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(57) Abstract

The invention provides a multi-carrier transmission system, for example, a DMT system, in which channel information is transmitted

between two transceivers using a plurality of sub-carriers modulated

with symbols, each of which represents a multiplicity of bits, each

of said transceivers including a receiver and a transmitter, in which a fixed maximum value is determined for the number of bits for each
symbol, and in which the system is adapted to determine the bit capacity per symbol of each of said plurality of sub-carriers, and to increase
the number of bits represented by a symbol, transmitted over those sub-carriers having a capacity less than the fixed maximum value, to
said maximum value by the addition of channel coding bits. The fixed maximum value for the number of bits for each symbol may be
determined on the basis of the bit capacity of that one of the sub-carriers having the highest theoretical bit capacity and may be at least as

large as said theoretical bit capacity.
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WO 98/10551 PCT/SE97/01456

IMPROVEMENTS IN, OR RELATING TO,
MULTI-CARRIER TRANSMISSION SYSTEMS

The present invention relates to a multi-carrier
transmission system in which channel information is
transmitted between two transceivers using a plurality
of sub-carriers modulated with symbols, and a method
for the transmission of said channel information.

The demand for provision of multi-media and other
bandwidth services over telecommunications networks
has created a need to transmit high bit rate traffic

over copper pairs. This requirement has led to the
development of a number of different transmission
schemes, such as, ADSL and VDSL. One of the more

likely modulation systems for all these transmission
schemes is a line code known as DMT (discrete multi-
tone), which bears some resemblance to orthogonal
frequency division multiplex, and is a spread spectrum

transmission technique.

In discrete multi-tone transmission, the
available bandwidth is divided into a plurality of
sub-channels each with a small bandwidth, 4kHz
perhaps. Traffic is allocated to the different sub-
channels in dependence on noise power and transmission
loss in each sub-channel. Each channel carries multi-
level pulses capable of representing up to 11 data
bits. Poor quality channels carry fewer bits, or may
be completely shut down.

Because inter pair interference in copper pair
cables 1is higher where data is transmitted in both
directions, i.e. symmetric duplex, a number of
transmission schemes have proposed the use of
asymmetric schemes in which high data rates are
transmitted in one direction only. Such schemes meet

SUBSTITUTE SHEET (RULE 26)
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but, in the long term, svmmetric duplex systems will be
required.

VDSL technoicgy resembles ADSL to a large degree,
although ADSL must cater for much larger dynamic ranges
5 and is considerably more complex as a result. VDSL is
lower in cost and lower in power, and premises VDSL
units need to implement a physical layer media access
control for multiplexing upstream data.

Four line codes have been proposed for VDSL:

10 - CAP; Carrierless AM/PM, a version of
suppressed carrier QAM, for ©passive NT
configurations, CAP would use QPSK upstream
and a tyoe of TDMA Zor multipiexing (although
CA? does not preciude an ©DM approach to
upstream multiglexing);

[
w

- DMT; Discrete Multi-Tone, a multi-carrier
system using Ciscrete Fourier Transforms to
create and demcdulate individual carriers, for
passive NT coniigurations; DMT would use FDM

20 for upstream multiplexing (although DMT does
not preciude a TDMA multiplexing strategy);

DWMT; Discrete Wavelet Multi-Tone, a multi-
carrier system using Wavelet Transforms to
create and demodulate individual carriers,

23 DWXT a_sc uses ©DM Icr upstream multiplexing,
bu:t also allows TCM2; and

- SLC2, Simg-_e Lin2 Ccde, a versizn of four-lavel
pas2zzans signalling tha2t filcers the base band
an2 re2stcres 1T a2t tne recelvsr, for passive

(¥9)
<

NT ccnfiguraticns; 31T would most likely use

-

cr upstream multiplexing, althougn FDM
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Early vsrsions cZ VDSL will use frequency division

v

mi-tiplexin: to sscarate downstream from ups-ream
I them from POTS and ISDN. Zcho
cencellaticn may be required for later genera-ion

¢cnznnels ans both =

systems fezturing symmetric data rates. A rather
sucstantial distance, in frequency, will be maintained
bezween the lowest Zz:ia channel and POTS to enable very
simple and cost =2ffective POTS splitters. Normal
practice would locate the downstream channel above the
upstream chznnel. However, the DAVIC specifica=ion
reverses this order to enable premises dlstrlbutlon of
VCSL signals over coaxial cable systems.

In the -ransmission of traffic by means of multi-
carrier wzvsz techniques, for example, orthogonal
freguency division multiplexing (OFDM), the same number
of pits are transmi:z:zed on all sub-carrier waves. This
is done in szite ¢ the fact that it is theoretically
pcssible to transmi: more bits if the channel is known,
wricZh is ths case, Zcr example, in the transmissicn of
traZfic on ccoper wirs. It is, therefore, desirable to
prcvide, 1in a mulzi-carrier transmission system, a
mezhod for t:z2 transmission of different numbers of bits
per channel, or sub-carrier.

At the creser: time, bit-loading is used to vary
trne number c<I bits csr channel, or sub-carrier, in so-
ca-.2d discrz:es mulzi-zone and OFDM-transmission poth
oI which usz mul:zi-carrier wave techniques on known
channels. Thus, such systems provide a method for the
trznsmissicn I ths cirrect number (real cagacity, of
blts zer chzrnsl. H:wever, while this method trans—its
Tn.mZ2r ¢I Zlts per channel, or sup-carrier, it
wci_2 De acdvinzageius to be apble to transmit a fixed

123 per chznnel, or sub-carrier, but with
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varsing user data content.

It is zn object of the present invention to crovide

a multi-carrier transmission System in which :zhannel

inZcrmation is transmitted between two transceivers

5 using a plurality of sub-carriers modulated with

sywools, each of which represent a multiplicity of bits,

and in which each symbol has a fixed maximum numper of

bits, the number of bits represented by a symbol,

transmitted over a sub-carrier having a capacitv less

10 than said maximum value, being increased using channel
cocing bits.

It is another object of the present invention to
provide, in 2 multi-carrier transmission system in which
chznnel inIormation is  transmitted between two

15 transceivers using a plurality of sub-carriers modulated
witl symbols, each of which represent a multiplicity of
bits, a me:zhod for the transmission of said crannel
inZormation.

Accordinz to a first aspect c¢f the gresent

20 inveantion, there is provided a multi-carrier
transmission system in which channel information is
transmitted between two transceivers using a plurality

of sub-carriers modulated with symbols, each of which
recresents 2 multiplicity of bits, each of said

25 transceivers including a receiver and a transmitter,
characterisez in that a fixed maximum value is
dezsrmired Z:r the number of bits for each symbeci, and
in that the system is adapted to determine the bpit
caczzity per sympcl of each of said piurality of sub-

32 carriers, and 5 ingrease the number of Dbits
ferresented Iy 2 symbol, cransmitted over those sup-
carriers having a capaci:zy less tha- -ha fixed mEzimum

vé.l2, IO S21I maximum valua oy the addizion of crznnel
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The fixed maximum value for the numter of bits for
each symbol may be determined on the casis of the bit
capacity oI that one of the sub-carriars naving cthe
highest theoretical bit capacity, and na de at least as
large as ths theoretical bit capacity cZ said one of the
sub-carriers,

In accordance with the present invention, a multi-
carrier transmission system is provided in which said
transmission is effected by means of a plurality of sub-
carriers modulated with symbols, each of which
represents a multiplicity of bits, in which said system
is adapted to determine a fixed maximum value for the
nunpber of bits for each symbol, said fized maximum value
being at least as large as the bit capacity of that one
oZ said sub-carriers having the highes: theoretical bit
caoacity, and in which said system is adapted to
increase the number of bits represented by a symbol,
transmitted over those sub-carriers having insufficient
capacity, to said fixed maximum value by introducing a
number of channel coding bits.

According to a second aspect oI the present
invention, <zthere 1is provided, in a multi-carrier
transmission system in which channel information is
transmitted between two transceivers using a plurality
of sub-carriers modulated with symbols, each of which
regresents 2 multiplicity of bits, each of said
transceivers Including a receiver and a transmitter, a
mezaod for trhe transmission of said channel information,
&racterises py determining a fixed maximum value for
2 number cI bits for each symbol, determining the bit
cazzcity per sympci o each of said plurality sub-

carrliers, anz increasing the numper of zi:zs represen-zed

Y &2 3yADC., TransmizTIad over ThOose suc-Zarriars nha-cl ng
- Seer T an —ha= - £3 ran cpdpyien eem s :

a4 Z202CiTy -.235 crnat ztne f{ixed maximunr Talus, to sal

SNl va.nls Ty tne zZ2dition ¢ channel z Clng picsz.
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In a preferred mezhrod, according to the invention,
the Zizxed maximum valis “or the number of bizs for each
symool is de:zsrmined cx the basis of the bit cazpacity of
that one ¢ the suz-carriers having <2z highest
thecretical =zit capacizy. In accordance with this
preferred me:zzod, the Zized maximum value for tihe number
of bits for each sympol 1is at least as large as the
theoretical boit capacity of said one of =he sub-
carriers.

The mezhod of the present invention is
characterised by the steps of transmitting the channel
information by means o7 a plurality of sub-carriers
mocdulated wi:zh symbols, each of which rep:eéents a
mulziplicity of bits, cetermining a fixed maximum value
for <the numzer of bi:zs for each symbol, szid fixed
maxzimum vali2 being z: least as large as the bit
capacity of zhat one o said sub-carriers having the
highest thecretical b:i- capacity, and increasing the
number of bits represenzed by a symbol, transmitted over
those sub~carr-iers having insufficient capacity, to said
fixed maximum value by introducing a number ¢ channel
coding bits.

The bit capacity ¢ a sub-carrier may be determined
by measuremen:z, or estimation.

The chanrel coding bits may be used to decrease bit
error rate and/or to wvalidate said channel information
a ragceiver.

ct
fu

e multi-czarrier zramsmission system may be a DMT

.
- e -

S¥sten, or a MT-based TISL svstern.

Scrdin; o a thirs asgect ©f tnhs Dresent
invenzion, Tners is crovided 2 mu_l-carrier

sTission system in whizh channel infermz-ion is
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transmitted between =wo transceivers using a plurality
¢I sub-carrisrs moculated witp symbols, each of which
represents 2 multiplizicy of bits, characterised in that
sald syster uses z xmethod as outlined in preceding
paragraphs <Zor the transmission of said channel
informatior.

The fcregoing and other features of the present
invention w:ll be bezter understood from the following
description with reference to the accompanying drawings,
in which:

Figure 1 illustrates, in schematic form, an
asymme:zric communications system.

Figure I illus:rates, in schematic form, a DMT
system.

Figure 3 illus:rates, graphically, the channel
separations used in an asymmetric DMT transmission
system.

Figure < illustrazes, in schematic form, the basic
blocks 2f a mulzi-tone carrier system modem to
which tze presen: invention relates.

Figure 3 illuszrates, in schematic form, a
partitizning c¢f the multi-tone carrier system
modem, siown :in Figure 4, used to facilitate

implemsrzation.

Figure Z illuszrz-es, in graphical form, coopper

Figure ~ :llustrztes, in schematic form, the frame
Strucliirs used I the nmulti-tone carrier syscem
descrizzsz narei-
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Figure 2 illustrazes, in schematic form, the analog
interface for ths multi-tone carrier system moden,
saown in Tigure +.

Figure 35 illuszrates, in graphical form, the
dependernce of signal-to-noise ratio on frequency
for the multi-tone carrier system described herein.

Figure 1) illustrates, in schematic form, the FFT
algoritinm used :in the multi-tone carrier system
modem, shown in Figure 4.

Figure 1: illustrates, in schematic form, the frame
correlation principle used in the multi-tone
carrier system modem, shown in Figure 4.

Figure 12 iliustrates, in  schematic form,
implemenzation of a correlator for use with the
multi-tone carrier Ssystem modem, shown in Figure 4.

