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Until now static spectrum management has ensured that DSL lines in the same cable are spectrally compatible under worst-
case crosstalk conditions. Recently dynamic spectrum management (DSM) has been proposed aiming at an increased capacity
utilization by adaptation of the transmit spectra of DSL lines to the actual crosstalk interference. In this paper, a new DSM method
for downstream ADSL is derived from the well-known iterative water-filling (IWF) algorithm. The amount of boosting of this new
DSM method is limited, such that it is spectrally compatible with ADSL. Hence it is referred to as spectrally compatible iterative
water filling (SC-IWF). This paper focuses on the performance gains of SC-IWF. This method is an autonomous DSM method
(DSM level 1) and it will be investigated together with two other DSM level-1 algorithms, under various noise conditions, namely,
iterative water-filling algorithm, and flat power back-off (flat PBO).

Copyright © 2006 Hindawi Publishing Corporation. All rights reserved.

1. INTRODUCTION

More and more users today have broadband access to the In-
ternet based on ADSL (asymmetric digital subscriber line)
technology. However, still not all users can have this service,
because they are located too far from the central office. Peo-
ple who have broadband access today prefer to have even
higher data rates. DSM is a technique that tries to optimize
the rates and reach for all users in a network. As such a tele-
com operator can offer broadband access to as many cus-
tomers as possible and provide them with the optimal data
rates.

Rate and reach for a certain DSL service are limited by
crosstalk. Crosstalk is noise that comes from other DSL lines
in the same binder. Due to electromagnetic coupling, the sig-
nal of one line indeed interferes with the signal of the other
line.

DSM tries to optimize the spectrum that is used for a cer-
tain line, such that it does not allocate a higher power spec-
tral density (PSD) than necessary to achieve the requested bit
rate. For DSM, several algorithms exist. In this paper we will
focus on DSM level 1, that is, autonomous algorithms that
do not need coordination from a central agent. We will de-
velop a new DSM method for downstream ADSL, referred to

as spectrally compatible iterative water filling (SC-IWF); see
also [1].

We will only apply DSM to the downstream direction
(from the Internet to the user), because crosstalk coupling
is negligible in the ADSL upstream band.

Whereas static spectrum management (SSM) will always
consider the worst-case noise environment to design the
maximum allowed PSD masks, DSM will use the actual mea-
sured noise and adapt its spectrum accordingly.

So, unlike the standardized test procedures for SSM [2],
we will not focus only on the performance of a single line in
a network with fixed noise. Instead, because of the dynamic
PSD used by DSM, and because of the effect of crosstalk
of one line on another line, we will consider multiple lines.
Since we do not consider worst-case crosstalk, we will quan-
tify the improvements in a real-life network.

The paper is organized as follows. In Section 2 the var-
ious DSM algorithms are described and SC-IWF is derived
from IWF. In Section 3 rates-reach simulations are presented
for a single line under test. In Section 4 a description of the
network (cable plant) is given. In Section 5 the simulation re-
sults are presented. Finally, in Section 6 we present the con-
clusion of this paper.
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2. DSM ALGORITHMS

2.1. Iterative water filling or full boosting

2.1.1. General properties

A well-known autonomous DSM algorithm is iterative wa-
ter filling (IWF); see also [3]. The behavior of IWF and
the resulting PSDs has already been investigated in several
other papers [3, 4]. The main properties of IWF are the fact
that only useful tones are switched on (all other tones are
switched off) and that both boosting and power back-off are
used. The amount of boosting is limited by the total power
that can be transmitted.

For modems that use DMT (discrete multitone) modu-
lation, like ADSL modems, one can prove that the PSDs ob-
tained with IWF are almost flat [5]. This will be explained in
the following paragraphs.

2.1.2. PSDs of IWF

IWF is obtained as a result of a bit rate maximization of mul-
tiple users, where each modem optimizes its own PSD under
the assumption that the noise coming from other modems is
constant. Since the other modems will also change their PSD,
the noise measured by the first modem is not constant and it
will also change its PSD. This results in an iteration of mul-
tiple modems applying the water-filling procedure, hence its
name iterative water filling.

When using a Shannon capacity model for a DMT mo-
dem, the bit rate of the first modem (assuming a two-user
system) is described as
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with R1 the bit rate of user 1, RS the symbol rate, k the
tone index, SNR(k) the signal-to-noise ratio (SNR) on tone
k, Γ1 the SNR gap including noise margin and coding gain,
Si(k) the transmit PSD of user i on tone k, h11(k) the chan-
nel transfer function for user 1, h12(k) the crosstalk chan-
nel transfer function from user 2 to user 1, and N1(k) all the
noises different from the crosstalk from user 2.

