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Abstract—A filter-bank modulation technique called filiered
multitone (FMT) and its application to data transmission for very
high-speed digital subscriber line technology are described. The
proposed scheme leads to significantly lower spectral overlapping
between adjacent subchannels than for known multicarrier
techniques such as discrete multitone (DMT) or discrete wavelet
multitone. FMT modulation mitigates interference due to echo
and near-end crosstalk signals, and increases system throughput
and reach. Signal equalization in an FMT receiver is accomplished
in the form of per-subchannel symbol-spaced or fractionally
spaced linear or decision-feedback equalization. The problem of
channel coding for this type of modulation is also addressed, and
an approach that allows combined removal of intersymbol-inter-
ference via precoding and trellis coding is described. Furthermore,
practical design aspects regarding filter-bank realization, initial
transceiver training, adaptive equalization, and timing recovery
are discussed. Finally, simulation results of the performance
achieved by FMT modulation for very high-speed digital sub-
scriber line systems, where upstream and downstream signals are
separated by frequency-division duplexing, are presented and
compared with DMT modulation.

Index Terms—Digital duplexing, filter banks, noncritical
sampling, per-subchannel equalization, precoding, spectral
containment, very high-speed digital subscriber line.

I. INTRODUCTION

ERY HIGH-SPEED digital subscriber line (VDSL) is the

next-generation DSL technology capable of delivering

a variety of broadband services to business and residential

customers. VDSL is intended to be deployed from a fiber-fed

Optical Network Unit (“fiber-to-the-curb” or “fiber-to-the-cab-

- inet” architecture), or directly from the central office premises,

using the existing local-loop telephone-twisted-pair cabling for
last-leg connectivity.

Reliable and cost-effective VDSL transmission at a few tens
of Mb/s is made possible by the use of frequency-division du-
plexing (FDD), which avoids signal disturbance by near-end
crosstalk (NEXT), a particularly harmful form of interference
at VDSL transmission frequencies. Ideally with FDD, transmis-
sions on neighboring pairs within a cable binder couple only
through far-end crosstalk (FEXT), the level of which is signif-
icantly below that of NEXT. In practice, however, other forms
of signal couplings come into play because upstream and down-
stream transmissions are placed spectrally as close as possible
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to each other in order to avoid wasting useful spectrum. Closely
packed transmission bands exacerbate interband interference by
echo and NEXT from similar systems (self-NEXT), possibly
leading to severe performance degradation. Fortunately, it is
possible to design modulation schemes that make efficient use
of the available spectrum and simultaneously achieve a suffi-
cient degree of separation between transmissions in opposite
directions by relying solely on digital signal processing tech-
niques. This form of FDD is sometimes referred to as digital
duplexing [1], [23].

The digital duplexing method for VDSL known as Zipper
2], [3] 1s based on discrete-multitone (DMT) modulation. In
this paper we discuss the principles of another multicarrier-
modulation scheme called filtered multitone (FMT) [4], [5], a
filter-bank modulation technique that involves a different set of
trade-offs for achieving digital duplexing in VDSL and offers
system as well as performance advantages over DMT. The spec-
ifications of transceivers based on FMT modulation have been
included as an informative annex in the interim VDSL standard
to be issued by ANSI [6]. We note that FMT modulation is also
well-suited for wireless applications [7].

The key advantages of FMT modulation for VDSL can be
summarized as follows. First, there is flexibility to adapt to a
variety of spectrum plans for allocating bandwidth for upstream
and downstream transmission by proper assignment of the
subchannels.! This feature is also provided by DMT modula-
tion, but not as easily by single-carrier modulation systems.
Second, FMT modulation allows a high-level of subchannel
spectral containment and thereby avoids disturbance by echo
and self-NEXT. Furthermore, disturbance by a narrowband
interferer, e.g., from AM or HAM radio sources, does not affect
neighboring subchannels as the side lobe filter characteristics
are significantly attenuated. Third, FMT modulation does not
require synchronization of the transmissions at both ends of a
Iink or at the binder level, as is sometimes needed for DMT
modulation. Finally, there is no need for cyclic extensions in
the form of cyclic prefix or suffix.

This paper is organized as follows. In Section II, we discuss
the basic principles of FMT modulation within the context of
filter-bank systems. In Section III, we describe an efficient,
fast-Fourier-transform (FFT)-based transmitter and receiver
implementation of filter-bank communication systems that
employ “noncritical” sampling. In Section IV, we deal with
the problem of per-subchannel adaptive equalization for FMT
transmission characterized by spectral near-nulls at the sub-
channel band edges. We also address the problem of channel
coding for this type of transmission and describe an approach

Note that, today, spectrum plans are fixed within most geographical regions.
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Fig. 1. Direct realization of an M -band communication system using filier-bank modulation with subchannel center frequencies f,, = m(K/MT), m =

0,...,M—1.

that allows combined removal of intersymbol-interference
via precoding and trellis coding. In Section V, we consider
some practical aspects of the implementation of FMT systems,

including filier-bank design, adaptive equalization, symbol
 timing recovery and initial transceiver training. In Section VI,
we give simulation results that illustrate the performance
achieved by FMT modulation for VDSL transmission and also
provide comparisons with DMT modulation.

II. FILTER-BANK SYSTEMS AND FMT MODULATION

The idea of subdividing a signal frequency band into a set of
contiguous bands in order to achieve efficient system realiza-
tions has pervaded the fields of signal processing and data com-
munications for many decades. Filter banks [8] have emerged
as a powerful analysis and design technique in that context.