Figure 33 illus:zrates, in schematic form, the
averager used in zhe correlator of Figure 12.

Ffigure .4 illuszrates, 1in schematic form, a
correlation position detector for use with the
multi-tcne carrier system modem, shown in Figure 4.

Figure 5 illuszrates, in schematic form, an
overview 2I the synchronization unit employed in

the mul:zi-tone carrier system modem, shown in
Figure <,

Tlgure 12 i.lustrates, in scrematic Zorm, an
cvervie cI The TIT/IFFT unit emploved in the

Tlgure 17 illustrazss, in schematic forz, the use
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of a cyrclic prefiz.

Figure 18 ill:strates, in schexatic fcrm, a
decisizs direz:ed channel estimation and
equalisztion system for use in the multi-:-one
carrier system modem, shown in Figure 4.

~

Figure 19 illustrates, QAM encoding for b = 3.

Figure 20 illus:zrates, 1in schematic form, the
realisazion of the calculation of bit-loading and
energy-_oading factors employed in the multi-tone
carrier system modem, shown in Figure 4.

Figure 21 illustrates, in schematic form, an
overview of the system controller interface ussd in
the mulzi-tone carrier system modem, shown 1in

Figure 4,

Figure 22 illus:zrates, in schematic form, the
manner in which two of the multi-tone carrier
system  modems, shown in Figure 4, are
intercoznected o create a multi-tone carrier
transmission sys:zem.

Figure 23 illustrates, in schematic form, the
vector Tznagemen: system employed in the multi-czone
carrier system mcdem, shown in Figure 4.

Figure Z: illustrates, BSI length.

Figure I3 illustrates, in schematic form, XU sC

~oad dis:criputicn “or BSI snterrupts Zor the mo_=-i-
~Cne Czrrler sysIian modem, shown in Tigure d
B re 17 illus:irates tre 3US patiern fcor zhe

1er system modem, shown in Figurs 4.
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Figure 27 illustra=es the DAS pattern in schematic
form, ZIor the mulzi-tone carrier system wmodem,
shown in Figure 4.

Figure 28 illustraczes, in schematic form, wake-up
signalling for the multi-tone carrier system modem,
shown in Figure 4.

Figures 29 to 31 illustrate the set-up sequence for
the multi-tone carrier system modem, shown in
Figure 4.

Figure 32 illustrates, in schematic form, a network
overview for a V32SL modem application network

interface.

To facilitate an understanding of the present

invention, a glossary of the abbreviations used in this
patent specification are set out below:

ADC: Analog-tc-Digital Converter

AIS: Alarm In Signal

ASIC: Application Specific Integrated Circuit
BPSK: Binary Pnase Shift Xeying

BSI: Base syrnch interval

3SI-D: 351 for Zcwnlink zcanection

35I-U 357 for uzlink ceonnecticn
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CM1:

CM2:

CM3:

Cp:

DAC:

DAS:

DF1l:

DF2:

DF3:

DMT:

DWMT :

EMC:

FEC:

FEXT:

Gl MUSZIZ:

Carrier
carrier

Carrierx
carrier

Carrier
carrier

PCT/SE97/01456
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mode 1, bit-loaded and used

mode >, masked out, or disabled,

mode 3, zero bit-loading enabled

Cyclic Prefix

Digital-to-Analog Converter

DF3 frame sequence

Data frame, random da:a parallel CCH

Data frame, random data one CCH

Data frame, fully bit loaded one CCH

Discre:

Discret

Electro

Forwarz

Far Ens

2
-

2
=

Multi Tone

Wavele: Multi-Tone
Magnetic Compatibility
ZIrror Correction

Cross Talk

rast Icurier Trzasform

2nersIicn cne, gro:totyre system  (vme
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G2 MUSIZ:

G3 MUS-:Z:

IFFT:

IIR:

ISDN:

NT:

NU:

OFDM:

ONU:

°GA:

20TS:

cAM:

(V2]
(@]

n
U
fa ¥

PCT/SE97/01456
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three+xo ASIC implementation
two chiz silicon implementation
Inverse Tast Fourier Transform
Infinite Impulse Response

Internazional Standard for Digital
Networks

Inter-Symbol Interference

Joint Tast Action Group

Local Zxzchange

Low-pass

Network Termination

Networx Tni-

Orthogcnal Frequency Division
Multiplexing

Optical Network Unit

’rograrmzzie Gain Attenuator

Plain C.d Telephony Service

Ssstem Zzncoroller

- . - 2 - e
Synchrecncis -igita. nilerarcay
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SF: Synch IZIrame
SNR: Signal-to-Noise Ratio
STB: Set Tco Box
SUS: Synch frame sequence
SUS1: SF and DFl frame sequence
Sus2: SE and DF2 frame sequence
TA: Time Advance
TDMA: Time Division Multiple Access
UTP: Unshielded Twisted Pair
VCXO: Voltage Controlled Crystal Oscillator
VDSL: Very high bit-rate Digital Subscriber

Lines

The system, to which the present invention relates,
is for convenience referred to as MUSIC - MUlti-carrier
System for tie Installed Copper network. MUSIC 1is
intended to ©orovide high-speed communication on
telephone cozser wire pairs for suppecrting broadband
muitimedia services.

The MUSIT system, described in this, and the Ccross
referenced patent specifications ......... e ,» 0ffers
a ccst-effeziive reocus:t cus-omer imzlemenzation in
cr 13:2 Mzos  asymmecric
r Ccables (<1300 ==tres) for use

10
on exlsting l:zzl telezhonv rnezworks.
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The MUSIC system can be accessed using the nezwork
concept known as Fibre To The Node (FITN)}, using ortical
fibres, eacn serving many users, up to a cz-iner near
the users' hcmes. Thus, the cable length scz:zification

5 for MUSIC can pe successfully limited to 13 me

The MUSIC system is primarily intendez for the
transmission of a high (26 Mbps) bit-rzze signal
downstream to the subscriber and a low (2 Mbps, bit-rate
signal upstream, from the subscriber.

0 Figure 1 illustrates the MUSIC system. A network
unit, NU, 1is connected to the fixed netwcrk by an
optical fibre link, (FITN). A network terminzzion, NT,
cornected to a multimedia application, e.c. video on
dermand, is linked to the NU via copper cable. The MUSIC
System supporis a high down stream data rate 2nd a much

)
(§]]

lower up stream data rate.

In the MUSIC system, described herein, two fixed
bit rates (13:2, 26:2 Mbps) are supported, the lower bit
rate, 13:2 Mecos, can be implemented as an ex-ra option

~ o~

23 for use with poor, or extremely long, copper :zables.

For the network termination (NT), the sonnection

consists of a set of standard interfaces, sucx as, POTS,

ISDN, ATM 25 and Ethernet. All transfer prctocols are

carried by the modem data stream, except fcr the P0TS

23 service, whizh is passively filtered out so =zhat iz is
independent ¢ modem s:tacus. The network =nit /NU)

terminates in the fixzed network.

b
1]
4
]

Do = rea -~ . < v - - <= . -
ersizin cio MUZIZ, descriced nerein, 13 lnternded

Ic z__ow for Iuture funciionallizy upgrades. Tor =-nis
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reason, the FFT/IFFT block is designed o supporz ful:
functionalizy so tha:t it can be reused in Zuturs
upgrades of the syster.

The MUSIC system is a DMT-based, multi-carrier,
VDSL system, using Discrete Fourier Transforms to create
and demodulate individual carriers. This is illustrated
in Figure 2, which shows two transceivers each of which
has a receiver, Rx, and a transmitter, Tx, connected to
a twisted copper pair. Data is transmitted between the
two transceivers using a plurality of carriers, some of
which may not be used, e.g. where channel quality is
extremely poor. The number of bits conveyed by each
carrier may also vary, depending on channel qualizy.

A multi-carrier mcdulation technigue, such as DMT,
handles frequency dependent loss and noise in twisted
pair-cables :in an efficient manner. In the MUSIC
system, the available 10 MHz bandwidth is divided into
1024 carriers each of which is 9.77 xHz wide. The
allocated transmission power for the individual carriers
depends on t:e noise cower and :the transmission loss in
each band. Zvery carrier carries multilevel pulses that
can represent up to l1I bits of data (4096 QAM). The
individual carrier's signal-to-noise ratio (SNR) is
calculated con the receiver side. If a carrier has a
high SNR, up zo 12 bits are placed on that carrier. For
carriers witz low SNR values, fewer bits are placed on
the carrier. Carriers affected by narrow-band
interferers zre turned off. Forward error correction
and data interleaving is used to mitigate the effec:ts of

v

occasional tursts of imsulse noise.

AsSymmeIr_Z VISL 1s Implemenzed in zhis versizn of
th2 MUSIC syzzem, whiz- means TL3T the ZsownszIzeam rate
1s much higher than the uDs=r=2am ra-s. -NO  Ilxed

downstream :zztes (26,/.3 ©bps; are sugported oy thne
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system, the chosen rate depends on the actual cable
length (< 1330 meters) and/o- the quality of the
channel. he upstream rate is fixes at 2 Mbps.
Different freguency bands can be used :in the MUSIC
System to separate the downstreanm channel Zrom upstream
cnannel and toth from POTS, see Tigure 3.

Alternatively, other duplex methods can be used,
€.g. TDMA and/or a method where every otner carrier is
dedicated for the downstream and upstream channel.

Figure 4 shows an overview of a MUSIC modem to
which the present invention relates. The main hardware
blocks are 22 and DAC, synchronization, fourier
transform ©processing, channel estimation/equalizer,
symbol mapping and detection, coding and decoding with
interleaving, network interface and system controller.

The modem can be considered in terms of four
principle furctional blocks, namely:

- the digital receiver unit;

- the digital transmitter unit;

- the analog front end; and

- the system conzroller/2CI.

The analcs front end includes a hybric transformer

connected to =n unshielded twiszed pair and POTS. On
the receiver side, the nycrid is connected, via a low

pass filter, 17, a2 prograwmable gzin attenuza:or, PGA, to
an zra.cgue i Zigitzal zzmvarsor. A voltagze controlled
Cryszal oscillzzsr, VCNC, is usez =0 drive =he analogue
£C 2lgital cinrertor St the =zransmizzsr side the

convertor
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The digital rsceiver unit includes a Zfast fourier
transform and re-sza’ing unit, FFT, connected, as shown
i Figure 4, to = synchronisation unit and a channel
estimator. The channel estimator is connected, via a
s/mbol deteczion uait and a de- -interleaving an decoding
unit, to a it manipulation unit and thence to a network
arplication interface.

The digital ctransmitter unit includes a bit
anipulating unit connected to an inverse fast fourier
transform and scaling unit, IFFT, via an encoding and
interleaving unit aad a symbol mapping unit.

The svstem control is connected to various
functional tnits in the digital receiver and digital
transmitter and to zhe network application interface and
a computer interfacze, as shown in Figure 4.

The network in:zerface connects the higher protocol
lev2l to the modem -aver one functionality. This block
is responsicle for droviding the system with data a: the
ceniigured zit rate, adding dummy frames if needed.

The data is then channel coded and interleaved.
The MUSIC system, h2rein described, uses a convolutional
code combined wirt: interleaving. Using a depth of
mu_-tiple frzzes, a zcmbined frequency/time interleaving
1s obtained 'see lza=2r in this specification).

Tne syrzol marzing blocx receives the input data as
ar. lnteger -actor. Zhis vector is mapped inte =3

e
ccrniigured z:inmstellazisn cdegending on the curren: oit
lczding valus. Ths mzcper uses a Gray-coding scherme to

Trizasilizy of £it errors.
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A rea. vector multiplication is the first szep :i-

the IFFT ol:c:ck.

This enables the system tc¢ scals ths

O-tput power _evel of each carrier. The IFFT dlcz: ther

pexforms a r=2al 2048 points inverse FFT o~ cthe inpu:

daza, modulz-i

w

ng each carrier. As a final szez, a-

acdress wrz: around is performed on the output cata,
adding a cccy of the first 128 samples at the end ¢cf the
frame. This is called the cyclic prefix (CF).