Maximizing the bit rate of both users leads to the follow-
ing cost function, while taking into account the total power
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with Pi the maximum power of user i, and λi the Lagrange
multiplier of user i.

Assuming that the noise from other modems is constant
(as highlighted in the first paragraph), one can fix the PSD in
the crosstalk terms and formula (3) can be rewritten as
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Γ1Ñ1(k)

)

+
∑

k

log2

(
1 +

h2
22(k) · S2(k)
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with Ñ1(k) = N1(k) + h2
12(k) · Sfix

2 (k) and Ñ2(k) = N2(k) +
h2

21(k) · Sfix
1 (k).

The cost function can now be decoupled in two indepen-
dent cost functions for each user. This leads to the following
solution for Si(k):

Si(k) =
[

1
λi ln 2

− ΓiÑi(k)
h2
ii(k)

]+

(5)

with [x]+ = max(0, x).
This procedure is applied in an iterative fashion until

Sfix
1 (k) = S1(k) and Sfix

2 (k) = S2(k) [3].
This derivation assumes a rate adaptive system with a

fixed amount of power. However, by controlling the power
Pi, one can control the resulting bit rate. In that case, IWF
is used in a power-adaptive perspective. In the remainder of
this paper, IWF will be used in such a power-adaptive per-
spective, where the amount of power depends on the desired
bit rate. In the simulations an additional iteration is used to
determine the power that corresponds to a certain bit rate.

2.1.3. The PSDs of IWF are almost flat

Since the so-called water-filling level λi is independent of the
tone index k, the minimum and maximum values of Si(k) in
formula (5) are determined by the second term:

ΓiÑi(k)
h2
ii(k)

. (6)

When this second term is very large, then the SNR for user
i will be smaller. Considering (2), one can observe that for
DMT systems (like ADSL) on each tone k an SNR equal to or
larger than Γ1 must be available, in order to load at least 1 bit,
so the signal S1(k) needs to be at least as large as the term (6).

This allows us to derive the minimum value for S1(k):

Smin
1 (k) = Γ1Ñ1(k)

h2
11(k)

= 1
2λ1 ln 2

. (7)

When the term (6) is very small, we obtain the maximum
value for S1(k):

Smax
1 (k) = 1

λ1 ln 2
. (8)



Jan Verlinden et al. 3

Comparing formulas (7) and (8) shows that the difference
between Smin

1 and Smax
1 is only a factor 2, which means that

the difference in PSD level is only 3 dB. This means that the
transmit PSD can be approximated by a flat PSD for all the
used tones. The small PSD ripple obtained when calculat-
ing the PSD with IWF does not have a significant effect on
the bit rate. This has been observed in simulation, both for
integer (using greedy algorithm) and continuous bit load-
ings, as long as the requirement of minimum 1 bit per tone is
taken into account. ADSL modems in the field use integer bit
loadings and will anyhow adapt their PSD within a range of
−2.5 dB to +2.5 dB around the average PSD value (see also
[6]). This mechanism is also known as the gi gain scaling
mechanism. Note that this average PSD value can change in
time over a much larger range than this ±2.5 dB. Hence no
PSD shaping is required for IWF. The tones for which the
SNR is not high enough are shut off. If the noise varies over
time, the average PSD level will vary and the actual tones that
are used (tones that are switched on) can change.

Basically, IWF consists in shutting off tones, boosting for
long lines, and power back-off for short lines, always using a
PSD that is almost flat.

During simulations always a flat PSD is used (both dur-
ing the convergence period and at the end), ignoring the gain
scaling factors and using a continuous bit loading with min-
imum 1 bit per tone.

2.2. Spectrally compatible IWF

2.2.1. Spectrum management and compatibility

The T1E1.4 Working Group of the T1 Committee (ANSI)
has adopted a “Spectrum Management for Loop Transmis-
sion Systems” standard [7]. This standard provides spectrum
management requirements and recommendations for the
administration of services and technologies that use metal-
lic subscriber loop cables. Spectrum management is the ad-
ministration of the loop plant in a way that provides spectral
compatibility for services and technologies that use pairs in
the same cable.

In order to achieve spectral compatibility, the ingress en-
ergy that transfers into a loop pair from services and trans-
mission system technologies on other pairs in the same cable
must not cause an unacceptable degradation of performance
of the DSL service of the loop under consideration. In ad-
dition, the egress energy from a particular loop pair must
not transfer into other pairs in a manner that causes an un-
acceptable degradation in the performance of services and
technologies on those pairs.

