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Abstract

In this project, I will design a channel model and the systems needed for receiver

initialization of a ADSL G.lite modem in the Agilent HP EESof design environment.

One of the signi�cant problems in ADSL modem design is the inherent complexity

of the system. The ultimate objective of this project is to build a high level abstrac-

tion of the design of an ADSL G.lite modem. This will make it easy to simulate the

operation of the modem, to evaluate the design and with powerful synthesis tools

may even be used to synthesize a working design. The channel model is needed

to accurately simulate the e�ect of transmission of an electrical signal through a

twisted pair of copper cables. For optimal performance the receiver and transmitter

must adapt to the channel and noise characteristics during initialization. The re-

ceiver must estimate the channel and noise, perform channel equalization and also

synchronize to the transmitter.
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1 Introduction

The demand for bandwidth for high speed data communications and interactive media

transmission has been growing explosively. Digital subscriber line (DSL) technologies

reuse the existing twisted pair copper cables that already reach most of the customers for

telephone connections to provide cost-e�ective, dedicated uninterrupted high data rate

connections that are secure and are always on.

Typical bandwidth requirements of residential customers and small businesses are

asymmetric. Consumers require a higher bandwidth in the downstream direction (from

the telecommunication provider to the consumer) than the upstream direction (from the

user to the provider). Asymmetric digital subscriber line (ADSL) is a form of DSL that

caters to this market. The operation of an ADSLmodem, as standardized by the American

National Standards Institute (ANSI), can support up to 6MB/s downstream and up to

1.5MB/s downstream simultaneously along with voiceband data [1]. However, a splitter

is required to separate the voiceband from the ADSL data transmission. The need for

a splitterless version of ADSL was felt to make customer installation easier. Splitterless

ADSL uses lesser power to reduce interference and can therefore only support lower data

rates of up to 1.5MB/s downstream. This version of ADSL, called G.lite was standardized

by the International Telecommunication Union recently [2].

One of the signi�cant problems in ADSL modem design is the inherent complexity of

the system. The objective of this project is to build a high level abstraction of the design

of an ADSL G.lite modem. The which will make it easy to simulate the operation of the
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modem, to evaluate the design and with powerful synthesis tools may even be used to

synthesize a working design. I will be working with two other groups and we will be using

the Agilent HP EEsof design environment [3]. My contributions to the project are to build

a channel model and the systems needed for the initialization of an ADSL receiver. The

channel model is needed to accurately simulate the e�ect of transmission of an electrical

signal through a twisted pair of copper cables. For optimal performance the receiver and

transmitter must adapt to the channel and noise characteristics during The receiver must

estimate the channel and noise, perform channel equalization and also synchronize to the

transmitter.

2 Background

2.1 Channel characteristics

The channel characteristics are determined by several factors including cable length, cable

gauge, bridge taps, di�erent resistor capacitor terminations and shunt resistances [4]. The

signal is subject to crosstalk, electromagnetic interference from other cables in the same

bundle. Relatively less distortion is further caused by external sources and thermal noise.

The e�ect of the channel can be modeled as a linear shift invariant �lter and additive

colored noise as shown in Fig. 1(a). The linear �lter can be computed by modeling the

elements of the line using the ABCD parameter model for 2-port networks Fig. 1 shows

the linear model for ANSI speci�ed test case carrier-serving-area loop1 (csaloop1) [4]. The
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Figure 1: (a) Modeling of channel (b) Channel model for ANSI speci�ed test case csaloop1

crosstalk can be modeled as colored Gaussian noise [4, 5]. The frequency response of the

coloring �lter is given by

H(f) = 10�13
�
N

49

�6

f 1:5 (1)

where N is the number of disturbers in the bundle and f is frequency in Hertz. Other

external sources of noise are modeled as additive white Gaussian noise.

3 Overview of G.lite ADSL modem

A bandwidth of 28kHz to 552kHz is used by ADSL G.lite modems [2]. Lower frequencies

are avoided to prevent interference from voiceband data. The lower part of this band-

width up to 138kHz is used by upstream data and the rest by downstream data. Using

discrete multitone modulation (DMT) the modem modulates data into 128 subbands of

size 4.3125kHz. The modem operates in two modes, data transmission and initialization.
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Figure 2: Block diagram of ADSL transmitter and receiver

3.1 Data Transmission mode

Fig. 2 shows a simpli�ed schematic of the operation of an ADSL transmitter and receiver

during data transmission [2]. The input bitstream is �rst sent through several stages

like error correction coding, interleaving and scramblers. The power level and number

of bits in each sub-channel is chosen to maximize data rate at a �xed bit error rate.