Fig. 1 shows an M-subchannel filter-bank communication
system, also referred to as a multicarrier communication
system. The complex-valued modulation symbols A,,(nT),
m = 0,1, ..., M — 1, chosen from not necessarily identical
QAM constellations, are provided at the symbol rate of 1/7.
After upsampling by a factor of K, indicated by the notation
T K, each symbol stream is filtered by a baseband filter, referred
to as a prototype filter, with frequency characteristic H(e/%77)
and impulse response h(k). The transmit signal z(k7/K)
is obtained at the transmission rate of K/T by adding the
M filter-output signals properly shifted in frequency. At the
receiver, matched filtering (whereby * denotes complex conju-
gation) 1s employed, followed by subsampling by a factor of X
indicated by the notation | K. When K = M (K > M), the
filter bank is said to be critically (noncritically) sampled. Fig, 1
also illustrates the way in which the parameters K, M, and 1/T
determine the spectral characteristic of the transmitted signal.

11065490A__|_>

The inherent signal shaping capability of filter-bank systems
offers several degrees of freedom to the communication system
designer. Traditionally, filter characteristics have been chosen
to satisfy a “perfect reconstruction” constraint in order to en-
sure that transmission is free of intersymbol interference (ISI)
within a subchannel as well as free of interchannel interference
(ICT). Assuming critical sampling at the transmitter, transmis-
sion over an ideal channel and matched filtering at the receiver,
the “perfect reconstruction” conditions are expressed in the time
domain as [8]

Z h,,j(k)h:/(k - ZM) = 7',_1'/51,
k

0<4i,d<M-1, l=...,-1,0,1,... (1

where h;(k) = h(k)e/27*/M and §; is the Kronecker delta.
The elements of a set of orthogonal filter impulse responses that
satisfy (1), which can be interpreted as a more general form of
the Nyquist criterion, are sometimes referred to as wavelets.

For example, the perfect reconstruction conditions are satis-
fied in the case of DMT systems, for which K = M and the
impulse response of the prototype filter is selected as

1, for0<k<M-—1
o = {

0, otherwise

H(c?F) = sin(r fM) _jaa-1yrs @
sin(7 f)

Fig. 2(a) shows the spectral subchannel characteristics obtained
with DMT for M = 64. We see that the spectra of adjacent sub-
channels approximately cross at the —3-dB point and that the
first sidelobe is as high as — 13 dB. Discrete wavelet multitone
(DWMT) [9] modulation is another example of a multicarrier
modulation scheme for which the perfect reconstruction condi-
tions hold. In that case, although the sidelobes are fairly atten-
nated, the spectra of adjacent subchannels still cross at —3 dB,
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Fig. 2. Subchannel frequency responses for f € [0, 0.06A4/T] and M =64.
(a) DMT. (b) DWMT. (c) FMT.

see Fig. 2(b). In DWMT modulation, all signal processing op-
erations involve real signals and, for an M -subchannel transmit
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signal, each subchannel occupies half the bandwidth of a sub-
channel for DMT or FMT modulation. We note that perfect re-
construction usually requires that substantial overlap of adjacent
subchannels be allowed.

It is generally not practical to include the characteristics of
the nonideal transmission channel in the perfect reconstruction
conditions. Consequently, the orthogonality between sub-
channels is destroyed at the receiver whenever amplitude and
phase distortion are introduced by the transmission medium,
causing in most cases unacceptable performance degradation.
To maintain orthogonality, DMT modulation systems extend
cyclically each block of M transmit symbols prior to trans-
mission. The FMT modulation technique described in this
paper follows another approach, whereby spectral overlap
between the subchannels is avoided by resorting to noncriti-
cally sampled filter-bank systems and employing per-branch
filter characteristics that achieve tight subchannel spectral
containment. Fig. 2(c) shows the spectral characteristics of
consecutive subchannels that are obtained for an FMT system
with M = 64 and per-subchannel finite-impulse response
(FIR) filters with ten coefficients. Note that the spectral energy
outside of a subchannel is suppressed by more than 67 dB, with
further suppression possible by increasing the length of the
prototype filter.

Clearly, achieving orthogonality either in the form of
nonoverlapping subchannel characteristics or through the use
of cyclic extensions involves a penalty in terms of spectral
efficiency. If this penalty is comparable for both approaches,
then the former is preferred in the case that unique benefits are
derived from a high level of spectral containment. This property
is, for example, attractive for wired network access, where the
unbundling of the local loop and the mixture of asymmetric
and symmetric transmissions over the same cable raise the
sensitivity to potential crosstalk generated by the overlap of
adjacent frequency bands of different services. In other words,
tight subchannel spectral containment is good for spectrum
management.

To summarize, FMT represents a filter-bank modulation tech-
nique where the M -branch filters are frequency-shifted versions
of a prototype filter that achieves a high level of spectral con-
tainment, such that the ICT is negligible compared to other noise
signals. High spectral containment is more easily achieved by
relaxing the perfect reconstruction constraint and by resorting
to nongcritically sampled filter banks. In Section IT, we derive
an equivalent efficient realization for the noncritically sampled
filter bank structure shown in Fig. 1.