The mocilated signal passes to a DAC which cornverts

10 the signal with a minimum true dynamic range of %4 dB.
The DAC is clocked by the system sample clock at 27 MHz.

To remove Nvguist ghosts the signal is LP filtered. The

hvbrid provides a balanced interface to the copper

cadlie.

An overview of the MUSIC transmitter and recsiver

shown in Figure 4. The transmitte- part

uses the samz nybrid construction as the receiver.

receiver end, the splitzer/ny/bric

transceiver s2parates the frequencies used by 20TS, from

m the frequencies used by the system. It
the low level receive signai from the
level transmit signal and the low level

Nyquist effects on the signal the arnalog

13
signal path :is
At the
20 0 o 4 kHz, =ro
also extrac:s
combined hig:r
receive sigral.
To redu:cs
25

received signzl is low-pass filtered before it :is fec

irz:c the PG: ?2rogrammasle Gain Amplifier).

~ -

1S necessary to make best uss cf the

dynamic rangs = the AZC.  In this system, tie dynamic
cu 2 at leas: 66 dB3.

signal nas pe
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the data.

-~ the synchronization block, a frame clock (fecr
the cecntrol of the FFT buffers) and a contro. signzl for
the VCXO is generated. Initially, the synchronizacicn
block retrieves the frame clock from the sampled signal.
The frame clock is then used for calculating the frame
timing estimate and is transferred to the VCXO feed back
controller. The VCXO generates the sampling clock (20
MHz) .

A sampling clock, controlled only by the frame time
estimate, is not sufficiently accurate in a DMT system.
Therefore, after the locking sequence, a dedicated oilot
carrier is used to achieve a high sampling clock timing

accuracy.

A BSI-signal is also extracted from the cilot
carrier. BSI 1is the Base Synchronization Interval
timing signal used to synchronize the transmitter and
receiver CCH communication. One of the novel aspects of
the MUSIC system is the algorithim wused by the
synchronization block, which is discussed in greater
detail later in this specification.

A 2048 point real FFT is performed on the input
frames in the FFT block. After this, re-scaling is
performed, based on the energy loading parame:ers,
before the data is transferred to the next biock.

The channel estimation and equalization are
periormed orn the data outpu:t from the FFT block. All

data <ZIrames ars used for estimating ne  chzannel
Drccertises. nese are then used I compute a sic-
loagdinz vec:mor, determining the n~umber of Girs
transmitted con each carriar. Tnls information is

sucseguently sa2nt  to the <ctransmi--a- tarougn  the
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upstream control channel (CCH).

In tne symbol dezection block, a denapping is
performed, ZI:r each carrier, according to the bit-
loading masx.

After cesmapping, a deinterleaving and forward error
correction (TiC) decoding is performed on the detected
bit-stream.

The data is then ready for the Network/Application
interface blcck after bit manipulation. The dummy
frames are removed in this block.

At the neart of the system, shown in Figure 4, is
the system ccnzroller (5C). The 52 is a general purpose
processor whizh interfaces and con-rols the various sub-
blocks, usirg a local 2CI bus. In the version of MUSIC
herein descrided, the controller CpU is programmable.
An external cort is provided, through an on-board JTAG

interface, tc facilita-e programming.

The main tasks o the SC is to control the system
start-up anc run-time behaviour and to perform bit-
loading and =znergy icading calculations. It will
communicate with the remote side of the modem through a
dedicated ccnzirol channel (CCH). This channel carries
data relatirg to bit/ernergy loading changes and other
system signalling.

To obtain a cost e=Zfective product for 2igh volume
use, the digizzl parts = the sys=2m must be cased on at
lezs:t two ASIZ zircuirs. Figure I shows how zhe syszem

car ce partito:ined for the purposas of chip czsign. One
chiz contain: zthe FI7 ITFT ker-mz_. A sszond chip
corzzins fram: syncnrcnlization, chznnel estimation and

equa’lzation, sy mbol dezeszzion ans Sympol mazring. The
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analog bloc: and the network interface block can be
implemented cn third zad fourth chips respectively.

The system parameters used by the MUSIC system,
herein described, are set out in Tables 1 to 3, appended
hereto.

VDSL systems worx in the Spectrum from 0 to 40 MHz.
In this band the MJSIC system, herein described,
occupies the lower 1 MHz, see Figure 6. A number of
traditicnal bands exist in this spectrum, including POTS
and some radio amateur bands. Different frequency bands
are used in the MUSIC system, herein described, to
separate the downstream from upstream channels. As the
MUSIC system, herein described, uses 1024 carriers over
10 MHz, each carrier =as a bandwidth of 9.77 kHz, the
first two carriers are allocated by the DJ level and the
POTS service. Tre las: carrier is disabled because it
is the Nyquis: point. Other carriers (in radio bands)
my need to be cancelled. This is primarily a question
of immunity and radiation for the balanced copper pair.

By passive Ziltering of the POTS spectrum, this
service can be made independent of the MUSIC system,
herein descrised, run--ime status, or power supply.

There ars two ways to provide the ISDN service for
a MUSIC moderx connectizn. One way is to allow POTS and
ISDN systems o exist zeiow the MUSIC frequency bands.
This can be zzhiesved 2sing a similar filtering process
for the IS banz specirum, as for the POTS. This
filzering =snables 2 service to  be provided
independentl 27 configuirazion.

The cthzr was of trcoviding ISDN, Is to le:t ISDN be
a Tearer servize in cthz ¥UICS system. This solution has

the advantags in -arms of spectral efficiency. Using
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102+ carriers over 10 MHiz gives each carrier 2 bandwidth
O 3.77 kHz. The ISDYN spectrum requires the allocation
ol (150-4)/3.77 = 5, of these carriers. Because of the

caznnel characteristics, these five carriers must be

5 se_ected tc rave the best SNR in the system. For a
standard connection this gives 5+%*100=500 kbps of
bandwidth.

The optlmum solution is, therefore, to use the
modem as a bearer, allocating only 64 kbps, compared to
10 500 kbps for the total bandwidth for the 64 kbps ISDN
service.

The results of the measurements of attenuation and
FEXT ("Far Znd Cross Talk"), carried ot- on one
telacommuniczzion operator's network, showed that it is

5 possible to achieve bit rates higher than 100 Mbps, if
the cable is shorter than 200-300 meters. ~For longer

]

cab.es, the a:tenuation on higher freguencies limits the
mazimum bit rate. For cables around 500 meters, 40 Mbps
can be achieved, and for a 1 km cable, 15-20 Mbps is
20 rea’istic.

Another Zactor that decreases the perZormance is
EMC, which limits the power used. Some parts of the

freguency dczain may aiso have to be excluded.

A typizal PSTN can be expected to have the

fcllowing imzilse nois2 characteristics:

- mexzimum durazion 250 us

- T3t cI the snargy belzw 200 kHz
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background noise -107 dBm/K-

maiz source for timing in tre system Is the
The reference for the samplie clock is

situated on :the NU side and 1is common to all twisted

copper pairs within a Secondary cable.

The sample clock

frequency is 20 MHz + 10 ppm with a phase jitter of less

than 0.5

The

the NU side.

ns.

sampie clock at the NT side is phase-locked to
The logic for the locking uses the frame

timing estimation in a first stage and then uses the

pilot carrier to produce a fine adjustment of the

locking.
VCX0 via

The locking logic controls the frequency of a
an :8 bit digital to analogue convertor. The

reguirements Zor the VCXO are 20 MHz *+ 23 ppm range and

a .0 ppm/Vol5= sensitivity.

The final locking srhould

have an accuracy of 1/100 of a sample, with a phase
Jitter of less than 0.5 ns.

The

clock and
transmitting “rames.

frame clock is 1/(2048 + 128} of the sample

controls the start of receiving and

The frame clock, used for both

transmitting and receiving, differs in phase on both the
NU and the NT side.

The

frame clock for transmitting on the NT side is

the master and controls the start of <the signalling

intervals, ses= Figure 7.

The

receve frame clock on the NT side :is derived
frames timing estimacion hardwara function and

the star:t of “rame sampling period, see Flzgure

= - . - = KRN - e K
sratz c.ccs oz ::a:s:ﬂ--ulng en. Tne T s.Z

th
r3
T

[}7]

2s tne2 frame clock for recelving, puz is



10

15

PCT/SE97/01456

WO 98/10551

- 24 -

sample "earlier" in prase. TA is a parameter mszsured
during system start “d at the NU side and usz: for
compensation of propagation delav on the copper wire.
This has to be done in order to maintain the
orthogonality, over the copper wire, for the sampled
periods, on both the uplink and the downlink. The “rame
clock for transmitting on the NT side controls the start
of the signalling intervals, see Figure 7.

The receiving frame clock on the NU side is delayed
a number of sample clock cycles (TA) relative =- the
frame clock for transmitting after the TA calculat:osn is
carried out. The delay before the calculation of TA in
the start up sequence is determined by the frame ::iming
estimation hardware function and the value is accessible
by the system controller. The receive frame clczx on
the NU side controls the start of frame sampling period,
see Figure 7.

The BSI clock is used to synchronize paraneter
changes between the transmitting and receiving side.
The parameters can, fer instance, be bit loading, srergy
loading, or control channel frequency. The paramezers
are updated by the system controller, on both sides,
before the BSI clock initiates the switch to the new
set-up.

The BSI clock is 1/8192 of the frame clock. The
BSI clock in the uplin: is delayed by a half BSI zlock
cycle relative to the 325I clock in the cdownlink.

A snort pseudo-random sequence on the pilot crznnel
SI synchrcnizaticn cetween the transmiz:ing

is used for =

D

and receiving sid

The Ccyclic praflis is an autension of the Zrznoes

TrT chic. In crder to maintain =hne
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orznogonality during the whole signalling period, the
iast 128 sazgles of the frame are copied and olaced

before the actual frame. This arrangement hnandles

prociems asscciated with inter-symbol interference
aused by tize dispersion.

It is ZImportant that, the part of the signalling
period sampled on the receiving side only, overlaps one
signalling period in the other direction, along the
entire copper wire. TA is used to optimize this overlap
period. The maximum cable length is limited by TA = 128
samples = 6.4 ps propagation delay. This corresponds to
1280 meter (iIf propagation delay is 5 ns/m).

The analog interface connects the received and
transmitted digital data stream at the Cl chip with the
telepnhone line, There are also connections to the TI1
cnip and the system controller for control purposes.

The analog interface is illustrated in Figure 8.
The line is connected to a hybrid transformer, which is
also linked to the POTS. On the receive side of the
hybrid, the ZIncoming signal is passed via a low pass
filter and prcgramable gain attenuator to an analogue to
digital convertor, ADC, and thence to the Cl chip. On
the transmit side of the hybrid, the outgoing digital
signal 1is ccnverted to analogue for by, digital to
ana.ogue convertor, DAC and thence passed via low pass
filzer LP <z the nyorid transformer. A voltage
controlled criystal oscillator, which drives both ADC and
DAC, Is connectad to the synchronization block of the T1

el e
Par Ry N

A0 IlM-Irame 1s =z sum oI sinuscidal carriers
mcii_ated in chase and amplitude and spaced in the
Irsgusncy domzlin with 2 minimum distance of separazion

ceTween carr.ars. Tne assumption zhat the symbels
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w>thin the frame are equally distributed ancg
-ncorrelated with each other, vyields g time domain
siznal with ap aporoximately normally distributes
lnstantaneoys amplitude. Thus, a small Possibility
exists tha- input data can Cooperatively interact te
CIsate pulses with very large peak levels. However, the
maximum amplitude must be limited to a lower amplitude
than this so that there exist a sufficient number of
Giantization levels, in the DAC, to handle average
signals.

Even if the Dac has enough resolution to
accommodate a high peak level in the transmitter, there
ars limitations on the receiver side (ADC). However,
to2 implicazions on the receiver side may not be as
S€72re as they seem.

