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Abstract: In the context of future broadband mul-
timedia services, a transmission system for high-
speed communication on telephone copper wire
pairs is presented. The experimental system is
based on discrete multitone (DMT) modulation,
which offers robustness against time dispersion
and reasonable hardware complexity. The aim of
the present work isto show the feasibility of broad-
band transmission (10-55 Mbit/s) on short copper
cables (< 1000 m) in the existing local telephony
network. Here, theimplementation aspectsand the
hardware solutions are discussed. In particular,
the implementation of a recent data-based frame
synchronization method is described. The hard-
war e congtituting the experimental system is based
on a fast Fourier transform (FFT) processor and
programmable logic devices.

1. INTRODUCTION

In this presentation we discuss the implementation of
a communication system based on discrete multitone
(DMT) modulation. This system isintended for asym-
metrical broadband communication on short twisted-
pair copper cables at data rates between 10 and 55
Mbit/s. The purposeisto demonstrate the feasibility of
using the existing telephony access network for broad-
band communication, as opposed to, for example, in-
vesting in a fiber-to-the-home network solution. The
first phase of the project concerns the downstream
(from the network terminal to the subscriber) broad-
band transmission, posing the largest technical diffi-
culties. For the purpose of rapid prototyping, the
system is realized with mostly “off-the-shelf” hard-
ware, involving no custom VLSI.

The project is a cooperation between Telia Re-
search AB, Sweden and Luled University of Technol-
ogy, Sweden.

In parallel with the development of the demonstra-
tion system a feasibility study for VLS| implementa-
tion solutions will be performed. This investigation
will also evaluate the development tools available to
design and implement telecommunication systems all
the way from algorithm to VLSI.
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The presentation will proceed as follows. A back-
ground to the project is given in the next section. Sec-
tion 3 provides a brief introduction to multicarrier
modulation techniques. Thisisfollowed by a descrip-
tion of the hardware structure and especially the novel
synchronization unit. Finally, we give some conclu-
sions and summarize the paper.

2. PROJECT BACKGROUND
AND MOTIVATION

There is today a public demand for multi-media ser-
vices requiring broadband digital communication to
the home, presently seldom provided. Ultimately, net-
work solutions like fiber-to-the-home will provide the
necessary bandwidth, but this requires very large and
time-consuming infrastructure investments. In a short
term perspective, say for the next 10 years, a viable
way to offer broadband servicesto the customersisto
use the existing twisted-pair copper cables of the tele-
phony access network. The intended network solution
is to have optical fiber to a telephone cabinet serving
several homes (typically about 100 homes), with cop-
per cable extensions no longer than 1000 meters.

For multi-media services like video-on-demand
asymmetrical communication systems are preferable,
see Fig. 1. Broadband access, here 10 — 55 Mbit/s, is
then only provided in one direction, from the network
terminal to the subscriber. In the up-stream link a nar-
rowband channel, up to 2 Mbit/s, is available for cus-
tomer data and system control signals.
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Figure 1. Basic organization of an asymmetric
broadband communication system.

The capacity of the copper network is mainly lim-
ited by two factors. First, the attenuation of the copper
pairs is an increasing function of frequency, which
limits the useful transmission bandwidth. The attenua-
tion aso increases with the length of the cable. Sec-



ondly, the interference from transmission on
neighboring pairs, so caled cross-talk, act as colored
additive noise. Cross-talk between pairs in the same
cable is often the dominating source of interferencein
broadband communication on the copper network.
One of the beneficia characteristics of the copper net-
work is that it is largely stationary; its characteristics
varies slowly.

The work surveyed in this paper uses DMT modu-
|ation, a modulation technique found to be well-suited
for thistype of channels[1, 3, 4, 5]. DMT modulation,
aspecial case of multicarrier modulation, is briefly de-
scribed in the following section.

3. MULTICARRIER MODULATION

Multicarrier modulation is ascribed two desirable
properties particularly interesting for our application:
implementability and flexibility. A problem often en-
countered when transmitting at high data rates over
bandlimited channels is intersymbol interference,
caused by the time dispersion of the channel. Inasin-
gle carrier system this is often dealt with by an equal-
izer. An equalizer would, however, become pro-
hibitively complex for communication on the copper
network at our datarates. Thetime dispersion problem
isintrinsically solved using multicarrier modulation.

The general idea behind multicarrier modulationis
to divide one broadband channel into several narrow-
band channels, in our case 1024 channels, cf. Table 1.
Instead of transmitting at a high data rate on a single
channel, the data are transmitted simultaneously at low
datarates on the many parallel channels. If the number
of carriersis chosen large enough, the length of each
symbol on the subcarrierswill be much longer than the
time dispersion of the channel: the frequency response
seen on each narrowband channel will effectively be
flat. The division of the channel into many subchan-
nels also offers a flexibility in the number of ssimulta-
neous users and their respective datarates. A task such
as multiplexing data from users with different data
rates can, for instance, be accomplished easily by as-
signing each user different sets of subcarriers.