II. EFFICIENT REALIZATION OF FMT MODULATION

At time kt/K, the signal z(kT/K) input to the channel is
given by (see Fig. 1)

m=0 n=—o0

X ej27rm(I\’/MT) MT/K)
400 M-—1

= > > An(nD)

n=—co m=0

o oI 2mm(E/MT)R(T/K) ), [k%— _ nT} S
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With the change of variables kT/K = (IM +¢)(T/K), i =

0,1,...M — 1, we get
(lM +i —> > ) An(nT)
n=-00 m=0

T T
LI2rem (K /MTYi(T/K) 4 s
Xe h(l]\/IK-}—LK nT). @

+oo M-1

By introducing a;(nT) 2 M1 A, (nT)ei2™mi/M) e can
write (4) as

T <l]\/[£ -l—l—T—)

K K
+oo
T . T
= n;m a;(nT)h (lM Ttig- nT) )
Clearly, a;(nT),i =0, ..., M —1 are obtained from A, (nT’),

m =0, ..., M — 1 via an inverse discrete Fourier transform
(IDFT). Furthermore, by adopting the general expression for
signal interpolation where a “filter index” ¢ = |(IM +4)/ K| —
n, a “basepoint index” n; ; = |(IM +4)/K |, and a “fractional
index” vy ; = [(IM +14)/ K] —m,; are introduced [10], we can
express the transmit signal as

(i Lo iTY = X2 it Yl & )T
z Ftig)= q;oo ail(m,s — QT A{(v1,: + @)T]
+oo :
= Z : ai[(nl,i - Q)T] h'(w"'h)((IT)
g=—00
i=01,...,M—1 ©)

where 0 < 11 ; < 1and v ;K = (IM + ¢)modK. Hence,
we find that the transmit signal at time AT/K is computed
by convolving the signal samples stored in the (¥ mod M)th
delay line at the IDFT output with the (¥ mod K )th polyphase
component (with respect to K) of the prototype filter. In
other words, the integer number 1 ;K provides the address
of the polyphase component that needs to be applied at the
(k mod M )th output of the IDFT to generate the transmitted
signal z(kT'/K). Therefore, each element of the IDFT output
frame is filtered by a periodically time-varying filter with period
equal to [lem(M, K)|T'/K, where [lan(M, K)] denotes the
least comnmon multiple of M and K. This transmitter structure
is depicted in Fig. 3.

Note that the mth subchannel, m = 0, ..., M — 1, can be
considered a prototype baseband channel that is translated in
frequency by f,, = m(K/MT) Hz, as shown in Fig. 1. By re-
sorting to noncritically sampled filter banks, modulation with
an excess bandwidth of & = K/M — 1 within each subchannel
is feasible and ensures total spectral containment within a sub-
channel. By letting X' — M, the penalty in bandwidth effi-
ciency becomes vanishingly small at the price of an increase
in implementation complexity because filters with increasingly
sharper spectral roll-off must then be realized.

For a critically sampled system with K = M, the efficient
realization shown in Fig. 3 becomes equivalent to that obtained
in [11]. In that case each element of the IDFT output frame is
processed by a filter that is no longer periodically time varying.
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Fig. 3. Efficient implementation of the FMT modulator.

We now turn to the efficient implementation of the FMT
demodulator, where we assume for the received signals the
same sampling rate as for the transmit signals and consider in
general a subsampling factor L < K (i.e., in Fig. 1, replace
| K with | L). The received signal is, thus, denoted by
y(kT/K) and the filtering elements on the M branches are
given by polyphase components (with respect to M) of a
prototype filter {g(kT/K)} with T/K-spaced coefficients,
defined as {¢"™((MT/K))} {gl(IM + m)(T/K)]},
m=0,1,..., M -1

The ith output signal of the FMT demodulator at time
n'(L/K)T is given by

(dn)- )

k=—00
T
—32mwi(J/ MTYR(T/ K) I — kY=
e o -ng| o
Letting 5(T/K) = (IM +m){(T/K),m =0,1,...
we obtain

(k)

which can be expressed as

L = L o
Z; (n’ ET> - Z Urm (n’ ET> e—i2mlim/M) ©)

m=0

M -1,

M—1 +4oo

2. 2

m=0 l=—oco

T ot
Xg [(Ln’ —IM —m) _}f] g~ i2m(im/M) )

{(ZM +m) %}

where

+oo
Un, <n’ —IléT) 2 Z

l=—0c0

T
xg |(Ln' —IM —m) S . (10
K )
Clearly, z;(n/(L/K)T),i=10, ..., M — 1, are obtained from

um (W' (L/K)T), m = 0, ..., M — 1, via a discrete Fourier
transform (DFT). Furthermore, if we define the polyphase
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Fig. 4. Efficient implementation of the FMT demodulator.

components (with respect to M) of the received signal as
Y™ (UMT/K)) = y[(IM +m)(T/K)],m=0, ..., M —1,
and introduce a “filter index” ¢’ = [(Ln’ — m)/M]| ~ [, a
“basepoint index” 7/, ,, = [(Ln’ — m)/M |, and a “fractional

» )

index” vy, ,, = |(Ln" — m)/M] — Mt m> WE Obtain

I A +00
/ —_— =
Um <n i76 T>

MT
2 : (m) |y Y=L
Yy 1:(7777.’,711 q) K :|

¢'=—cc
: MT
(”n’.m M) Bl
Xg (q K) (1

Note that if the receive prototype filter is causal and matched
to the transmit prototype filter, i.e., {g(kT/K)} = {h*(yvM —
ET/K)}, where yM denotes the filter length assumed to be a
multiple of M, then (11) becomes