A shor: cable has less attenuation in the high
fraquency range than a long Cable, see Figure 9. This
means that an occasional pulse may appear in the
receiver almost unmodified by the cable characteristics.
Hence, a re_atively large dynamic range is required in
tre receiver. However, this can be readily achieved
since almost uniform attenuations do not require a large
dvmamic range. The ADC needs to accommodate the region
indicated in rigure 9 by the heavy solid arrowed line.

The larger high frequency attenuation of long

czz_.=s5 does, nowever, require a large dynamic range.
Th

¥

nigh freguency attenuation also means that it would
tz<2 several -arge peaxs from the transmitter in order
tc 2uild up zigh amp_itudes in the receiver, a case
Wilzn is even less =izely To occur at the ADC ~aput than
Sinzl2 peaks. The neadroom can, therefore, be decreaseqd
cC snculd accimmodacte the region indicatad by

-

A
thz feavy daziad arrowes -ine, in Figure 9.
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To summarize, the performance can be optimi:zad by

carelilly se:ting the signal level at the receivar ADC
in devendence on cable length.

The splitter/hybrid has two major tasks, name.v to:

5 - Split and combine telephone signals (POTS) and
VDSL signal frequency bands; and

- prevent the transmitted signal from appearing
at the receiver on the same unit by balancing
the cable.

10 Since each transmission direction has its own
frequency band, it is possible to optimize both sides
for their rescective frequency bands to increase overall
performance.

The purcose of the low-pass filter on the input

15 signal is to reduce aliasing effects on interference
above the used frequency range. The output low-pass
filter reduces emitted bower in the stop-band. These

filters may tce part of the splitter/hybrid module.

The best commercially available ADC today is the
20 Analog Devices AD9042 which has a signal-to-noise ratio
of approzima:ely 66 dB. It is recommended that e:ither

this 23C, or cne with equal performance, is used.

Tor the cturposes of this description it is assumed
that z 14 bi: resoluticn DAC is used.

[
w

-o2 FFT 2nd IFFT 2lgorithms are built from 1.24-
s

ECInTs compls: TETS wis=~ da-a reorganization zc¢ z=llow
ca.culzzion <7 two rezl Séguences a:t the same zinme.
ifence, the TIT and ITFT are elfectively 2043 czinacs

each. The hzariware rezliaz Zicn 1s based on a radiz-32
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kernel which calculates the result in three vpasses, se=
Figure 10.

The rel=z=:tionship between signal-to-noiss ratio anz
resolution i the algorithm can be expressec as:

SNR=22b-v-1

with b = numcer of bits and v = 11 (number of effective
radix-2 passes). Solving for b vyields 17 bits
resolution (based on ADC SNR), but since the ADC is no:
the only source of analog signal degradation, 16 bits
resolution in the algorithm should be adequacte in order
to maintain :he resolution throughout the system.

The VCXC generates the sampling frequency used in
the NT part cZ the system. The control voltage is basec
on data from the synchronization unit. The clock
frequency has to be very stable and phase locked to the
NU reference clock in order to preserve orthogonality
between symbcls.

In order to make full use of the ADC dynamic range,
a programmab:.e attenuator has to be inserted before the
ADC. The attenuation level is mainly a function of the
cable length and can be determined from the timing
advance value by the system controller.

Attenuaz:r resolution and range, and the
reiationship »oetween the timing advance value and
attenuation l=vel, have to be determined. Ecualizatiorn
ard variance wvzlues may alsc pe used in the cz_~ulations

fcr enhanced -za2sul-,

-0 2 [MT system a2 wvery accurzte synchrcnizaction

petwesn the transmitter and the receiver is necessary,
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especially when carriers are modulated with large
censtellaticzns, Ipn -:e embodiment herein described, a
nev¥ frame synchronization method that relies on
Ccrrelation cropertiss innerent in the received signal
structure, :s used.

On ths NU side, a fixed frequency crystal
oscillator is used as a reference for generating the
sampling clcck. On the NT side a sampling clock is
génerated =t a vCXO {(Voltage Controlled Crystal
Oscillator), which is bhase-locked to the oscillator on
the NU side. The VCX0 1is initially controlled by the
frame timing estimate. The resolution of the frame
timing estimate is, however, not sufficient in the
Present aprlication. Therefore, after g lock-in
Sequence, a Zedicated pilot carrier is used to achieve

a very high sampling clock timing accuracy.

Due to zhe long symbol duration in a DMT System,
inter-symboi interference caused by the channel time
dispersion, czn be eliminated by using a guard interval
as a prefix tz every frame in the time domain. 1In order
to maintain zha orthogorality of the frames, the content
of each prefix is ga Copy of the last part of the
foillowing frame, making the frames seem partially
cyclic.

The synczronizatics method used for estimating the
frame timing, employs :the high correlation that exists
between a przZix and the corresponding part of a frame.
By continuously corre_ating samples of the received
signal, separz-ed in time by the (known) frame length,
the passage -7 a guard Inzerval will cause a peak in the
Cerralation =z:zimacs. “nerefore, zhese peaxs will have

a8 =nown timi- 2TICn IC the frames and can pe used to

wy

€32 a Irzme szar- signal. The Dprinciple is
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The correlator znd the peak time estimator use a
system clock generates by a VCX0. This clock is divided
by the total number o< samples in a signalling interval,
(a cyclic pre2fix anc = frame), to create a signal with
the same period as --e correlation peaks. The phase
difference, (frame tige deviation), between these two
signals is used as a- input to a feed-back controller
that adjusts the vcxo frequency to the correct sampling
frequency. The phase of this sampling clock 1is,
however, not accurate enough to be used in a DMT system.
Therefore, the frame timing estimation is primarily used
for a lock-in operatisa. It is also used for monitoring
the frame timing to detect major deviations that will
make a resynchronizac:ion necessary.

The correlation 27 the received data is calculated
continuously. The :ime difference between the two
signals is achieved by using a digital delay line of one
frame length. The output of the delay line 1is
multiplied by the non-delayed signal and integrated
(accumulated! over arn interval equal to the length of
the cyclic prefix. T-e output of the integrator is the
estimate of :the correlac-ion function.

Since only the timing information of the
correlation estimate is used, a simplified estimator is
implemented, using onlv the sign of the input data.
This hardwara implemsntation has a greatly reduced
Complexity ccmpared -- using the full sample word
length.

Computer simulz=isns have shown that using
Synchronous 2v2raging 27 several signalling interwvals
Ce I zZhe frame timing estimate. Due
0 tne reduce: data weo-s length used in the multiplier
Part ¢ the cirrazlator, it is feasible to implement such
an  averaging  func-i-- immedizzely following <the
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muiziplier,

A blocx diagram snowing the implementaz:cn cI the
corresiator is shown in Figure 12. The incoring signal
X(k) 1s pasz tnrough a delay with N = 1024, i.e. one
frame, and to a conjugator. The output from the delay
and conjugator are then multiplied to produce a signal
Y{k) which is passed to an averager. The output of the
aveérager, Z(x) is past to a subtractor from which Z(k)
delayed by L = 128 is subtracted. This vields signal
W(k) which is Passed to an accumulator vielding an
output signal C(k).

The details of the averaging part of the correlator
are snown in Tigure 13. The averager comprises a series
of delay elements combined with adders, as shown. The
output signa. can be expressed as:

6
Z(k) =Y Y(k-iM)
i=0

where Y(k) is the input signal and z(k) is tne output
signa.l.

in order to make the averaging synchronous to the
frame structure of the signal, the delays equal the

signalling inzerval.

~ detectcr for finding the position of the maximum

magnitude of :the correla-ion function estimate is shown
in Figure 14. ZI:- is implemented using a register (#1)
for the most rzzen- maxinum value and a comparzzor. The
Teglster cornzant and =he correlation magrnizude are
comgzared, ant 2verv <ime a value larger =z-han the
reglstar conctans ‘s enccuntered, the new value is s:ored

in the regisza-, The opresen:t value of 2 councer,
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counting sampling intervals (modulo the Sigrnalling
interval), is also Put into a second register [42),
Wnen a whole signalling interval has passed, this seconcg
register will contain an index to the maximuz valye
found during that interval. This index is store= in a
third register (#3), once per signalling interval, and
the content of the first register (#1) is dividecd by two

(using shift).

The index stored in register #3 is interprezed as
the deviation between the counter value and the actual
timing of the input signal frames. The feed-back
controller will make the average of this deviation
converge towards :zero. The counter value can trha2n be
used as a pointer into the signalling interval. The
frame timing clock is generated using this counte- value
to indicate the frame start.

The estimation of the pilot carrier freguency
domain complex representation is performed using the FFT
unit availabie in the system. The advantage of using
this method is that the estimate will be independenz of
the varying modulation of the other carriers. This is
due to the inherent orthogonality between the carriers.
In order to achieve an estimate with acceptably low
variance, some averaging is necessary. This is done
using first-order digital IIR filters.

Unfortunately, the estimate is represented as ga
ccmplex numcer i rectangular coordinates sc the
argument is not directly available. In the feed-zack
lece it is n2Ceéssary to detect very small arg:ment

deviaticns, ferefore, tne resolution o7 the arziment

TUST be nigh.

)
D
h

eez-daci controllar ¥1ll make the cillot
“mens converga towards Zero. An

carriler ar

W)
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approximation of the argument, that is linear only in a
small range around zero, 1is then sufficient to achieve
acceptable performance. A useful approximation that is
monotonic in almost all fous quadrants and also easy tc
implement :in digital logic is described by the
expression:

A=M. [T~ (1-sgnRic}) . k. Rld. sgnlct)

where C is the complex pilot carrier estimate, M is a
positive scaling constant and K is a positive constant
that affects the shape of the function (K=2 is used
here) .

The channel introduces pPhase-shift on the pilot
carrier that might cause misalignment between the input
signal frame timing and the pilot argument zero. In
order to eliminate this problem, the pilot carrier
estimate is also passed through the frequency domain
equalizer. The equalizer Parameter for this carrier is
set during the Start-up seqguence, when the frame timing
estimate has converged to its final value.

The selection of pilot carrier will be fixed, but
logic for selecting other carriers as pilot can also be
provided.

The feed-pack loop ac:tally has two controllers,
eacnh with its own input s:ignal. The two controller
Outduts are zdded and fed +via a D/A-converter to the
VCXC that g2nerates tre sampling clock. Both
centrollers zra cf the == type (Froportiocnal and

Integrazing;.

d > givas an cvasrview 07 -he signal gaths.
The received =:ime doma:- data pazasses througn the
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correlator and peak position estimator to vield the
frame clock. The cemplex frequency domain vilot carrier
derived from the equalizer is passed to a oilot argumens
estimator, :he ciiput of which is past to feedback
controllers which aliso receive an Ooutput from the peak
estimator. The output from the feedback controllers is
then passed to a digital to analogue convertor to yield
a signal used to control the VCXo0.

During the Start-up sequence, only the frame timing
controller 1is active. When the frame timing has
stabilized, the equalization parameter for the pilot
carrier is calculated and set (by the SC). This is done
only once and further updating of this parameter is
inhibited. 2fter this change of equalization parameter,
the averager for the argument estimate is given
sufficient settling time. Finally, the frame timing
controller is stopoed and the pilot argument controller
is activatesd. When the frame timing controller is
stopped, its last output value is locked so the VCXo
frequency remains close to its final value.

The piic: carrier is also used for the transmission
of the Base Synchronization Interval (BSI) timing
information. The carrier argument is normally supposed
to be constant. A short pattern is BPSK-modulated onto
the carrier, using phases 0 and = and leaving the
carrier at prase ( during the rest of the BSI interval.
IZ this patzsrn is eniy a small fraction (<1%) of the
35I interval, thne disturbance of the pilot carrier
argument estimation is negligible. A correlator is used

Zcr detecting the £atIlzrn and give the timing signal for
38I.