The present work uses a multicarrier technique
called discrete multitone (DMT) modulation. DMT is
closely related to orthogonal frequency division multi-
plexing (OFDM) whichisused, e.g., in radio transmis-
sion [1]. Compared to OFDM, the DMT has an
unegqual number of bits transmitted on each carrier.
The channel characteristics are measured in order to
determine how the data should be distributed between
the subcarriers. Carriers with high signal-to-noise-ra-
tios (SNR) are assigned dense signaling constellations,
e.g., 4096-QAM, while subcarriers with low SNR are

assigned lower order constellations or perhaps even
turned off. A table with the bit-loading factor for each
subcarrier is returned to the transmitter via a control
channel. Note that the channel, for practical purposes,
is stationary when the media is twisted copper-pairs.
This technique is called “bit-loading” and is a “water
pouring” technique, away to make effective use of the
channel’s capacity. The system presented here uses
between 0 and 12 bits/'symbol on each subcarrier, cf.
Table 1.

The subcarriers can be described as orthogonal and
equally distant sinusoids used as basis functions to
separate the data streams. This can beimplemented us-
ing the fast Fourier transform (FFT) algorithm and ef-
ficient hardware realizations of the FFT algorithm can
be achieved either by using FFT-processors or dedicat-
ed hardware.

However, to keep the orthogonality between the
subcarriersand avoid inter-carrier interference acyclic
extension of the symbol packet, hereinafter referred to
asthecyclic prefix, isnecessary, see Fig. 2. Thecyclic
prefix, arepeated part of the symbol packet, also intro-
duces some robustness against imperfect timing of the
sampling in the receiver. Aswe will seein the sequel,
it is also exploited in the synchronization algorithm
whose implementation is described in Section 4.1.
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Figure 2: Structure of DMT with cyclic prefix.
The signaling interval is divided into aDMT sym-
bol (N samples) and a guard space (n samples).
The guard space isfilled with a cyclic extension of
the data samples.

Parameters Typical values
Sampling rate 13.3 MHz
Total number of carriers (FFT length)] N = 1024
Used number of carriers 768
<corresponding bandwidth> <10 MHz>

Guard space (cyclic prefix) n =128 samples
Bit-loading factors (bits/symbol) 0-12
Typical uncoded datarates for 100—

1000 m cable (15 dBm signal power, | 10-55 Mbit/s
bit-error-rate of 10~)

Table 1: System specification.




4. HARDWARE STRUCTURE

Our goad is to build an experimental hardware plat-
form for testing of different aspects of DMT and for
demonstrations of the technique by its applications.
This presentation will focus on the receiver asit isthe
most complex part of the modem. The basic operations
of the transmitter are encoding and mapping of the
symbols using the bit-loading algorithm, followed by
aninverse-FFT.

Anoverview of thereceiverisshowninFig. 3. The
receiver consists of 8 VME boards in one VME case
and of one separate analog interface. One of these
boards is a Sparc workstation which initializes and
controls the receiver. The receiver front-end consists
of the analog interface and three Catalina Research
Inc. VME boards: one ADC board and two boards con-
taining the FFT processor and buffers (marked FFT in
Fig. 3). The remaining functions are implemented on
four in-house designed VME boards using FPGAS,
one Plessey 16 x 16 bit complex multiplier, and dual-
port memories.
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Figure 3: Receiver overview. The main dataflow is
found in the lower part of the figure.

Theanalog interfaceincludesalinetransformer, again
control, and a VCXO to adjust the impedance, level,
and sampling frequency. A quadrature modulator is
used to demodulate the incoming signal. After alow-
pass filter the quadrature baseband signals are sent to
the two analog/digital converters (ADC). Thesigna is
sampled at 13.3 MHz with a resolution of 12 bits for
each channel. A synchronization unit is operating di-
rectly on the sampled signals and generates a frame
clock for the control of the FFT buffersand also acon-
trol signal for the VCXO. One of the novel aspects of
our DMT system is the design of the synchronization
unit, which will be further discussed below.

After sampling and buffering, acomplex 1024 FFT
is performed by the customized set of Catalina Re-
search [2] VME cards containing SHARP processors.
The customization basically consists of interfaces to
our synchronization unit. A complex 1024 FFT, taking
65.48ys, is performed for each frame. A buffering is
performed after the FFT and data is sent to the next
card as 16 + 16 bit complex numbers at 13.3 MHz.