L \ a ¥ my\ MT
to ("’ET) :lgmy[(”ﬁ) 7}

— Ln'\ MT\"

In general, a new DFT output frame at time kT/K = n/LT/K
is obtained by the following method (see Fig. 4): the com-
mutator is circularly rotated L steps from its position at time
(n’ — 1)/T, allowing a set of L consecutive received signals
y(kT/K) to be input into the M delay lines. The content of
each delay line is then convolved with a polyphase component
(with respect to M) of the receive prototype filter, The integer
number 7/, ... M provides the address of the polyphase compo-
nent that needs to be applied at the mth branch. The resulting
signals are then input to the DFT to finally yield the signals
z(n'(L/K)T),% =0, ..., M — 1. Note that the DFT output
frames are obtained at the rate of (K/L)/T.

Clearly, it is possible to consider in general an FMT system
where the sampling rate of the analog-to-digital (A/D) converter
is given by K’ /T, with K’ > K. In this case a digital interpo-
lation filter is first employed to convert the rate of the received
signal samples from K’/T to K/T. The obtained signal is then
input to the FMT demodulator.
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IV. PER-SUBCHANNEL ADAPTIVE EQUALIZATION
AND PRECODING

We recall that the frequency responses of FMT subchannels
are characterized by steep roll-off toward the band-edge
frequencies, where they exhibit near spectral nulls. This
suggests that per-subchannel decision-feedback equalization
be performed to recover the transmitted symbols. In this
section, we address this topic and also consider the applica-
tion of precoding techniques to FMT modulation. Note that
per-subchannel equalization has also been recently proposed
for DMT-based systems [12].

The block diagram of an FMT receiver employing per-sub-
channel equalization is illustrated in Fig. 5. The signals
z(n'(LT/K)),i =0, ..., M — 1, at the FMT demodulator
output are input for symbol detection to M adaptive deci-
sion-feedback equalizers having feed-forward linear sections
with L'T/K-spaced coefficients, where L’'/L is an integer
number. If we define the coefficient vectors of the feedforward
linear section and of the feedback section of the ith equalizer
at time nT as c;(nT) = ¢; o = {c§7)n, l=0,...,Nf;—1}
and q;(nT) = q;, ,, = {qz(z})u =1, ..., Ny}, respectively, the
equalizer output on the ith subchannel at time n7" is given by

Np—1
L\ LT
4= 3 5 |(nT 1) T

=0

N, )
= 3" xAif(n - Tla?, (13)
=1

where K/L is also assumed to be an integer and A;(nT") de-
notes the symbol decision on the ith subchannel at time nT,
which is provided by a memoryless decision element. Note that
the choice L = L' = K/2 results in fractionally 7'/2-spaced
coefficients of the linear feedforward equalizer section.

Error propagation inherent to decision-feedback equalization
can be avoided by resorting to precoding techniques. For ex-
ample, per-subchannel Tomlinson-Harashima precoding [13]
can be applied in a straightforward manner and was assumed
in Fig. 5, where only the linear forward equalizers are shown
at the receiver. The application of precoding techniques in con-
junction with trellis-coded modulation (TCM) for FMT trans-
mission requires further discussion.

Flexible precoding [13] or trellis-enhanced precoding [14]
for trellis-coded transmission over an ISI channel allows coding
gains to be achieved for arbitrary constellations provided that
the ISI channel is linearly invertible. However, if the channel
exhibits spectral nulls, as is usually the case for an FMT
subchannel characteristic, infinite error propagation can occur
within the inverse precoder at the receiver. In that case, feed-
back trellis encoding can still be achieved by rtrellis-augmented
precoding [15], but only certain constellations are then allowed.
With trellis-augmented precoding, error propagation in the
FMT receiver is completely avoided.

Trellis-augmented precoding for FMT transmission is
described in detail in Appendix A. For transmission over the
mth subchannel, an IV, x N,,-point signal constellation is
assumed, with NV, even, Vm. The transmitter consists of
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Fig. 5. Block diagram of an FMT receiver with per-subchannel equalization.

M units chained together to allow trellis coding across the
subchannels. This arrangement is chosen to reduce decoding
delay and is possible because transmission over M independent
subchannels may be assumed.

V. PRACTICAL CONSIDERATIONS
A. Filter-Bank Design

Filter-bank design for FMT modulation is discussed in
Appendix B. In this approach a linear phase FIR prototype
filter of length vM is determined that approximates a filter
with suitable frequency response characteristic Higea(e/2™/7T).
Then each of the polyphase filter components (with respect
to M) has v coefficients. The parameter v is defined as the
overlap factor of the system.

The first example of prototype filter design for FMT systems
we consider is the target frequency response given by

Hideal, 1 (ejgﬂ'fT)

14 27T
1+ pe=92~/T

0, otherwise,

where the parameter 0 < o < 1 controls the spectral “roll-off”
of the filter. The frequency response Higeal,1(e’2™7) exhibits
spectral nulls at the band edges and, when used as the prototype
filter characteristic, leads to transmission free of ICI but with
ISI within a subchannel. For ¢ — 1, the frequency character-
istic of each subchannel is characterized by steep roll-off toward
the band edge frequencies. On the other hand for ¢ = 0 one ob-
tains the partial-response class 1 characteristic. Fig. 2(c¢) shows
the spectral characteristics of consecutive subchannels that are
obtained by using a prototype FIR filter designed for M =64,
o = 0.1, and v = 10. For transmission with 0%, 6.25%, or
12.5% excess bandwidth within a subchannel, a modulator with
upsampling parameter values of X =64, K =68, 0or K =72
would be chosen, respectively.