“he sysizn contrsller (5C) must have read access,
Icr synchrcrizazia- -ocrx detection zn4g monitoring

rame time devia-ion
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estimate and the pilot argument approximation.

-1 order to nandle the initial equalization of the
pilot carrier, iz is necessary for the SC to read the
averaged pilct carrier complex representation and write
to the equalization parameter memory.

An offset register for determining the relative
timing between the input data frames and the frame start
signal is necessary and must be writable by the SC.
This is used on the NT side.

The detected BSI event signals, for both receive
and transmit, should be connected to the SC as interrupt

inputs.

Alternatively, the pilot carrier can be recovered
from the time-domain signal, using a band-pass filter,
and directly used for phase-locking of a sampling clock
oscillator. The frequency-domain method, described
here, has the advantage that the pilot carrier estimate
is independent of the modulation of the other carriers
due to the orcthogonality. A different frame
synchronization method would be dependent on including
a known pattern in some frames. This would reduce the

system capacity.

The frame and cyclic orefix lengths are fixed in
the embodiment herein described. The mezhod, as
descrived accve, s designed to work in a feed-dack loop
Wwith a VCXO. In a unit using a fixed sampling clock
Oscillator, the frame timing estimator design needs to
bDe slighzly modifiad. Iz is important that the VCx0 has
zise2, since the feed-back locz Is tco

S_Cv T Comgpensat:s such a Zisturbance.

~ Jdiscraze =multi-tona  (DMT) s7sc<em mccilaztes N
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comp_ex data symbols onto N carriers (here we use N=-024
carriers). This mapoing is computed as an i-verse
discrete Fourier transform by using the Inverse Tas<:
Fourler Trznsform (IFST). In the receiver =:the
carriers are demodulated by a FFT.

In the modem, herein described, the FFT and IFIT is
carried out by the same unit, using the same radix 16,
or 32 core, in different phases. This process 1is
illustrated schematically in Figure 16.

The main operation is divided into frames of length
2048 real, or 1024 complex values. For each frame this
unit performs a FFT, IFFT, Scaling, Descaling, and
addizion of Cvclic Prefix.

The FFT and IFFT calculate 2048 point real FFTs and
operate with 2 minimum of 16 bit arithmetic.

For the network terminal side, (NT), there is a
requirement cn synchronization between the input frame
start and the IFFT output start. (A synchronization
between the upstream and downstream carriers). The
transmitter should be able to start sending a frame
before it starts receiving a frame, so called timing
advance.

A scaling should be provided before the IFFT .
This scaling is a multiplication between the real
coefZicients stored in this unit and the input wvalues
from the symtcl mapper (SM). The coefficients are 16

bits =2ach.

ne ceslilcient mamory consists of two banks of
egua. size % x 1024 ziz). One bank is in use w~ile
tne ctner ls updated.  Switching is enacled Tnrsuzh a

2C2 ccocmmand z2n2 is exacuzad az the nex: BSI.
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After the FFT, a rescaling should be perZormed

pefore transierring the data for equali-ation and symbol

detection. This descaling is a multiziicaticn o7 the

inverse of the scaling values. The coefficienzs are
represented py 16 bits.

An expcnent (resulting in a post shift) of 4 bits
might also be needed to maintain the precision.

The coeificient memory consists of two banks of
equal size ((16+4) x 1024 bit). One bank is in use
while the other is updated. Switching is enabled
through a PCI command and is executed at the next BSI.

At the opeginning of each frame a cyclic prefix is
added. This process is illustrated schematically in
Figure 17. The insertion of a cyclic prefix avoids
inter-symbo: interference (ISI) and preserves the
orthogonality between the tones, resul:ting in a simple
input-output relation which makes it possible to view
each carrier as a separate channel. This cyclic prefix
consists of 2 repetition of the last part of the frame.

Given that timing advance is used and the maxzimum
cable length is 1300 m, a cyclic prefix of 128 samples
will be needed. Thus, the output for each frame should

be sample:
15z0, 1921, ..., 2046, 2047, 0, 1, 2, ..., 2046, 2047.
For eacr of the atove component, there is a FITO to
interface the external world wizh the FFI/IFFT inpu: and
ouIoput memori=as. Thus, in ozl there zre 4 TIf0s,
T 1s rzzcommendes that tha FIFCs interfacin: thne

ana_og side nzv2 2 siz2 of 3i4 words 1% bits) anz the

= 3 -~ - S aml - - - s -~ - F- | = .- J
:0s 1nterlzcing tne TL chlp nave 2 size of 443 words
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(32 bits).

Another DMT techcigue tha:z does nc- wuse Fourier
transforms 1s Discrez2 Wavelez Multi-:to-me Transform
(DWMT) . Tnis method =as beer proposed zo the ADSL
standardization commit:zze, which zurned i down.

CJ

The precision neezed in this technigue depends on
the required dynamic range, whic» in turn, s decided by
the analog ccmponents [esp. DAC.. The F-70 size will
depend on clock speed differences and tne amount of
timing advancs used. The use of clipping is a trade off
between dynamic range (gquantizaticn noise) and clipping
ncise.

Channel =astimaticn is perZ:rmed using a decision
directed method, since =211 data Zrames are -hen used for
updating the channel =odel. znown data frames are
necessary on.y at stari-up. Uncdsr certain conditions,
the interference on thz channel zan be es-imated using

all data frames. This is importznt for ear_.y detection
of changes in the channs! transmission qua’ity.

The basic prinziple for decision directed
estimation is that diffsrences bezween received data and
known transmicted data are used or updating a channel
model. At a certain s:tzge of this process, the channel
model is accurate enough to be us2s for egualization of
the received Zata and :tis detectzr will produce correct
dazz. This cutput datz zan then z=2 used iz zhe same way
as tne known Zata for ZIurther uzzating ¢ the channel
mczel. TherzIore, trns predefinzs data frames are no
icnger necesszry and raznism data Trzasmitstas zarough the

i

[
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adaptive updating algorithm can be designed. It
mecdifies the equalization parameters in small steos in
such directicns that the equalizer converges towards a
model of tnz channel inverse. Figure 18 shows a block
diagram of such a system. Frequency domain inpu: data
enters the egualiser and is multiplied by the output of
an equalisation parameter updating unit, EQ. The
resultant signal, U, is passed to a detector (quantizer)
whose outpuz is Y. VY is then passed to a symbol decoder
which produces a deccded data bit stream. U and Y are
also passed to an input of the equalization parameter
updating unit and to a variance estimator. The output
of the variance estimator is W.

An adactive algcrithm for estimating the equalizer
parameters {zZQ), using the equalized data (U) and the
quantized cata (Y) as inputs, 1is described by the
following guation: ‘

EQk’i:EQk*’E’-% . Eok' U}: . (Yk-Uk)
k

where u, 1s a positive constant (p << 1) that affects
the adaption dynamics. A smaller value gives a slower
adaption than a larger value, but it also gives a better
robustness when there are disturbances on the input

signals.

For imc_ementaticn reasons, the division, shown in
the equatiocrn, should ze avoided. The expression p/ U,'-
has a toc _zrge dynznic range to be replaced by a

zZchnsZanc.

ssiple, thcugh, to guantize this expression

z logarizrnmic fasnizn as showWn below:
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E =2 integer(2.log,|U|) +integer (log,p)
|U,[?

The exponent of the above eXpression can be
prcduced using the absolute value of U, as the input of
a8 oinary priority encoder and negating the output.
ince the expression is an integer power of two, the
mi.tiplication operation in the algorithm is implemented

using a barrel shifter.

The variance of the interference on each of the
carriers is estimated using the standard method of
integrating the squared deviations from a mean. In this
case each quantized value, Y, is used as the mean for
the range of data values, U, that are quantized to this
Y. This method assumes that the symbol error rate is
lew enough for each data value to be associated with the
ccrrect mean. However, 1if suitable constellations are
se_acted for the different carriers, this condition is
fulfilled.

Figure 13 shows the variance estimator as a part of
the system. The algorithm used for the estimation is
described by the following equation:

Wioy=(1=€) .We+e . |V -u,|?

The integration is here replaced by an
exccrentially weighted averaging filter. The parameter
€ 15 a small cositive constant (e << 1) that a2ffects thne
d cgarties of the filter. This 1is ncz a

nd selecting an € amcng integer
s

IZ 2 wvz_ue I € 1s selected that gives

a
Y2Il32nCle esIimate, the algcrizam will not ze apbl=s to
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detect sudden changes in the interference _avel,
Therefore, a separate algorithm, working in parallel
with the variance estimator, may be necessary fcr =zhis
task.

The sys:tem controller must have both read and write
access to the memory holding the equalization
parameters. Initialization of the parameters is
necessary at start-up. Monitoring the parametars is
also necessary to detect when they have adapted ziose
enough to their final values.

The channel variance memory must be available for
system controller read operations. Initializaticn of
this memory to all zeroes can be connected to a svstem
reset.

The parameters affecting the dvnamics o7 the
estimators must be accessible for write from the s/stem
controller.

The mezhod, herein described, assumes a spezific
start-up seguence, both for the channel ans the
interference estimation. During normal execution it is
dependent on a suitable selection of bit-loading, giving
low enough symbol error rate.

It is important that the equalization paramezers
are initialized to unity value at the beginning cf the
start-up seg:uence, since the input data to the updzting
algoritnm passes through the equalizer. The updazing
algorithm iz sensizive to scale changes in the 4ata
gaco.

any change of scaling in the transmitter mus- pe

eiver. This z2lso calls 2o
£
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in the receiver.

The symocl mapper, (encoder), maps a numter of bits
into a complex number (I, Q) which indirectl’ determines
the pnase ancd amplitude of a carrier. The mapping of
all wvalues of a certain bit length is called a
constellation, and is illustrated in Figure 19. The
detection is the inverse function, that is, from a
complex value, determining the value of the bits
transmitted on the carrier. The number of bits sent on
a certain carrier is determined by the bit-loading
factor for that carrier.

The construction of a specific constellation 1is
aimed at let:ting each point be as far removed, as
possible, frcm all the other points. At the same time
the average energy should be as low as possible.
Another constraint is that the mapping and detection
unit should be as simple as possible. The decision as
to which constellation 1s to be used will, however,
influence no: only the symbol mapping and detection
units, but z1so the bit loading and pcssibly the
adaptive equali:zer.

For a given carrier, the encoder selects an odd-
integer point (I, Q) from the square-grid constellation
based on the £ bits (v...,v_...,...,v.,v.). For convenience
of descrip:tion, these b bits are identified with an

integer label whose binary representation is

2 L A for example, for b=Z, the four
constellaticrn points are labelled 0, 1, 2, 3
correspondirz zo (v.,v- = (0,0), (3,1), (1,2}, '1,1),

IespecTively.

I evel Tzaz.ues o7 o, Tne LnTag=er values
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VI = (v...yV.s,...,v.) and VQ = (v..,,Vv._.,...,Vv.). Then
aoc.ly the 1inverse Gray code to V1 and VQ. This yields
I zndQas I =2 Gray'!7Z) + 1 and Q = 2 Gray'(VQ) + 1.

Figure Z3. snhows ncw the binary pattern of V maps
onto I and Q given b = ©.

Before these values are sent to the IFFT they are
normalized by shifting them so that the msb of these
numbers become the msb of the output (16 - [b/2] steps
left).

For a given <carrier, the decoder wuses a
constellatior point (I, Q) to determine the b bits (v,
4V.y...,V.,v-). For convenience of description, these
b tits are identified with an integer label whose binary

recresentaticn 1S (V._.,Vis, ..., V., Vs)

It is assumed that the wvalues of I and Q are

limited by saturation to the range (X, Y). To determine
vV the wvalues I = (L.5p104peeeo, i is) and Q =
(9::v9:4s----43.,G9-) are Gray coded and then combined into
Vas V= (gil.:,9G::/G1:./GQ5rcvvvens ), where the upper b

bits are val:iz.

