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Abstract—In this paper we propose an alternative technique to
the implementation of Discrete Wavelet MultiTone systems based
on fractional-delay filter banks. The technique yields orthogo-
nal subband signals which allows independent equalization for
each subband at the receiver end. When compared to systems em-
ploying cosine-modulated filter banks, our technique shows bet-
ter performance in terms of bit-error rate, particularly for low
signal-to-noise ratios and highly selective channels.

I. INTRODUCTION

Filter bank based multicarrier techniques, such as
so-called Discrete Wavelet MultiTone (DWMT) tech-
nique[1], have received attention in the area of high-
speed data transmission in wireline access networks. The
main advantage of DWMT in comparison with the stan-
dard DMT approach [2] is the low sensitiveness of the
former with respect to narrowband interference. Both
DMT and DWMT can be considered as filter bank based
transmultiplexer (TMUX) systems.

A DWMT system was proposed in [3] that uses perfect
reconstruction cosine modulated filter banks (CMFBs).
The CMFB reduces considerably the sensitiveness to nar-
rowband interferences, while allowing a straightforward
design method. But since the CMFB does not suppress
completely the interference between neighboring chan-
nels, information of these channels must be taken into
account when performing channel equalization.

In this work the filter bank described in [4] is used to
design a DWMT system. This method allows equaliza-
tion to be performed independently for each subchannel,
which simplifies the adaptation algorithms and reduces
the computational burden.

II. FRACTIONAL DELAY TRANSMULTIPLEXER

Figure 1 shows the general structure of a transmul-
tiplexer system, where is the polyphase matrix
representation for the analysis filter bank, is the
polyphase matrix representation for the synthesis filter
bank, is the input signal vector, and is the
channel model.

To perform equalization of the signal after the channel
model, the problem can be restated as a system identifica-
tion problem with the unknown system .
This configuration is depicted in Figure 2, where AFB is
the analysis filter bank.

Define the -transforms of the blocked versions of in-
put and desired signals and as

(1)

where

(2)
Hence, the input and desired signals splited in the sub-

bands, described in frequency domain, can be written in
vector form as

(3)

where is the desired signal split in subbands and
is the adaptive system output (refer to Figure 2).

It is useful now to consider the block representation of
the unknown system, which can be done through a pseu-
docirculant matrix . For example, in the particular
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Fig. 1. General transmultiplexer.

case of a matrix, is given by

(4)

where , are the polyphase components
of .

Now the blocked desired signal can be expressed as

(5)

By replacing the expression above in (3) we obtain

(6)

Fig. 2. Adaptive channel equalisation.

By defining the channel error vector as
and setting it to zero, for we generate

the optimal solution for the adaptive filter coefficient ma-
trix whose expression for the critically decimated case is
given by

(7)

Note that is not necessarily non-diagonal, and
thus requires cross filters among channels in order to
model the unknown system perfectly. If we choose the
matrix as a similarity transformation matrix which
transforms into its Jordan form, we can avoid most
of (usually all) the off-diagonal elements of the adaptive
filter matrix . The full diagonalization is impossi-
ble only for defective matrices, and in the following dis-
cussions we assume that is not defective and there-
fore diagonalizable, that is, there is a such that

diag
(8)

In [5, 4] it is found that the diagonalization of the adap-
tive filter matrix is obtained with

(9)

where is the DFT matrix whose element ,
for , is given by , where

, and

diag (10)

Note that the obtained expression for the analysis filter
bank is not dependent on information about the unknown
system but only on the number of subbands.
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III. APPROXIMATION OF THE FRACTIONAL DELAYS

In [6] the author shows a technique for approxima-
tion of a fractional delay which consists of designing a
symmetric -th band filter (Nyquist filter) and keep its -
th polyphase component to represent the delay ,
where the delay is the integer part of the group delay
inherent to the FIR filter approximating a fractional de-
lay. This approximation is particularly suitable for our
application, since the design of all the fractional delays
is accomplished by the design of a single filter of length

, where is an integer.
The filters are a good approximation for the fractional

delays for frequencies up to , but for higher frequen-
cies the group delay deviates from the original value.

Another suitable method for the design of the frac-
tional delays is the modified Farrow structure described
in [7]. The modified Farrow structure is depicted in Fig-
ure 3. The suitability of this method consists that the
same set of filters can be used to generate all the
fractional delays, which is particularly useful if the num-
ber of subbands is variable.

Fig. 3. Modified Farrow structure.