A separate card will perform a channel estimation
on the output from the FFT. Periodicaly transmitted
frames with known data are used to estimate the chan-
nel properties. Thisisthen used to compute a bit-load-
ing mask for each symbol, information subsequently
sent to the transmitter through the up-stream channel.

In the next step (and card) in the dataflow the sym-
bol detection is performed. Thisincludesasimple pre-
equalization followed by a symbol demapping unit.
Thisdemapping iscomputed according to the bit-load-
ing mask for each symbol. The last board performs
block decoding on the detected bit-stream. The datais
then ready for customer applications.

4.1 Synchronization

Wewill here present the foundational ideas of the syn-
chronization method proposed in [ 7] and also asimpli-
fied version with both improved performance and
substantially lower hardware complexity. We will,
furthermore, describe how it has been implemented in
our experimental system.

Characteristic of the synchronization method is
that it does not need any known data. Most other meth-
ods of synchronization use some form of pilot tones
[6]. The basic ideaisto usethe property that dataisre-
peated, in form of the cyclic prefix, in most multicar-
rier systems.

The basic method, cf. Fig. 4, is based on perform-
ing a continuous cross-correlation between the conju-
gate of the sampled input signal and the non-
conjugated signal delayed by N samples. The implicit
multiplication catches the correlation between the
parts of the signal interval which are repeated and
gives a positive contribution to the cross-correlation.
Samples outside the repeated part are un-correlated
and give a zero-mean contribution. The output of the
multiplier is here filtered by a moving average filter
with the window length n (the length of the cyclic pre-
fix). The absolute value of the filter output will then
act asinput to a peak detector device, feeding a phase
locked loop (PLL), which in turn produces the frame
clock and a control signal for the VCXO generating
the sampling clock.
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Figure 4: Synchronization unit principal overview.
The notation DY indicates a delay of a samples,
“conj” and “abs’ indicate the calculation of the
complex conjugate and the complex absolute
value, respectively.

A frequency offset in the input signal due to sepa-
rate transmitter and receiver local oscillators, can eas-
ily be calculated by measuring the phase where the
cross-correlation signal has its maximum, i.e., once
per signaling interval. The phase shift of the cross-cor-
relation is directly proportional to the frequency offset
« multiplied by the symbol length N. This feature is
not used in our system, but would berelevant in aradio
based systems.

The presented non-data aided synchronization
method can be applied on most existing multi-carrier
systemssincethe use of cyclic prefixesisadominating
design rule.

The straight-forward way of using a pure cross-
correlator, asin Fig. 4, has been shown to be disadvan-
tageous in our case [7]. A simplified synchronization
scheme has been implemented by quantizing the com-
plex input signal to only the sign bits. This non-linear
operation increases the performance and, as an attrac-
tive side effect, dramatically reduces the hardware
complexity. The multiplication operation can now be
realized using afew gatesin a programmable logic de-
vice and the delay-lines needed (RAM cells) are re-
duced from a word length of, for example, 24 bits to
only 2 bits.

The wordlength reduction to two bits enables us to
average over severa frames before the moving aver-
age filter in order to further increase the performance
[7]. This second filter averages over L = 7 frames and
operates directly on the output of the multiplier. The
new hardware structure is shown in Fig. 5. A look-up
table ROM is used for the computation of the absolute
value of the output of the averaging filter. The absolute
value of the filter output typically forms a triangular-
shaped signal which has the periodicity of the frame
rate, see Fig. 6.

The implementation of the synchronization func-
tion is based on programmable gate arrays and dual-
port RAMs.
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Figure 5: Sign-based synchronization solution.
The reduction in word-length allows an additional
moving average (MA) filter (averaging over L
frames) to be added, which further improves the
performance.
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Figure 6: The absolute value of the filtered cross-
correlation sequence.

The demand for detailed synchronization leads to
long settling times, even up to 30s. This, and the diffi-
culty to accurately model the actual components and
the actual channel has madeit hard to simulate and ful -
ly evaluate the synchronization method using comput-
er simulations. With our experimental system we
intend to evaluate the performance of this method,
both stand alone and combined with a pilot tone.

5. CONCLUSION

In this paper we describe the implementation of an ex-
perimental broadband communication system for tele-
phone copper wire pairs. This system is intended to
demonstrate the feasibility of using the telephone cop-
per access network for future multimedia applications,
for example, services like video-on-demand.

The experimental system is based on discrete mul-
titone modulation (DMT), which is a multicarrier
modulation technique. Using DMT, we achieve acon-
siderable system flexibility, and capacities between 10
and 55 Mhit/s, depending on the channel characteris-
tics. The implementation of the system is described in
this paper and isrelatively straightforward.

The synchronization is crucia for reaching high
capacitieswhen using DMT. In particular, we describe
in some detail the implementation of a recently intro-
duced synchronization method.
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