further expand the received signal as the convolution of the transmitted signal and the
twisted-pair loop channel impulse response as

h(1)

h(2 -
()+m=&%+m

]
X = Zak—iﬂh(i) = [ak L W akal]
i=1
h(l)
The channel impulse response, which has a duration of /and n,, is the sampled receiver
front-end noise.? The received signal vector can be expressed as

[ h(1) 0 0 0]
h2) K1) 0 O
h(3) hK2) O O

X, =[a, @, -« Gi,.) h.(';) h(tu;l) 0 ::((;)) +[n, nmy o m_ L |=ATH+N,”
0 Al O k@)
0 0 0
0 0 0 A

H has a dimension of I+n—1 by n, and the data vector A:T has a length of I[+n-1. The ex-
pected value of the squared error, or mean squared error, for a particular equalizer Q is

Ele}] = E|(a,-. - X{ 0 |
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The derivative of the mean squared error with respect to the equalizer coefficient vector,

0,is

d(E[e;] To\yT
T

By setting the derivative equal to zero, we obtain the optimal equalizer coefficient vector,

Q, 1, for the minimum mean squared error as

or E[X.X[|= E[a,_,X] ]
QoT;;: = (E[Xka])_lE[ak_de]

When the channel noise is set to zero, the Minimum Mean Square Error equalizer solution
becomes the zero forcing equalizer solution:

0, =(FH) By

Figures 8.5, 8.6, and 8.7 show Minimum Mean Square Error equalizer coefficients for 1, 2,
and 3 miles of 26-gauge twisted-pair loops, respectively, under different white background
noise levels. The results in Figures 8.6 and 8.7 indicate that a balance exists between the
degree of channel equalization and the amount of noise enhancement. Under a lower noise
level, a better channel equalization can be realized.

Figure 8.5 Channel Equalizer for a 1 Mile, 26-Gauge Loop with Different Noise Levels
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Figure 8.6 Channel Equalizer for a 2 Mile, 26-Gauge Loop with Different Noise Levels
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Figure 8.7 Channel Equalizer for a 3 Mile, 26-Gauge Loop with Different Noise Levels
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In a hardware implementation, equalizer coefficient values are identified iteratively most
often with the LMS algorithm*

=0+ p'Xk(ak~d = X:Qk)

for which the adjustment step size should satisfy the following condition:

1
= E[ X, X[ |

The value trE[X » o : ] refers to the sum of the diagonal elements of the matrix
E[X.X] |
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If the received signal is properly normalized, that is, E[xf] =1 through receiver front-end
amplification, the result will be

1
p<—

n

in which # is the length of the channel equalizer.

The expression

buin = E[a}_| - E[a,_,X] 12,

describes the Minimum Mean Square Error (MMSE) between the desired signal and the
output of an optimal equalizer, which is determined by the receiver front-end noise level,
the twisted-pair loop channel, and the length of the equalizer.

A 26-gauge, 10,560 foot loop with receiver front-end noise power density levels of ~110
dBm/Hz, -120 dBm/Hz, and -130 dBm/Hz, for example, has MMSE levels of -18.3 dB,
—27.9 dB, and -36.6 dB, respectively.

The actual mean square error between the desired signal and the output of an optimal
equalizer is slightly higher than the MMSE by the amount of excessive MMSE due to the
use of a finite adjustment step size. The amount of excessive MMSE is proportional to the
adjustment step size and is described by the following expression:

excess &, = u& . tr E‘[Xka ]

For a simple example of E] [x,f] = 1 with an adjustment step size of u =1,/80, the amount of
excessive MMSE is then

excess &, = 0.5 .

The total mean square error between the desired signal and the output of an optimal equal-
izer is

E=excess &, + & =1.58
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This effect of a 50 percent addition is equivalent to raising the mean square error by the
amount of 1.76 dB. Figure 8.8 shows convergence of the mean square error for adjustment
step sizes of 1,/200, 1,/300, and 1,/400 for a 1 mile, 26-gauge twisted-pair loop. The mid-
dle curve has an adjustment step size of 1,/300. A slightly lower mean square error level can
be observed for a step size of 1,/300 compared with that for a step size of 1,/200.

Figure 8.8 Convergence of an Adaptive Channel Equalizer
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8.1.3 Baud Rate Equalizer Performance

The preceding derived equalizer operates at the signaling baud rate and, therefore, is also
called the band rate equalizer. It also can be called the symbol rate or the symbol spaced equal-
izer. The performance of a baud rate equalizer is very sensitive to the sampling timing phase
because the sampled signal strength could be different relative to the background noise.
Figure 8.9 shows the MMSE values for a 2 mile, 26-gauge twisted-pair loop with different
sampling timing phases. These MMSE values can differ by as much as 9 dB at different tim-
ing phases. Ten sample points were taken for a phase rotation of 27 in Figure 8.9.