One of the sub-channels is dedicated to transmitting a pilot signal that is used by the

receiver for synchronization. The bit streams are modulated by baseband quadrature

amplitude modulation (QAM). The outputs are mirrored and then modulated into higher

frequencies using a 256 point inverse fast Fourier transform (IFFT). The output of the

IFFT is guaranteed to be real. A cyclic pre�x of 16 samples is added to the 256 samples

to create a frame. The cyclic pre�x accounts for inter-symbol interference (ISI) due to

transmission over a channel with memory. Every 69th frame is a synchronization symbol

and carries no data.

The receiver uses a time domain equalizer which is usually a �nite impulse response

�lter (FIR) �lter to reduce the memory of the e�ective channel to less than the cyclic

pre�x. The cyclic pre�x is removed and then the data is sent through a FFT block and
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a frequency domain equalizer. The frequency domain equalizer is a point wise scaling

operation to compensate for the e�ect of the shortened channel. The 128 outputs are

then sent to QAM decoders, followed by the error detection and correction systems.

3.1.1 Initialization mode

During initialization known data sequences are transmitted to train the receiver and

transmitter. The G.lite standard speci�es a detailed list of states and the signals to

transmit and expect to receive while in each state [2]. The initialization sequence consists

of four steps described below.

1. Handshake : The transceivers establish a connection in this mode. They negotiate

settings and determine the functionalities present in each other like the kind of

modem - G.lite or regular ADSL, ability to perform certain kinds of error control

coding and so on.

2. Transceiver training : The �rst pulse transmitted is a sinusoid at 276kHz and

is used for synchronization. The next set of pulses are wideband and are used to

determine received signal powers and for adjustment of the automatic gain control

system. The receiver can train its equalizer at this step.

3. Channel Analysis : The transmitters convey information about their settings

like the parameters of the error control coders, minimum required signal to noise

ratio (SNR) margins and maximum number of bits per carrier that is supported. A
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wideband pseudo random sequence is transmitted to measure signal to noise ratio

in each sub-channel.

4. Exchange: Now the receivers recompute margins and loop attenuations. The re-

ceivers calculate the bit loading and gains for each channel and the information is

exchanged between the modems.

4 Modeling and proposed work

4.1 Channel Model

A C program will be used to compute the channel model as a discrete time FIR �lter given

the parameters of the cable [6]. Crosstalk will be modeled as additive white Gaussian noise

�ltered through in�nite impulse response �lter modeled according to (1). The channel

model will be in the synchronous data 
ow domain [7]. To simulate timing o�sets a

dynamic data 
ow model will be used in an interpolater at the front end of the receiver

[7].

4.2 Receiver initialization

The power of the received signal and noise power estimation can be done simply by

computing the mean and variance of the received signal spectrum over the periodically

repeating data sequences. From these the channel and the SNR can be easily computed

[4]. The computation can be expressed as synchronous data 
ow. The channel and SNR
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estimates are used to compute optimal bit loading [8].

Several techniques for channel equalization have been proposed. The most e�ective

methods attempt to maximize channel capacity or approximations to it [9, 10]. The most

successful method in terms of maximizing capacity has been to minimize ISI [11]. I will

be implementing this method. A channel estimate is needed to compute the optimal

�lter. The computation involves an eigen-value decomposition and can be expressed as

synchronous data 
ow [12].

Synchronization can be achieved using a phase locked loop. One of the subchannels

is reserved for a pilot symbol. This pilot symbol is a sinusoid at a �xed frequency in a

better part of the channel. The bandpass �ltering is easily achieved by a using the FFT

block. This gives a clean estimate of phase o�set that is free from data dependent jitter

[4]. This is then used to modulate the frequency of the clock signal.

Synchronization of frame boundaries is achieved during the initialization mode. The

synchronization frame is used to compute a phase o�set in the frequency domain. This is

later used to adapt the frame marker.

All the individual systems mentioned above can be modeled as synchronous data


ow. A �nite state machine is needed to trigger the operation of these systems at the

appropriate instants and to track the state of the receiver during initialization.
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