The numcer of bits each carrier carries, depends on

their respective Signal-to-Noise Ratios (SNR). The
Sigrnal-to-Noiss Ratio is calculated for each carrier in

ths receiver. Based on the Signal-to-Noise Ratios, bit-
.cading factcrs are calculated for each carrier. Thus,
the number <¢I bpits each carrier 1s to carry per

cransmitted symeocl 1s  decided. These Dbit-loading

-l

faz:ors are cz_zulazted i an initial <training session

=3 zan o2e cvgiztes 1f rasguired. The MUSIC system uses
-Zimensiona. Zuzsraturs Amplitude Mcdulation (QAM) on
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The rumper of ri:ts transmitted on each carrier may
Z2 expresssZ as:

SNR

B.=b;+log, (L) =log, (1+ %) (1)

wrere I') the SNR gap, depends on modulation, possible
czding and z system margin, and L is the constellation
expansion die to the extra bits needed for coding.
Using QAM ccrnstellations and some form of coding yields:

CRIELINE

4
r= 3 “Ya*Ymargin (dB)

(2)

wrare P,, 1s the desired symbol error rate, y: is the

9]

2in of coding in the system, Yg.q, 1S the system margin.
Tna system ma2rgin is 2 factor that is used to compensate

fzr non-moca_led losses, impulse noise etc. Egquation
(. gives bit-loading factors with infinite
rzaularity. The bi:t-loading factors are rounded to

give the succorted factors (0 - 12 bits).

The rounding orocedure will decrease the
pecformance of the DMT system. If the energy
distribution is allowed to vary energy-loading factors
czn pbe calc:lated for each carrier. This provides the

cssibility o tune :the energy, so that (1) results in

a zlit-load:irc Zactor supported by the system. Tuning
glves:
p.-1)T
E,=2 SNR; (3)
This czrn, ncwev2z, reasult in very large differences

les. 1 an envirocnment with

D
1l
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®

D
'3
(9]
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several diZfZerent DMT systems, peculiar effec:ts may
cccur if trne different energies are allowed to vary tToo
mich. Tnz Far-End Crosstalk (FEXT) will wary
significant’y 1in such an environment, and soms DM7T
svstems ma. get all the capacity of the cable. To

prevent thess effects, only small changes of the carrier
energies can de allowed. Another limiting factor is the
maximum energy that is allowed on each carrier.

The inzut data to the bit-loading algorithm will

depend on the chosen frequency domain equalizer. IZ an
adaptive DFz 1s used the SNR 1s given by:

SIVRJ:=W1-

-~
s
~—

where W. is <he estimated interference variance described

above.

For each carrier, a bit-loading factor and an
ergy-loading factor is calculated. The bit-loading
o

th

actors may ce represented with 3 bits, but to preapare
the system Z:r odd bit-loading factors as well, 4 Dbits
are recommerncdad. For energy-loading, n bits are used to

give 2° - 1 possible factors.

The imz_ementation of the calculations of boit-
loading and =znergy-loading factors can be made ir four

zages as i_.ustrated in Figure 20. To reach a given
biz rate, = required SNR can be calculated and the
s/stem margin can pbe &djusted so that the desirecd dit

rzze is reaz-sd. The process, illustrated in Figurz 20,

inwolves thie Iollowing steps.

sz the SUR is calculated using (4).

-

2Ch

[13]

- Szzzad, feur compariscns, that is one for
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ci the four bits representing the pit-loading
factor, are carried out. The thresholds
cepvends on L and I', and can be oprecalculzated.
Tne first comparison decides i1f tne bit
ioading factor is greater than 7, the resul:
cZ this comparison controls the first of the
four bits representing the bit-loading factor,
it also controls the threshold for the next
comparison. In a similar way, this comparison
ccatrol the second bit and the threshold for

the next comparison. After the four
comparisons, the bit-loading factor 1is
definite.

- Tre third step is to calculate the scale
faczor for the transmitted energy so that the
caannel is used more efficiently. The energy
is scaled according to equation (3).

- Finally, the scale factor is quantized to n
bizs.

It shou_d bpe noted that to implement a system with
coastant energy loading, only the first two steps are
necessary.

The energy loading and the shifting periormed for
normalizatio~ in the symbol mapoing, determine the
scaiing ancd dZescaling factors sent to the IFET/FFT
processor.

The or-2:: of channel coding is to decreass Dbit
erraor rate. Tne tyoe of coding which should pe used 1is
dszsndent < the error pactern characteristics.
Excazzad err:sr sourzes include random nols2 (1ncicing
-Sefeto piz =rrors), Limgulse =onoise  (induclng error

g (inducing errcr 2urs:ts,.
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Errors caused v impulse noiss will rimarily
affect one, cr two, zircs per carrier. The probability
for a single bit errcr on one carrier s always hnigher
than the prczability -7 2 pit errors, waich is ia turn
5 higner than :he probazility of 3 bit errors, and so on.

This depends on the w2y the bits in a symbol are coded

(i.e. Gray ccding).

All coding depends on a synchronisation in order to
determine the start-bit for the code-words and/or
10 interleaving blocks. In a Ssystem, sucn as, the MUSIC
modem, simple dead recxoning will be sufficient, since
a data flow slip can never occur without loss of frame
synchronization, or bi- loading mis-adiustments. These
errors will necessizz-e 3 partial, ocr full, system
15 rescart.

The chaznnel coding will also include interleaving
in order to increase the possibility of correcting burst
errors.

Interlezving shc:ld be as deep as possible to
20 obtain optimzl workirg. The limiting factor on the
depth is the time delzy which is introduced into the

sys:tem.

The difference Dbetween time and frequency
interleaving s of smz.l importance because the coding
25 and interleaving funciion is not sensitive to frame

bourdaries.

Reed-So_zmon codes have the drawback tha“ they are
primarily burs: errsr ccrrecting over z small numper of
Dits (usually 2ighz., = 50 calles sSymgcl. Burst arrors
&~

frcm impulse noiss will moszly introduice a singla it
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concentrated in one, or 2 few, of the Reed-Solomon
sympols.

Tre system margin i5, in itself, a sort of coding,
using each carrier's margin as the symbol's redundancy.
This, per symbol, redundancy should be converted to a
shared redundancy that can be used by a larger number of
symbols in order to handle burst errors. The higher
coding rate that this imposes can be used by some types
of convolutional code.

Using a convolutional code combined with soft
information 1is, therefore, the optimal solution for a
system with the MUSIC channel characteristics.

The <c¢cnvolutional ccde should be combined with
interleaving. It 1s possible to use a top level Reed-
Solomon code, or another Zzurst error correcting code,
e.g. Fire codes, 1in order to detect/correct the
remaining bit errors. This is especially useful as
these errors appear 1in bursts as a result of the
decoding of tne ccnvolutional code.

In the transmission of traffic by means of multi-
carrier wave techniques, for example, orthogonal
frequency division multiplexing (OFDM), the same number
of bits are transmitted on all sub-carrier waves. This
is done in spite of the Zaz: that it is theoretically
possible to transmit more zits if the channel is known,
which is the case, for exzmple, in the transmission of
traZfic on ccoper wire. It nas, therefore, been deemed

desirable o orovide, in 2z multi-carrier transmission

s/szam, a =2thci for znz zransmission of diffsrent
numpers ¢f £izs car channsl, or sub-carrier.
2% Thz gresznt time, zlt-loading 1s used to vary

s per crhannel, or sub-carrier, In so-
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ca_led discrete multi-tone and OFDM-transmission bo=-
cZ whicha use multi-carrier wave techniques on known
crznnels. Thus, such systems provide a method for tha
transmissicn of the correct number (real capacity) c?
Llts per chznnel, or sub-carrier. However, while this
meznod transmits a varying number of bits per channel,
Or sub-carrier, it would be advantageous to be able to
transmit a Zixed number of bits per channel, or sub-

carrier, bu:z with varying user data content.

In a multi-carrier transmission system, channel
irformation is transmitted between two transceivers
using a plurality of sub-carriers modulated with
simpols, eazch of which represents a multiplicity of

< -

-—3J.

In the nmethod according to the present invention
fcr the transmission of channel information in a multi-
carrier transmission system, such as the MUSIC system

(B}

herein described, a fixed maximum value is determined
fc
cazacity per symbol of each of the plurality of sub-

1

the numcer of bits for each symbol, as is the bit

carriers. I it is determined that certain of the sub-
carriers have a capacity less than the fixed maximum
va_le, then :tze number of bits represented by a symbol,
transmitted over those sub-carriers, is increased to the

izad maximuz value by the addition of channel coding

bizs.

Thus, t-hz number c¢Z bits represented by the symbols

used to modu_zte the plurality of sub-carriers is set a:
a Iixed maxim:im valie and channel coded bits are used to
inZre2ase thz number <f bits repvresented by a symbol
transmitIied tver Ihcss  sub-carriers which have a
Catzllty .es3: tnpan Tz Iixed maximum value.
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rmaximum value for the number of bits for each symzol is
cszerminecd on the basis of the bit capacity ¢I thz: ore
cI the sucz-carriers which is found to nave the hizhes:
-nsoretical Dpit capacity. In practice, the Zixe:z
rzximum value for the number of bits will be at least as
lzrge as taz bit capacity of the sub-carrier having the
highest theoretical bit capacity. In other words, the
f-xed maximum value may be as large as, or larger than,
toe theorezical bit capacity of the best of the sub-
czrriers.

Thus, in practice, the bit capacity of a sub-
carrier is measured, or estimated, and, for those sub-
carriers wihich do not have sufficient real capaciy, a
n:nber of channel coding bits is introduced which
increases :-2 total number of bits, represented by a
s:mpbol transmitted over the sub-carriers concerned, up
tc the fixed maximum number of bits.

For example, if it is determined that the fixed

arZ that t-s number of bits represented by a symbol,
transmitted over a certain sub-carrier, 1is found by
estimation, or measurement, to be only 4 bits, then the
nutoer of its represented by the symbol will, in
accordance «#ith the present invention, be increased by
th
tre number <Z bits reoresented by a symbol, transmicted

{1}

additicn of 12 channel coding bits. If, however,

o

(§}]

T another sub-carrier, is found to be 10 oits, then
iz will only be necessary to add 6 chanrel coding zits.

it can, therefore, be seen from the foregcing

deszcription that, acceording to <the present inventicrn:
- 3 mMuiIl-carrier transmissicn systen is zdaptsl tc
ransmic: channsl information dezwsen WO

~ransczlvers using a plurality of .c-carr.ers
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modulazed with symbols, each of whicnh represents a
multiclicity ¢ pbits;

- a fixed maximur~ value i3 determined for the ~umber

of bizs for each symbol; and
- the svstem is adapted tc:

- cezermine the bit capacity per symbol of each
o the plurality of sub-carriers; and

- :ncrease the number of bits represented by a
symbol, transmitted over those of the sub-
carriers wnich have a capacity less that the
ived mazimum value, to the fixed maxzimum
vaue by zhe addition of channel coding bits.

The addition of channel coding bits to increase the
number of bits represented by a symbol will, therefore,
provide a multi-coded, multi-carrier transmission

system.

As sta-ad above, the object of channel coding is to
decrease bi: error rate and the type of coding used will
be dependent on <the error pattern characteristics.
Thus, the channel coding bits which are added to
increase the number cf bits represented by a symbol to
the fixed maximum value, will effect a decrease in bit
error rate in a mannsr known to persons skilled in the
arc. In addition, ztne channel coding bits are, 1in
essence, rzi:undant zits which are added to the channel
informatior -ransmiz-ed betwesn the two transceivers, 1n
3 contro..=- mannsr, o sizaal the vaiidity cI the

irormaticr Zzza &t the recelver.

Zxpeczz3i errcr sources, as stated above, inc_ude

ra~dom noiss ‘induzi=z random dit errors;, impulse noise

b
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(inducing error bursts) and clipping (inducing error
bursts) .

It will be directly evident from the foregoing
description that the method of the present invention can
be used by any modem which transmits data on channels
with relatively static channel properties and which use
a multi-carrier transmission system, or similar
techniques, which distribute information on a number of
sub-carriers.