There are basically two ways to ensure spectral compat-
ibility with the existing protected services: Method A and
Method B. Method A consists of a series of fixed masks (man-
agement classes). In order to encourage innovation, Method
B was proposed. This method provides a generic analyti-
cal method (instead of a fixed set of masks) for determin-
ing spectral compatibility. This method is more complicated
than Method A, and consists in fact of a series of tests, which

are done on a technology-by-technology basis. There are sev-
eral “basis systems” defined, and for each one a specific test
is performed.

2.2.2. Spectral compatibility with ADSL

In order to implement the Method B tests, a software tool
(in Matlab) has been developed, following the specifications
of [7]. In order to check the accuracy of the tool, the results
have been compared with the Telcordia tool (Telcordia DSL
Spectral Compatibility Computer; see [8]). The comparison
has been made for an extensive number of cases, and there is
a very good agreement between the results of both tools.

Alcatel’s tool works as follows: a “new service” is de-
fined corresponding to a PSD (power spectral density) in
upstream and downstream. Then, by using a user interface
one selects the basis systems (protected services) to be tested
with. For spectral compatibility, throughout this contribu-
tion, only spectral compatibility with ADSL will be tested.

The reason why only ADSL is protected in the design of
these new masks can be found in [9]. In this paper the prob-
ability of such a spectral incompatibility is calculated. This
calculation is based on the fact that the worst-case crosstalk
model only occurs for 1% of the lines, that there is only
a problem if these systems are both installed in the same
binder, and so forth. According to [9], it will probably be bet-
ter (from a business point of view) to replace the few HDSL
lines on which there is a spectral compatibility problem, with
fiber, than to reduce the reach of ADSL and to reduce the
number of customers that can be served (with ADSL) by
imposing very strict limitations on the PSD of ADSL. This
is why only spectral compatibility with ADSL is taken into
account (since one can assume that ADSL will always be
present in the binder, and as such always needs protection).

2.2.3. Design of spectrally compatible PSD masks

The original downstream ADSL mask is presented in
Figure 1 with a solid line. It spans from 138 kHz up to ap-
proximately 1.1 MHz, and has a level of −40 dBm/Hz.

Since the PSD of IWF can be approximated by a rectan-
gular mask, only rectangular PSD masks are considered for
the design of spectrally compatible PSD masks.

For this design, a two-dimensional search space is ex-
plored: in a first dimension the PSD level is increased (in-
dicated with dash-dotted line), in a second dimension the
maximum frequency of the mask is reduced (dashed line).
The minimum frequency of the mask is kept fixed.

The selection of a one-dimensional set of new masks
is based on two constraints: firstly there is the total trans-
mit power constraint of ADSL that needs to be respected
(19.85 dBm) and secondly the masks need to be spec-
trally compatible with ADSL. Obviously, all the new masks
will exceed the Method A spectral compatibility require-
ments (since they exceed the −40 dBm PSD limitation), and
therefore Method B will be employed for ensuring spectral
compatibility.
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Figure 1: Search for spectrally compatible PSD masks.
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Figure 2: Example of a PSD, considered in the search algorithm,
including sidelobes.

From all masks with the same maximum frequency, one
mask will be selected. It will need to comply with the two
constraints mentioned above and from all the masks fulfilling
these constraints, the one with the highest level of boosting
will be selected, since this mask will result in the highest bit
rate.

All the above procedures were automated in a Matlab
script, interfacing with Alcatel’s Method B tool.

Sidelobes have been calculated for the PSD of the new
system (see Figure 2). With these sidelobes the effect of en-
ergy spreading of the DMT modulation is taken into account.
It is very important to model the energy on the tones that
have been switched off, because the energy on such tones
due to sidelobes can still give significant crosstalk for other
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Figure 3: PSDs for spectrally compatible boosting (protecting
ADSL services).

systems. The sidelobes have been calculated using matrix A
from [10, Appendix IV].

The resulting spectrally compatible masks are presented
in Figure 3. The corner point indicates for each mask (de-
fined by a maximum frequency) the maximum transmit PSD
level. Two examples (dashed and dash-dotted rectangles) in-
dicate how the curve of corner points should be used.

In the figure, it is also indicated which constraint deter-
mines the PSD level: the maximum transmit power limita-
tion or the spectral compatibility limitation. The maximum
transmit power limitation is calculated by setting equal PSDs
on all tones that are used. The spectral compatibility limita-
tion is based on Method B of [7] as described before. This
limitation indicates, for each tone k, the highest PSD that is
still allowed, when using a rectangular mask that starts at the
minimum tone (at 138 kHz) and ends at tone k.

2.3. Flat power back off

Since boosting is not allowed by all operators (T1.417 is an
ANSI standard, only valid in North America), and since the
spectral compatibility test is only protecting ADSL, also a flat
PBO algorithm is used for comparison. This algorithm has
the same behavior as IWF, but it will never exceed the max-
imum level of −40 dBm/Hz, which is currently defined for
ADSL in [6].