, if—1/2T < f <1/2T

(14)
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Another choice for the target filter characteristic is obtained
if the prototype filter design is based on a square-root raised
cosine Nyquist filter with excess bandwidth «, i.e.,

Higear, (™7

1, if|f| < (1-a)/2T

1 . w 1 .
%\/1—51115(fT——2->, if (1 -a)/2T
<|fI<1+ew)/2T

otherwise.

0,
(15)

The frequency response Higea1 2(¢7>/7T) leads to transmission
free of ICI and ISI within a subchannel if the channel is ideal.
In other words, the perfect reconstruction conditions are, in this
case, satisfied.

B. Adaptive Equalization and Timing Recovery

In a practical system employing decision-feedback equaliza-
tion at the receiver the adjustment of the equalizer coefficients
can be achieved by using the standard least mean square (LMS)
algorithm

(16)

Qi, n+1 = Qi,n — ,U'C'i,nA;: n (17)
where 4 > 0 is a suitably selected adaptation gain,
ei,n = ¢i(nT) = d;(nT) — A;(nT), 2;,n = {z[(n(K/L) -
WL /D)YLT/K)], 1 0,...,N; — 1}, and A; ,
{Ai[(n — DT], 1 = 1, ... Ny }. If the feedback filter is imple-
mented as a precoder, then after the adaptation procedure is
over the coefficients are sent to the transmitter during the trans-
ceiver initialization protocol. Furthermore, the mean-square
errors that are used for training the per-subchannel equal-
izers can be used to provide estimates of the signal-to-noise
ratios (SNRs) at the M equalizer decision points, defined as

*
Ci,n+l = Ci,n — HCi,nZ; n
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SNR; = E[|Ai(nT)}/Elles(nT)?), i = 0, ..., M — 1.
These values are continuously monitored and used to assist
in various receiver functions during initialization as well as
during data mode.

The sampling phase of the A/D converter is determined by a
clock generated by a voltage-controlled oscillator (VCO). The
control signal to the VCO is provided by a timing control unit,
which receives M digital input signals A7; ,,¢=0, ..., M —
1, from the M subchannel outputs, as illustrated in Fig. 5. These
input signals may be computed by a decision-directed timing
recovery algorithm [16], given by
ATi’n = Re[d,(nT) — d,-_((n bl 2)T)]

x{Rele;((n — 1)T)] — Iinfe;((n — DT)]}.  (18)
A straightforward strategy for the timing control unit is to select
the signal that is received from the output of the subchannel
where the largest SNR is observed. Say this is the subchannel
with index %. The selected signal Ar; , is then input to a second-

order loop filter. The filter output A7, ,, and the value Uace, n
that is stored in the accumulator of the loop filter are given by
ATS, n = ’YSAT'Z, nt Uace, n (19)
and
(20)
where v, and (; are suitably selected loop gains. The filter
output A7y ,, is then converted into an analog signal, which is
input to the VCO.

Uace, n+1 = Uace, n + CSAT'T., n

C. Echo Cancellation

For applications that require full-duplex transmission over
the entire band, echo cancellation for full-duplex FMT systems
can be performed entirely in the frequency domain by taking
into account for each subchannel only the echo generated by
transmission in the opposite direction on the same subchannel.
Per-subchannel echo cancellation then requires in general M
adaptive echo cancelers. Note that if the attenuation of echo
signals from adjacent subchannels is not sufficient, echo can-
cellation can still be achieved by using 20 additional adaptive
periodically time-varying echo cancelers.

D. Training Procedure for VDSL

In principle, for the initialization of an FMT-based VDSL
transceiver, the same set of transmit sequences can be used as
those specified for ADSL [17], after proper adjustments to fit
'VDSL specific framing and transmission constraints. These se-
quences allow acquisition of gain and symbol timing and permit
channel identification, based on which initial equalizer coef-
ficienis and bit loading algorithms can be computed. Such an
approach was shown to be effective for transmission in typical
VDSL noise environment [18], [24].

VI. NUMERICAL RESULTS

In this section, simulation results are presented to illustrate
the performance achieved by FMT-based FDD systems for
VDSL and compare with that of DMT-based FDD systems.

In general, signal attenuation in decibel and phase distor-
tion in radians introduced by homogeneous metallic transmis-
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Fig. 6. Average NEXT and FEXT coupling functions and overall channel
characteristic for sampling rate of 22.08 Msample/s and cable length of 1 km.

sion lines increase proportionally to the cable length and the
square root of frequency due to the skin effect. We assume the
following channel frequency response, which corresponds to
voice-grade unshielded twisted-pair cables (UTP-3) character-
istics [19]:

GCA(f, l) — C—3.85X10_6(1+j)\/?l (21)

where the constant propagation delay has been ignored. Devia-
tions from the ideal v/ characteristic may be caused by dielec-
tric insulation losses, connectors, presence of bridged taps, and
nonhomogeneous transmission lines.