We will also consider the design of the fractional de-
lays through least squares FIR approximation as pre-
sented in [6]. The main disadvantage of this method for
our case is that all the filters implementing the fractional
delays have to be designed separately. Even though, the
design of filters of length may be less complex than
the design of a single filter of length .

IV. EVALUATION OF THE COMPUTATIONAL
COMPLEXITY OF THE FDFB

This section presents the computational complexity of
the FDFB, measured as the number of multiplications per
input sample in the analysis bank. Since the number of

multiplications is the same for both analysis and synthe-
sis bank, only the analysis bank will be considered. For
the derivations it will be assumed that a real number mul-
tiplied by a complex number takes two real multiplica-
tions and that the IFFT of M samples takes
complex multiplications. The computational complexity
is calculated as follows:
1. IFFT

(11)

where is the number of subbands.
2. Fractional Delays

(12)

where is the length of the prototype filter
(Nyquist Filter).

The total number of multiplications per input sample
is

(13)

For comparison, the number of multiplications per input
sample in a filter bank using Extended Lapped Trans-
forms (ELT) is[8]

(14)

where is the overlapping factor, and is related to the
length of the prototype filter by .
For the FDFB it is also possible to express the length of
the prototype filter as , and (13) can be
rewritten as

(15)

Figure 4 shows the ratio as a function
of for different values of .

V. SIMULATION RESULTS

The simulation results presented here consist of an av-
erage of 10 or 20 transmissions, each one comprising 600
bits per DWMT channel. For the FDFB, the signal in
each band is equalized by an adaptive filter (RLS) with
9 coefficients, and for the Cosine Modulated Filter Bank
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Fig. 4. Ratio between the number of multiplications per input
symbol of the FDFB and the ELT as a function of for
different values of .

(CMFB) the signal in each band is equalized by a Mul-
tiple Input Multiple Output (MIMO) equalizer [9] that
uses information about the subband of interest and the
two neighboring subbands. Two configurations are con-
sidered for the MIMO equalizer of the CMFB: 3 coeffi-
cients per channel (total 9 coefficients) and 9 coefficients
per channel (total 27 coefficients). The channel model
is a FIR approximation with 62 coefficients of the fre-
quency response

(16)

Figure 5 shows the achieved BER for the FDFB de-
signed by a Nyquist filter with coef-
ficients designed using the WLS technique described in
[10], modified Farrow structure with and filter
with 26 coefficients, and LS FIR approximation with 20
coefficients. The simulations comprises transmissions
through a channel with Gaussian noise only and with ad-
ditional narrowband interference.

The performance of the FDFB is approximately the
same for all three methods, specially for the modified Far-
row and LS FIR approximations. In the next simulations
the project based on the Nyquist filter will be considered
for comparison with the CMFB.

Figure 6 shows the BER for transmissions through a
channel with Gaussian noise only and with additional
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Fig. 5. BER for transmissions through a channel with Gaus-
sian noise only and with additional narrowband interfer-
ence.

narrowband interference. For a channel without nar-
rowband interference the FDFB performs lightly better
than the CM-MIMO-9, but if the narrowband interfer-
ence is present the performance of the FDFB decreases
for SNR higher than 30 dB, but remains better than the
CM-MIMO-3.

VI. CONCLUSIONS

This paper shows an alternative approach to implement
DWMT systems based on fractional delay filter banks.
When compared to the implementation based on cosine-
modulated filter banks the technique proposed presents
better performance in terms of bit-error rate, particularly
for low signal-to-noise ratios and highly selective chan-
nels, at the cost of a slight increase in computational com-
plexity.

Performance of the FDFB-based system was found to
be directly proportional to a good separation of the sub-
bands, which can be accomplished only if there is a good
approximation for the fractional delays. Even though the
approximation of the fractional delays using the design
techniques employed may not be accurate over the whole
bandwidth, the results show that at least for some levels
of SNR the subbands are quite independent.

All techniques employed lead to similar results in
terms of BER for a given SNR. The modified Farrow
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Fig. 6. BER for transmissions through a channel with Gaus-
sian noise only and with additional narrowband interfer-
ence.

structure leads to an interesting implementation since the
same filters can be used by filter banks with different
number of subbands. This imparts high flexibility to dy-
namically change the data rate , but increases the com-
putational complexity as a function of the parameter .
The LS FIR filter design method is interesting because
the order of each filter is much smaller than the order of
the equivalent Nyquist filter.
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