Figure 8.9 Equalizer Output Signal-to-Noise Ratio Versus Timing Phase
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The effective bandwidth is half of the sampling rate or baud rate for this special baud rate
equalizer case. Nyquist frequency is often used to describe the bandwidth defined by the
half sampling frequency. The analog channel, including channel attenuation and receiver
front-end noise, is folded along the Nyquist frequency due to the sampling process.

The interference caused by sampling images is often referred to as the aliasing effect. An
analog filter with a Nyquist corner frequency is usually used to minimize the effect of alias-
ing. The performance of a baud rate equalizer also suffers from aliasing at the region near
the half of the sampling frequency.

8.1.4 Fractionally Spaced Equalizer Performance

The alternative to the baud rate equalizer is the fractionally spaced equalizer.s A fractionally
spaced equalizer has a data input rate a few times of the baud rate while maintaining the
equalizer output rate at the baud rate. Figure 8.10 shows the structure of the fractionally
spaced equalizer and its multiple baud rate equalizer equivalence. For example, a three times
over sampled fractionally spaced equalizer can be considered as consisting of 3 baud rate
equalizers, each of which has a third number of equalizer coefficients.

Figure 8.10 Multiple Equalizer Equivalence of a Fractionally Spaced Equalizer
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The optimal fractionally spaced equalizer coefficients also can be derived from the discrete
time domain. Given a two times over-sampled case, dividing the fractionally spaced equaliz-
er into a phase 1 part and a phase 2 part, the instantaneous error between the desired signal
and the output of a fractionally spaced equalizer is

” 1T Al 2T A2
e=a_,-X O -X, G

a,_, is the desired data symbol after the channel delay of d signaling periods.

X = [x,c Lpm: e xx_n] and X' = [xk_I Hrca:  wmx xx_ml] are received sig-
nal vectors.
,:T = [q, k D Yoy k] is the equalizer coefficient vector for the phase 1 part of

the fractionally spaced equalizer.
fr = [qu Qup - an] is for the phase 2 part.

e, is the error between the desired signal and the equalizer output.

Notice that both phase 1 and phase 2 equalizers have a length of n/2. We also have

h(1)

& : h(3)
X, = éak_‘.ﬂh(l +2(i-1))= [ak a, - ak_mﬂ] o
h(l-1)
for odd k and
h(2)
X, = ij’ak_,.“h(%) = [ak By w O "4) +n,

)

for even k. We further have
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[ k(1) 0 0 0
h3) K1) 0 0
5 KB 0 0
. h(1
X;T=[ﬂk Ay o ak_n,-z—uuz] hi-1) h{I-3) 0 hé; +[nk Bpz o "k-m‘z]
0 h(I-1) 0  A(5)
0 0 0
0 0 0 h(i-1)
[h(2) 0 0 0]
h4) H2) 0 0
n6) h(4) 0 0
e e (2
i R e I N hE4; s B o Avi]
0  h(l) O k()
0 0o 0 ..
0 0 0 h()]

With two baud spaced received signal vector defined as X ;T and X f T | the expected value
of the square error, or mean square error, for a particular equalizer vector, Q, is

Het]=E{(a. - X0 - X770

Q' and (7 represent the first and second sampling phase of the equalizer, Q, respectively.
The derivative of the mean squared error with respect to the equalizer coefficient vectors

Q' and Q? are

d(Ele}
% =-2E|(a, .- X"Q' - X" 0*)X}]

(<))

00’ = —2E[(ak—d -X'0 -X"Q )X"ZT]
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To obtain the optimal equalizer coefficient vector O,,,, set the derivative equal to zero, as

shown in the following expressions:
Q"E[X; X" |+ Q" E[ X, X;" ]| = E[a,_,X."]
Q"E[X; X\ |+ Q7 E[X; X" | = Ela,_. X"

You also can use these expressions in an arranged matrix form as

g o 1]

The optimal equalizer solution is as follows:

-1

0, 1_([Hxxr] Hxxel' I [x

o, \LExxT] Exx7] X
The matrix inverse exists as long as there is receiver front-end noise. Figures 8.11, 8.12, and
8.13 show normalized, fractionally spaced equalizer coefficients as well as baud rate equaliz-

er coefficients, in little circles, as a comparison for 1, 2, and 3 miles of 26-gauge twisted-pair
loops, respectively.

Figure 8.11 Fractionally Spaced Equalizers for a 1 Mile, 26-Gauge Loop
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