The system controller is based on a
microcontroller, or signal processor, dependent on
capacity requirements. For the MUSIC system the
processor can be placed externally. A PCI-bus interface
is wused to connect the system controller and the
different ASICs which make up the modem. Operation of
the system controller is schematically illustrated in
Figure 21 which shows the interaction paths over a PCI
bus, between the system controller and the FFT chip, the
data mapping and detection chip, and the coding and
decoding chip. runctions performed by the system
controller are:

- handling of Control Channel Signalling;

- calculating bit loading and energy loading

factors;
- real time updating of system parameters; and
- System supervisicn.

L2 sysIan controller, tsed witrh the modem herein

descrized, is Srégrammac-2 2n2 access.ole tnrsugn an on-
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As shown in Figure 22, in a modem connection, using
mcdems herein descriped, the two data paths work
independently of each other on the same physical ccoper
cable, terminating in the network unit (NU) c¢o <he
network side an the ne:zwork termination (NT) on the user
side. Botn the transmitter Tx and receiver Rx are
controlled by the system controller.

The system controller, after start up, calculates
and updates the bit loading and energy loading factors.
This updating has to be done at the same time, starting
from the same frame, on both the transmit and receive
side.

The calculations are done and the updating 1is
initiated on the receiving side. The Control Channel
combined with the BSI clock is used to ensure the
synchronisation of the updating.

The system controller also supervises the system.
Indications of system failure include the control
channel starting to indicate errors, or reception ¢ too
many errors from the channel decoding unit. The system
controller can initiate restart on different levels; for
example, go back to "idle mode", or make a complete
start up.

The Control Chanrel is a selected carrier thz: is
only used for signalling between the two modems. The
constellaticn on the carrier Is initially 4 QAM anc the
data rate is approximately 1€ kBit/s. The bkit-lcading
can pce changed to ancther constellaticn in orcder to

increase the data raz=s.

Tnhe preczocol on trn2 Contrcl Channel 1s partly zzsed
on HILT ZIor =tnhe physica: layser. This means tha: zhe

messajzes are packed as a numzsr of octets with usz of
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"flag sequenc2" and "bit-stuffing”. A 16-pit "frame
check sequernza" ensures that every message .5 receivec
correctly.

The "Zlzg sequence”, "bit-stuffing"” zand "frame

check sequenze" are handled in the hardware on the
mapping and Zstection chip. The content of the messages
is handled z; the system controller.

The maximum message length is limited to 64 octets
due to the size of the buffers on the mapping and
detection cihlop.

Higher _asvel protocols can partly be based on the
CCITT Q.92 rz2commendations.

In the YUSIC modem SC, several different vectors
are managed, these are illustrated, schematically, in
Figure 23.

For tre -ransmitter part there are the bit-loading,
and energy scaling vector. Corresponding’y on the
receiver sizZz there are the bit-loading, descaling and
equalizatiorn vector.

As previzusly described, the pilot carrier delivers
a transmittsr/receiver synchronization by sending and
de-ecting a sgecific pattern. This clock is used by the
system to srnchronize changes in the transmitter and

receiver veITIrs.

The timz petween the pilot synchronization patterns
is zailed tzs=z sync interval (BSI, and 1is dezzrmined Dy

the system rzsponse time, as shown In Figure 4.

Tnis 23> 1s harcware depencsnt. Its _=sngtnh will

rc- ze chanz=3, since the response —ime always stays tnhe

l'()
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When tihz system is up and running there will be 3
synchronizazion, between the uplink transmitter ard
receiver, o, the base sync interval uplink {BSI-U) and
tne base synch interval downlink (BSI-D), see Figure 25.
These BSI are of the exact same length but are shifted
half the BSI interval.

The SC at the NU, or NT, will receive interrupts
for both BSI-U and BSI-D.

For the NU there will be a transmitting BSI-D
interrupt and a receiving BSI-U interrupt. By shifting
the BSI-U o2y BSI/2, the SC 1load will be better
distributed over the BSI period.

The biz-loading vector supplies the system with the
modulation pattern for each carrier. This is a vector
that needs to be held and updated, at exactly the same
time for the transmitter and the receiver side, in order
tc supply an error free connection. By using the BSI,
the vector Is changed synchronously on the receiver and

trhe transmiz:cer side.

The bi:z-loading factors, constellations that are
used on eac:h carrier, are handled by two memories for
receiving and two memories for transmitting on the
mapping and detection chip. Each of the four memories
ccntains a <-bit word for each carrier (1024 x 4).

The svszem controller points to wnizch of the

memories wlll be ussd for transmit and which will pe
usz2d for recsive afzar the start from next 25> interval.
The It lcading Zactcr can nave values between |

=2 12 whers [ dernoz2s an unused carrier, : - 12 denots

¢
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the number of bits in the constellation (e.g. 2 Zor 4
QAM, 4 for 16 QAM, 10 for 1024 QAM).

The energy vector holds information on how the
carriers are scaled/descaled in energy. This 1s a
vector that needs to be updated synchronously, otherwise
it will generate a distorted channel estimate and bit
errors. The scaling vector will also be used as a mask
for cancelled carriers.

Scaling of the different carriers on the
transmitter side is handled by a memory area on the FFT
chip. The memory consists of one 16-bit word for each
carrier (1024 x 16). These values are multiplied by the
vector for each carrier in the frequency domain (I and
Q are multipiied with the value separately).

The memory 1s doubled 1in order to ensure a
synchronous updating. The system controller points to
which of the two memories will be used from the start of
the next BSI interval.

A corresponding memory (doubled) is implemented on
the receiving side in order to rescale the carriers
before symbol detection. If these memories contain a
complex wvalue for each carrier (32 bits/carrier), only
the I value will be used for rescaling.

The scaling and rescaling factors have values

between 0.5 and 2.0. The value 0 is used for carrier
cancelling.

The eguzlizaticn vector 1is used to equalizes the
recaived frams acccrding to the channel characteristics.
Tnils vector 13 urdatecd pericdically, Independent cI the
otner side, 25 the chznnel estimate is calculated i the
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Depending on the specific transmission
characteristics of a carrier, it will be assigned cne of
the following modes:

- ordinary carrier - this carrier transmits data
correspondingly to the calculated bit-loading
value and are transmitter scaled and recelver
descaled;

- cancelled carrier - no energy 1is to be
transmitted on this frequency and the scaling
vector is, therefore, set to zero; oOr

- bad carrier, the SNR is too low to transmit
anv data and the bit-loading is therefore set

to zero.

For carrier mode 1 (CMl) the system operates as
normal. The receiver continuously estimates the
channel. Equalization changes are made for each new
estimate. Using the characteristics, the SC calculates
the optima: bit-loading facrtor. This value 1is
transferred zo the transmitter using the CCH and a

synchronous change 1is made.

For carrier mode 2 (CM2) the energy scaled/descaled
value is set to zero to disable any output/input energy.
The bit-loading vector value is also set to zerc to
indicate tha: the carrier is disabled. For this carrier
no channel eszimate can be made.

For carrier mocde 3 (CM3) the receiver has
calsuiated & zerc for zhe cit-loading factor. On the
transmi-ter side, this means that noc data can Dpe
~smi-ted znd, thersfore, no cnannel estimate can be
mads a- the raceiver. To avzid thils, the corresponiing

~arvier wal.u2 from the sync frame 1is sent, enasling
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channel estimation to be performed at the receiver. The
scaling/descaling value can be used to lower the outpu:z
power. The carrier modes are summarised in Table 4.

The basic functionality for the system start-up
sequence, i.e. cold and warm boot, is now considered.

Initially the system is considered to be powered
off at one, or both, ends, NU and NT. This occurs if
power 1s lost by power failure, or by the user
unplugging the NT equipment. The main considerations
for the start-up is, besides the connection function,
minimizing the interference level for other modems
running on neighbouring cables.

The various frame types employed by the system are
considered pelow.

1. The synch frame is used for channel estimation.
This frame holds a fixed modulation pattern for
every carrier, thereby enabling easy channel
estimation. 3y letting the modulation pattern be
described by a random sequence, the cross
correlation inside the frame is kept low so that
the frame correlation, used for synchronization, is
improved.

(3]

Data frame 1, (DFl), carries random data on all
carriers, except for four predefined carriers that
transmiz the control channel (CCH) in parallel. It
is wusei at start-up when the CCH carrier 1is
undetermined znd enables the receiver to select the

leasz Zisturzed carrier, thereby securing the CCH

) carries random data c¢- al:l

W
C
8%}
o!
¢V
tt
1y
i
3
®
¢
@)
f1)

carrisrs ewmz2TT one, Which Dpears the control
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channe>. (CCH). It is used when the CCH carris~ has
oeen determined and the bit-loading factors are
still ot set.

4. Data <Zrame 3 (DF3) carries data and makes use of
the bit-loading functionality to maximize the
bandwidth. One carrier is always dedicated to the
control channel (CCH).

The system uses a special frame sequence, shown in
Figure 26, at start-up and in idle mode, called the
start-up sequence (SUS).

The SUS can be composed by using the different data
frzmes, DF. and DF2, which are, accordingly, named SUS1
rd SUS2. In the SUS frame sequence, the synch frames
r2 used for channel estimation.

o))

£}

a

({3}

After the start-up, the synch frames are replaced
with data frames, as shown in Figure 27, and the channel
estimation process switches from using synch frames to
using the data frame. The data frame type for this
secuence is DF3.

At system start, neither side of the modem, NU and
NT, are transmitting any energy over the copper pair.
The default set-up for each side, in this state, is to
run the recelver, leaving the transmitter dead.

“he receiver, on each side, tries to perform a
frzme correlation to detect a frame start. This
Ccrre_atiorn I1s run through a threshold function giving
tns receiver 2 diszinct indication when the other side

$T2ITs sendinz. It 15 thls indicaticn that cperates as

Zhe wanz-up signal is only used by the NT side. If
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the decision to start-up is made on the NU side, the
system goes Zirectly to the "Set-up seguence", described
be_ow.

This par:z of the start-up procedure is timed out if
a transition to the "Set-up sequence" is not detected.

The basic modem wake-up signalling is illustrated
in Figure 2£. 1Initially both modems are searching for
frame correlation. One modem, on the right of Figure
28, transmits a wake-up signal, in the form of a SUSL.
The other modem detects frame correlation and starts the
set-up sequence, described below.

When tine wake-up state is passed, the network side
(NT: initiazes the "Set-up sequence".

The secZ-up sequence will now be considered. This
set-up sequence starts after the network side has
detected a waxe-up signal, or the network initiates the
set-up.

The £first step of the set-up sequence 1is
illustrated iIn Figure 29. In this phase the NU starts
to send the 3US1 pattern. The NU repeatedly transmits
a timing advance (TA) setting, with TA = zero, message
on the CCH. The master clock in the system is now the
NU <transmit ZIrame and sample clock. The pilot 1is
tranasmitted continuously.

The NT receiver side, searching £for frame
correlation, Zetects Irames and can retrieve the frame

ans sample zlzck. It n~ow starts the crhannel estimation
whnizh at ths current rzte of sync frames calculates an
accirate estimaze wizhin 300 msec. Using this estimate,

n2 receiver starts co-.ing the predeiined CCH carriers

and, Jipon msessage recelve, selects tnis carrier for the
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CCH. The YT transmitter now starts with TA = O for
lccal timinz and sends the ack on the CCH carrier for
each receivad TA selection message, reveating the
received TA ~alue. It also shifts the outgoing pilct by
B5I/2 from zae incoming pilot, so that the SC load is
distributed over time. When the NU detects the frame
correlation, the transition to step 2, of the set-up
seguence 1s made.