For the results presented in this section, the power spectral
densities of NEXT and FEXT signals arising from disturbers, all
having the same power spectral density PSD(f), are modeled
as
N

0.6
25) 10713732 (22

PSDnext(f) =PSD(f) (

and

N 0.6
PSDerxr(f) ~PSD()Geals, OF (35 )
x (3 x 107191 f? (23)

respectively. Fig. 6 shows the average NEXT coupling func-
tion, which exhibits the familiar increase of 15 dB/decade, the
average FEXT coupling function, and the amplitude character-
istic of the overall channel transfer function for a cable length
of l = 1km.

Performance is measured in terms of achievable bit rate for
given channel characteristics. The number of bits per modula-
tion interval that can be loaded on the ith subchannel is given
by [20]

1 SN . Yeode P
5 log (1 + —F—Rﬂ—i> , ifi=0o0r M/2
[31 — Ymargin (2 4)
SNR’i’Ycode .
logy | 1+ —=————), otherwise
1—"')'ma.rgin

where SNR,; is the SNR at the ith subchannel output, Yeode is the
coding gain, I' denotes the “SNR gap” between the minimum
SNR required for reliable transmission of 3 bits per modulation
interval and the SNR required by 2°-ary QAM modulation to
achieve a bit-error probability of 1077, 53> 1, and Yuargin de-
notes the required additional margin [20, p. 155]. The achievable
bit rate for downstream or upstream transmission is, therefore,
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obtained by summing the values given by (24) over the subchan-

nels allocated for downstream or upstream transmission and by

multiplying the result by the modulation rate, and is given by
M/2

1
= = 3,,' S|. 25
R T i§=0 B [bls] (25)
The FMT systems considered here employ the same

linear-phase prototype filters for the realization of transmit
and receive polyphase filter banks. The prototype filters are
designed for overlap factors that are in the range from 10 to
20, see Appendix B. For given number of subchannels M, the
parameter K is selected to achieve a desired excess bandwidth
of « = K/M — 1. Achievable bit rates are computed for sym-
metric transmission with a sampling rate of 22.08 Msample/s,
a transmit signal power of 10 dBm, an additive white Gaussian
noise (AWGN) power spectral density equal to —140 dBm/Hz,
and an echo signal that is negligible compared to the other
disturbances. Per-subchannel equalization is performed by
employing a Tomlinson—-Harashima precoder [13] with IV, taps
and a T"/2-spaced linear equalizer with Vs taps. In the case
of zero excess-bandwidth modulation, the coefficients of the
linear equalizer are T-spaced. The coefficients of the linear
equalizer and of the precoder are equivalent to the coefficients
of the forward section and of the feedback section of a min-
imum mean-square-error decision-feedback equalizer (DFE),
respectively, and are computed assuming perfect knowledge of
the subchannel characteristics.

For comparison, the rates achieved by a synchronous
DMT-based Zipper system with M = 4096 subchannels,
cyclic prefix of 150 samples, cyclic suffix of 175 samples, no
time-domain equalizer and one-tap frequency equalizers have
also been determined. Perfect knowledge of the overall channel
characteristics has been assumed, as well as perfect synchro-
nization of all transmissions over the 50-pair cable. Hence,
the DMT system considered here achieves ideal suppression
of NEXT interference. The results are presented in Figs. 7
and 8 for an FMT system with M = 256 subchannels, and a
prototype filter designed for v = 10. Fig. 7 indicates that FMT
and DMT-based zipper systems exhibit essentially identical
performance for cable lengths up to ~700 m. For longer cables,
where cable-dependent signal distortion becomes more signif-
icant, the FMT system allows higher data rates to be achieved
due to its more powerful equalization capability. Fig. 8 shows
various tradeoffs in terms of excess bandwidth o and number
of filter coefficients Ny and NV, for linear equalization and
Tomlinson—Harashima precoding, respectively. Note that in all
cases the FMT-based scheme requires no synchronization of
transmissions.

VII. CONCLUSION

FMT modulation is an interesting solution for VDSL trans-
mission, being intermediate to other proposed single carrier
and multicarrier methods, as well as providing some unusual
advantages in terms of spectrum management, unbundling,
and duplexing. FMT generates digitally a set of tightly packed
single-carrier-like multiband signals with minimum analog fil-
tering requirements and offers filtering-based implementation
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and N, = 12, respectively.
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Fig. 8. Performance of FMT systems for symmetric transmission with
M = 256 subchannels. (a) Excess bandwidth o = 0.0625. (b) Excess
bandwidth @ = 0.125. Performance with zero excess bandwidth is also
indicated. Ny and N, denote the number of filter coefficients for linear
equalization and Tomlinson—-Harashima precoding, respectively.

alternatives to the time-domain prefixing and suffixing that
characterize DMT implementations. Hence, digital duplexing
is achieved in FMT by filtering rather than through the use of a
cyclic suffix and the consequent loop-timing of frames.

An FDD scheme based on FMT modulation exhibits robust-
ness against various interferences such as self-NEXT, echo,
and narrowband radio signals, and does not require synchro-
nization between transmissions taking place over the same
multipair cable, thus, also allowing simpler system operations.
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Fig. 9. FMT transmitter with trellis-augmented precoding.

Comparedf to a DMT-based scheme, enhanced performance is
obtained at the cost of per-subchannel filtering, which however
corresponds to functions performed at a significantly lower rate
than the transmission rate.