Thus, step 1 of the set-up sequence commences with
the transmitter, in the network unit modem, transmitting
a SUS1 and a TA message with TA = (0 at periodic
intervals. On receipt of this, the receiver of the

terminal mocem:

- cerforms frame correlation and retrieves the
frame clock;

- ccmmences FFT processing;

- enaples pilot decoding;

- ratrieves the BSI;

- enaples channel estimation;

- se_ects a CCH; and

- dezodes the TA selection message.

The -rz-smitter in the terminal unit then transmits

am ack, SUS., a TA = 0 message and a pilo: shifted by

33-/2. Tha rzceiver in the network unit waits for Irame

Step I 7 set-uD saguence, see Figure Z., commences

wi=na the N7 szide now ca.culating a timing aZvance value
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(T2). The CCH message is changed to the new, corrected,
T/~ value.
When <-re NT side receives the new TA value it

changes the local timing and continues to send the ack
message, with a new TA value, for every TA selection
message.

On the NU receiver, the frame clock is lost, due to
the NT transmitter changing frame clock, and the unit
needs to recorrelate.

After tne frame clock has been retrieved the CCH is
deccded and, upon ack detection, containing the new TA
value, the system terminates the TA message and goes to
the third step of the set-up sequence.

Thus, step 2 of the set-up sequence starts with the
transmitter in the network unit, NU, transmitting a TA
message contiaining the correct TA, say X, together with
a SUSl, in response to the SUS1 and TA = 0 message
transmitted Irom the terminal transmitter. The terminal
uniz, NT,:

- receives the new TA message;

- corrects the outgoing frame clock; and

- trznsmits an acx SUS1 and TA = X.

The network unit, NU,:

- veriorns frame correlation;
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enaples pilo: decoding;
rairieves tne BSI;

erzbles channel estimation;
sa_acts a CCH; and

czcodes the message.

The las: set-up sequence, step 3, see Figure 31,

handles the CCH choice for uplink and downlink.

For trs uplink, the NU receiver has selected the
mcst suitable carrier and sends a CCH message containing
tnis selec:zion to the NT side. The message is sent

20
repeatedly until it receives an ack.
On the NT side, the receiver decodes the CCE
message anc cterminates the SUS1 and transmits a SUSZ
i.e. terminates parallel CCHi transmission only
15 transmittinz the CCH on the selected carrier.
The uzlinx CCH carrier has now been configured.
Fer the dcwnlink, the same steps are performed in
parallel, initiated through the NT side after reception
of the firs:z CCH selection message from NU.
z) Thus, = step 3 the network unit:
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- raceives the CCH selection for the uplink;

- ~erminatces SUSI;

- stzrts SUS2; and

- acinowledges each CCH selection.

The network unit then:

- receives the CCH selection for the downlink;

terminates SUS1;

- stzrts SUS2; and

- acsnowledges each CCH selection.
The terminal unit:

- trznsmits the selected CCH for the downlink;

- wzits for an ack; and

- ends the CCH message.

When these steps have been taken, the modem has
reached idie mode, sending SUS2. Using the CCH, the
biz-loading Zactors can now Dbe changed according to

channel charzccteristics and DAS transmission commences.

The VISL modem can interface different network
e_srents, <czzanding cn the pnysical location of the

mocsm, i.e. =T tn2 access node premises, or a:t the
customer prsnmises. 2t the customer premises, the VDSL
mocam  can  Lnteriazs an  actlive networ< termination

eg.loment. 2T Tre2 zzcess ncde, the VISL modem will
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interface an access specific interface, see Figurs 32,
wnich shows 2 logical view of the networiks elements that
inzerface trne VDSL mcden.

The VDSL modem may be integrated physically with
the network termination equipment, and the VDSL modem,
at the access node, may be physically situated in the
cabinet in which the access node is located.

The NT (interface Al) and the Access Node
(interface A2) demand a layer 1 frame format from the
VDSL modem. Integrated in the layer 1 frame are, apart
from the £frame header and payload, &a number of
information fields for management and control
information. These management and control <fields
include difZsrent alarm indicators such as SDH alarms
e.g. AIS (valid only if SDH is taken all the way to the
customer premises) DLt error rate measurements for

performance monitoring, indications of whether
synchronization 1is bad, or 1lost, equipment handling
alarms for power loss and high temperature etc. The

management fields aisc includes activation for difisrent
loop tests on the modem, for operation and maintenance

purposes.
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TABLE 1

System Parameters for the Overall system

Orthogonality between

modems

No

Duplex method

Separate bands

Frequency space between

up/down data stream

Dependent on the duplex

filter characteristics

Net bit rate
-up stream

-down stream

2 Mbps
13 or 26 Mbps

Gross it rate
-up stream
-down stream

Coding dependent
Coding dependent

Cable length

<1300 metres

Cable Bandwidth 10 Mhz
Single carrier modulation

-up stream 0-4096 QaM
~down stream 0-4096 QAM
Total no. of carriers 1024
Bandwidth of each carrier 9.77 kHz
Cyclic prefix 128 sample (carrier)
Modulation DMT

Access technology VDSL
Signal power -60 dBm/Hz
Bit error rate 107
Interleaving delay 0.5 ms
System margin 6 dB

SUBSTITUTE SHEET (RULE 26)
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CCH
-bandwidth 1l carrier, minimum 16
-protocol kbps
HDLC
Sample clk 20 MHz 210 ppm
Frame clk 20 MHz/(2048+112) =
9.19 kHz

SUBSTITUTE SHEET (RULE 26)
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TABLE 2
System Parameters for the Transmitter
Interleaving
-depth 2 X frames
-delay 0.5 ms
DAC resolution 84 dB
Clipping Algorithm No
IFFT
-type Real
-points 2048
-resolution 16 bits
LP-filter LP 10 MHz
Bit loading Yes, 0, 2, 4, 6, 8,
10, 12 bits
Energy loading Yes, 4 bits
BSI distance 1l s

SUBSTITUTE SHEET (RULE 26)
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TABLE 3

System Parameters for the Receiver

PCT/SE97/01456

ADC resolution 66 dB

FFT

-type Real

-points 2048

-resolution 16 bits

LP-filter LP 10 MHz

Synchronisation

-jitter <0.5 ns

VCXO +25 ppm, 10 ppm/V

-DAC sensitivity

-resolution 18 bits, 0-5 V range
17100 of a sample

SUBSTITUTE SHEET (RULE 26)
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TABLE 4
Carrier Modes
Mode Transmit Bit- Equalize Scaling
loading
CM1 Data 2 - 12 Yes Yes
CM2 No 0 No 0
CM3 Sync info 0 Yes, sync Yes, low

SUBSTITUTE SHEET (RULE 26)
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CLAIMS
- A mu_Il-carrier transmission svystem in walch
channel iniormation 1s transmitted betweer two

transceivers using a plurality of sub-carriers modulated
wizh symbols, each of which represents a multiplicity of
£its, each ¢ said transceivers including a receiver and
a transmitter, characterised in that a fixed maximum
va.ue 1s determined for the number of bits for each
symbol, and in that the system is adapted to determine
the bit capacity per svmbol of each of said plurality of
sub-carriers, and to increase the number of bits
represented by a symbol, transmitted over those sub-
carriers having a capacity less that the fixed maiimum
valie, to s2id maximum value by the addition of channel

cccing bits.

2. A mulci-carrier transmission system as claimed in
ciaim 1, characterised in that the fixed maximum value
fcr the numzsr of bits for each symbol is determined on
the basis c¢Z the bit capacity of that cne of the sub-
iers having the nighest thecretical bit capacity

0
v
Iy
te

3. A multi-carrier transmission system as claimed in
cizim 2, characterised in that the fixed maximum value
fcr the numzer of bits for each symbecl 1s at least as
large as the zheoretical bit capacity of said one of the

Suz-carriers.

1. A multi-zarrier transmissicn system as claimes in
cizim 1, chzracterised in tha: said transmissic- is
eZiacted Iy means c¢f a plurzlity of sub-carciars
mcii_ated wilti symicls, each cof which represenzs a
mi-ziplicity oI Blts, in that said systen is adaptzi to
dezlzrmine =z Iil:zed maninmum value Sor the ~umber oF sits
2o 2acn symzIcl, salz fimed mamimum valus z2ing at laasct
25 _.arg2 &3 22 it capacizy o that one 27 said sup-

SUBSTITUTE SHEET (RULE 26)
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carriers Rhaving =z-e highest theoretical bi- caracicy,
and in tRhat saii system is adapted o increzse the
number of cits recrasented by a symbol, transmittas over
those sub-carriers ~aving insufficien: capacity, o said
fixed maxinmum va s by introducing a number of chrannel
coding bits.

5. A multi-carrier transmission System as claimed in
any previous claim, characterised in that the bit
capacity of a sub-carrier is determined by measurement,
or estimation.

6. A multi-carrier transmission system as claimed in
any previous claim, characterised in that said cnannel
coding bits decrezse bit error rate.

7. A multi-carrizr transmission syscem as claimed in
any previous claim, characterised in that said
additional channe.’ coding bits are used to validate said
information at a raczeiver.

8. A muli.-carrisr transmission system as claimed in
ary previous claix, characterised in that said system is
a DMT systen.

9. A multi-carrisr transmission system as claimed in
any previous clairx, characterised in that said systam is
a OMT-based VDSL s-s=em.

1. In a =ulti-zzrrier transmission svstem 1n which
cnannel informazizo 1s lransmitted between two
t 2 2 pluralizy of sub-carriers mocduiated

s
~NlIL symbclsz, eacn -7 which r2oresents a multiolicizy of

D15, each I saii —ransceivers including a razeiver ang
a

3 transmIitIisr, =z z=thod f5r The transmission cI saig
ch2fne. InItrmati:in, charczcterised oo dearmining 2
Ilxned mamimin vzlos Sor the numpoer I piss fzr sach

SUBSTITUTE SHEET (RULE 26)
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svmpol, determining the bit capacity per symbol cZ each
cZ said plirality sub-carriers, and increasing the
nunber of BIts represented by a svmbol, transmic:zes over
Ln0se sub-czrriers having a capacity less that cre Ilxed
mazimum valus, to said maximum value by the addition of

crannel coding bits.

11. A methcd as claimed in claim 10, characterised by
deztermining the fixed maximum value for the number of
bits for eac: symbol on the basis of the bit capacity of
that one of the sub-carriers having the highest
theoretical bit capacity.

1Z2. A methed as claimed in claim 11, characterised in
that the fixasd maximum value for the number of bits for
each symbol is at least as large as the theoretical bit
capacity of said one of the sub-carriers..

13. A methcc as claimed in claim 10, characterised by
transmitting said channel information by means of a
plurality o sub-carriers modulated with symbols, each
of which rerrcessents a multiplicity of bits, determining
a IZixed maximum value for the number of bits for each
symbol, said Zixed maximum value being at least as large
as the bit capacity of that one of said sub-carriers
having the highest theoretical bit capacity, and
increasing ths number of bits represented by a symbol,
trzasmitted cver those sub-carriers having insufficient
cacacity, t< said fixzed maximum value by introducing a

numoer of chznnel coding bits.

11 & metfncz as claimed in any of claims 10 t= 13,
Chzracteriss:z in that =na pi- capacity of a sub-carrier
i1s Z2terminz: oy measursmenz, cr esTimastion.

1. A metnzz as claimes in any of claims 12 =-: 14,
ChZraZlerissz 1o Tnaz 5214 charrel COCLNg DIIs cdazra3ase
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error raze,

<. A methcd as claimed in anv of claims 10 e 15,
characterissd bpy using said additional crannel cedin
C1Ts to validate said informazion at a rece.ver.

17. A method as claimed in any of claims 10 to 16,
characterised in that: said system is a DMT systemn.

13. A method as claimed in any of claims 10 =o 17,
Characterised in that said System is a DMT-based VDSL
System.

15. A mul-i-carrier transmission system in which
channel irZformation is transmitted between two
transceivers using a plurality of sub-carriers moduiated
with symbols, each of which Iepresents a multiplicirty of
bits, characzerised ir that said System uses a method as
claimed in any of claims 9 to 16 for the transmission of
sald channel information.
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