The FMT technique described here can be extended in var-
ious ways by using the framework of filter bank systems. It
can be applied to a number of difficult transmission environ-
ments, not limited to VDSL, but possibly including home local
areanetworks (LANS), corporate LANSs, cable modems and pos-
sibly even wireless transmission, in which case other equaliza-
tion techniques than the ones described in this paper may be
needed.

APPENDIX A
TRELLIS-AUGMENTED PRECODING FOR FMT

The block diagram of an FMT transmitter that em-
ploys trellis-augmented precoding is illustrated in Fig. 9.
The mth subchannel frequency response is denoted by
Bm(D) = 14+ h0W(D) = 1+ h™D + h{™D? +.... We
consider a trellis code with 2 states and conventional encoding
based on a systematic convolutional encoder. For transmission
over the ¢th subchannel, we employ a N,, x IN,,,-point signal
constellation, with N,,, even, Vm.

For the remaining part of this appendix, we assume that the
reader is familiar with precoding techniques, such as those de-
scribed in [13] and [14].

To explain transmitter operations, we assume that the
subchannels with indices from 1 to M/2 — 1 are used for
transmission. Let us consider the mth wrellis precoding element.
At the nth modulation interval, the inputs to this element
are the binary information vector b,,(nT"), which may take
one of NZ2/2 different values, and the binary value y(()"2
which represents the least-significant bit of the TCM state
Ymon = (y,(j"_’)l,n7 y(()"f,) ) at the ith subchannel during
the nMth modulation interval. The mapping of information
bits into symbols operated by the ith signal mapper follows
the usual rules of trellis coding. In particular, we note that
Am(nT) € B, yo™ € {0, 1}, where Bo and B; are
the two sets obtained at the first partitioning level of the
N, x Ny,-point signal constellation of the mth subchannel.
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The ith precoder operates on the symbol A, (nT') and deter-
mines the mith subchannel input signal X,,,(nT"). The sequence
of the mth subchannel input signals is given by

X(D) = A (D) + C(D) — P (D) (26)
where

P,.(D) = [hm(D) = 1)X,,,(D) = DRU™(D)X,.(D) (27)
and

Cm(D) = =Q o {Am(D) = Pn(D)}

where @, o {.} denotes quantization to the closest point of the
X

(28)

lattice Ag}"‘) underlying the power efficient modulo extension of
the fundamental region of the mth signal constellation. We note
that, by defining the signal U,,,(D) = A,,,(D) + Cy,,(D) and
observing the expression of F,,,(D), the signal X,,,(D) can be
expressed as

An(D) + Cn(D) _ Un(D)
1+ Dhm(D) — hu(D)’

Therefore, U,,,(D) represents the output of the mth subchannel
in the absence of noise. To allow correct decoding operations
with trellis coding performed across the subchannels, the
symbol U,,,(nT) must represent a valid continuation of the
code sequence (..., Up—o(nT), Up—1(nT)), assuming the
TCM state ¥, . Recalling that

* the mth signal constellation is a /V,,, X Np,-point constel-
lation with N,,, even;
M Am(nT) € B (m) 5
yO, 7
* C(nT) € ATY;
we find that Uy, (nT") = A (nT)+C(nT) € Byém) . This im-
plies that U,,, (nT") represents a valid continuation of the code se-
quence. To obtain a valid continuation of the code sequence also
at the (m+1)th wellis precoding element, the information about
the current TCM state y,,, , and about the chosen code symbol
U (nT) is sent to the (m + 1)th next-state computation unit,
which determines the state y,,, , = (yi’fil,z, e éj':“l)).
After the (M /2 — 1)th trellis precoding element, a delay of one
modulation interval is provided to allow the information about
the TCM state and the chosen code symbol to be presented at

Xn(D) = (29)
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Fig. 11.

the beginning of the next modulation interval at the input of the
first element.

The block diagram of the receiver of an FMT system with
trellis augmented precoding is illustrated in Fig. 10, The ith sub-
channel output signal is given by

V(D) = Uy (D) + Wi (D) 30)

where W,,,(D) represents a sequence of additive Gaussian
noise samples. In this receiver, per-subchannel linear adaptive
equalization is included to compensate for mismatches between
the subchannel frequency responses assumed at the transmitter
and the actual responses. The M subchannel output signals are
converted from parallel to serial, and the resulting sequence
is input to the Viterbi decoder. The decoder output sequence
Un(D) is converted from serial to parallel. The detected
sequences A, (D), m =0, ..., M — 1, are then given by the
memoryless operation
-Am,(-D) = U;n(D) - QA(?’){UT‘H(D)} = Um(D) - Cm(D)
” (31)
We note that error propagation in the receiver is completely

avoided. The sequences of informatipn vectors Bm(D) are fi-
nally recovered from the sequences A, (D).

APPENDIX B
FILTER-BANK DESIGN

To develop a prototype filter design algorithm for FMT, we
determine the conditions for ICI suppression in a multicarrier
system employing critically sampled uniform filter banks. For
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Block diagram of a communication system with critically sampled filter banks (KX = M).

the special case of X' = M, the modulator and demodulator
structures derived in Section III take the simple form, first intro-
duced in [11], depicted in Fig. 11. The prototype filter transfer
functions at the transmitter and at the receiver are H{z) and
H*(1/z*), respectively. Note that the commutators have been
replaced by the equivalent parallel-to-serial (P/S) and serial-to-
parallel (S/P) converters, and that the filtering elements on the
M branches of the transmit and receive filter banks are not time-
varying. Note also that the rate of the frames obtained at the DFT
output is equal to the rate of the M input symbol sequences. We
consider a normalized transmission interval T/M = 1. Let us
express the transfer function of the prototype filter as
M-1
H(z)= Y 27'HOM)

=0

(32)

where H()(z) denotes the transfer function of the Ith polyphase
component (with respect to M) of H(z). We also express the
transfer function of the noiseless channel in terms of its
polyphase components as

M—1

Hy(z)= Y z'HO(M).

=0
By repeatedly applying the noble identities [8, pp. 119-120],
and the polyphase identity [8, p. 133], the transfer matrix of
the filter bank communications system shown in Fig. 11 is ex-
pressed as

(33)

A(2) = FT(2)F! (34)
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where F and F~! denote the DFT and IDFT matrices, respec-
tively, and the matrix I'(2) is given by (35) shown at the bottom
of the page.

Observing (34) and recalling that A(z) is diagonal if and only
if I'(z) is circulant, with elements on the diagonal given by the
IDFT of the first row of I'(=), we find that a set of sufficient
conditions for ICI suppression is given by

HOG)HO" (i)

z

= HO()HO" (i) _

Z*

— H(]\/I—l)(z)H(J\/I—-l)"‘ (__1_)

ot
HO()HO" (i)

7-‘!’-

— HO()H®" (i) .

7‘!’

— Z—IH(O)(Z)H(IM—l)’” (___)

*

S

z

HM-D () g O (i)

Z*

*

= HO )W (i> .

— z—lH(}\/l—‘Z)(z)H(/\/f—l)#“ <i> ] (36)

*

N
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Note that the conditions (36) cannot be satisfied in general by a
FIR prototype filter, as they require strict band limitation within
a subchannel. Furthermore, for an ideal channel with transfer
function H.(») = 1, it can readily be seen that the conditions
for ICI suppression are given by the first row of (36), which re-
quire that the correlation functions of the polyphase components
are all equal. Therefore, if a linear phase FIR prototype filter is
chosen that approximates a filter with strictly bandlimited fre-
quency response and polyphase components that satisfy the first
row of (36), then the system will exhibit no ICT if the channel is
ideal and if the channel is nonideal the level of ICI will depend
on the stopband attenuation. Let us define Higea1(2) as a filter
that satisfies the equality

. 1
Higeal(#)Higeo1(#) (;‘:)

A

— HO()g©” (i) _ HW () g (i) _ .
2* +

4
= HOM=D () -1y <i> _

po 37N
Clearly, for an ideal transmission channel, (37) gives the
transfer function of each subchannel. As mentioned in
Section V, we consider FIR filters of length 4M. Then
each of the polyphase filter components has ~ coefficients.
The approximation problem is formulated first as an uncon-
strained optimization problem [21] and then is reduced to
a form that requires finding the vector of filter coefficients

I'(z)
HO®GZ) 0 2 HO(2)
0 H(l)(z) 0 Z_‘I'LEM_I)(;:)
= . . ><
0 0 HM-1)(z) 2HY ()

. ( F(M-1) (

HO()HO () HO" (i)
z*

2L HO () HM D () HO" <i>
Z*—

1

*

z—lH(O)(Z)Hgl)(z)H(M—l)"‘ (

z
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HO()HD () HO" ( 1 )

HO () B () HO" (_1.)
7*

Z—l H{EI\l—l) (Z)
Z_lH(E]\/I—Q) (Z)

z”lHél)(z)
27t HO) (%)

z_zHég)(z) z“lHéo)(z)

HM=-D () HM ™V (2) B (i)

HM-D () FO () H -1 (i)

*

N
= %

N

<

HM=D()HM D () BO" (

¥4
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h = [h(vM/2), ..., h(yvM — 1)] that minimizes the quadratic
objective function

h7STSh+ £ (Jh - )7 (Jh - ) (38)
where the first term reflects the stopband mean energy of the
prototype filter computed by dividing the stopband frequency
interval (7/M, M) in N, — 1 subintervals, and the second term
denotes the L» norm of the approximation error of condition

(37). In (38), k is a positive constant, and the elements of the
matrices S, J, and the vector 1 are given by

S(i, j) = [2005 <2j; - (v, “Aw))]

0<i<N,—1 053’51—2%—1

with ws = 7/M, Aw = (7 — ws)/(N; — 1)

- , M = . M .
=[J<k+17,7—2-+3)+J(k+173:77"1—J)]
0<k<y-1, 0<Li<M-1
.M
0<;j < —~—
2
with
- h(l — kM) mod ifl > kM
J(k+i%l)={L( Joa-ipmod st | .
0, otherwise

0<I<yM -1

and v(n) = (1/2cM) [ /@l medal| gy ()2 dw, 0 <
n < M — 1. The minimization of (38) can be performed,
e.g., by an iterative least squares algorithm [22]. If the duration
of the correlation function of Hiqea () is greater than 2y — 1,
windowing of the correlation may be used to avoid the Gibbs
phenomenon. In general, large values of v allow a better ap-
proximation of filters with transfer functions that exhibit sharp
spectral roll-off and high attenuation of out-of-band energy, but
lead to an increase in system latency. The choice of the prototype
filter allows various tradeoffs between number of subchannels,
level of spectral containment, signal latency, transmission effi-
ciency, and complexity.
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