3. RATE-REACH SIMULATION RESULTS

3.1. Introduction

We will first present the rate-reach curves for the various al-
gorithms. For these rate-reach curves, only one modem un-
der test is considered. Since the simulations consist only of



Jan Verlinden et al. 5

2000 2500 3000 3500 4000 4500 5000 5500 6000 6500 7000

Loop length (m)

0

1

2

3

4

5

6

7

8

9

10

11

B
it

ra
te

(M
bp

s)

Flat PBO
Spectrally compatible IWF
IWF

Figure 4: Rate-reach curve for the various DSM algorithms under
AWGN of −140 dBm/Hz.

one modem under test, it will be easier to interpret the re-
sults. This is important because later on in this paper the
results of DSM in a network with a large number of modems
will be presented. In order to understand better how such a
DSM modem works under fixed noise conditions, we need
to investigate its behavior in a controlled noise environment.

3.2. Rate-reach simulation results under AWGN
noise conditions

In Figure 4 one can see the rate-reach curve of the various
DSM algorithms. DSM has been applied to one line only, in
an environment with AWGN at −140 dBm/Hz.

One can clearly see that there is only a difference between
IWF and flat PBO on the longer loops. On these long loops,
not all tones are used any more and so IWF will reuse the
power from these tones to apply boosting. This boosting will
result in the improved bit rates.

The SC-IWF algorithm first behaves as flat PBO on the
medium length loops, and coincides with IWF for the long
loops. This can be explained by closely looking at Figure 3.
There one can observe that when a large number of tones are
used, SC-IWF is limited by the spectral compatibility con-
straint. But as more tones become unavailable (due to the
longer loop length and corresponding channel attenuation),
SC-IWF will be only limited by the power constraint and will
in fact have the same PSD as full IWF. Hence, for the longer
loops, IWF and SC-IWF will have the same PSD and corre-
sponding bit rate.

3.3. Rate-reach simulation results under ETSI-FB
noise conditions

In Figure 5 one can see the rate-reach curve of the vari-
ous DSM algorithms under ETSI-FB noise (see [10–12]),

consisting of 10 ISDN (=ISDN-BRA, 2B1Q), 4 HDSL,
15 SHDSL (=SDSL) disturbers, and 15 legacy ADSL dis-
turbers. The bit rates are much lower than under AWGN
−140 dBm/Hz noise.

In Figure 5(a), the mask selection of SC-IWF is based
on the “maximum tone.” This means that the algorithm will
search for the highest tone that can still be used and will select
the corresponding mask from Figure 3, using this maximum
tone as the corner point.

In Figure 5(b), the mask selection is based on the maxi-
mum bit rate. This means that in the receiver (which deter-
mines the selection of the mask) the bit rate for all masks
from Figure 3 is calculated and the mask that results in the
highest bit rate is selected. Since the ETSI-FB noise is very
shaped, and will cause a gap of tones (tones which cannot
be used), optimal mask selection, based on maximization of
the bit rate, is indeed seen to lead to higher bit rates. The
drop in bit rate, observed in Figure 5(a), can be explained
as follows. When there are only one few tones available af-
ter the gap of useless tones, then it makes sense to switch off
also these tones, and use a higher PSD on the tones before
the gap.

4. NETWORK WIDE APPLICATION

4.1. Realistic model of the network

An important difference between the results in this paper and
other simulation results (in standards or other papers) is the
fact that we use a realistic network topology in which we in-
vestigate the gains of DSM. Other papers usually work with
either fixed noise or only a limited number of DSM modems
(e.g., two) on a fixed binder setup.

However, the main gain for DSM comes from the fact
that DSM modems adapt their PSD according to the loop
and noise characteristics. For example, a modem on a short
line will apply power back-off to reduce the noise for other
users, whereas a modem on a long line will apply boosting
in order to fully exploit the few tones that are still useful. Be-
cause of these changing PSDs, the noise from DSM modems
is in fact not fixed and depends very much on the actual
topology. So in order to investigate the gains of DSM in case
it would be deployed on a large scale (more than 2 modems
in a binder), it is important to have a realistic model of the
network.

We use a network model of an average North American
network and an average European network. The loop length
distributions from the central office (CO) for both of them
are presented in Figure 6. In the North American network
the loops are longer on the average. For the simulations a
wire gauge of 26 AWG is used.

4.2. Noise environment

4.2.1. Introduction

The performance on a DSL line is limited mainly by the loop
length and the noise environment. So the actual choice of
the noise sources is rather important. In this analysis only
the noise from crosstalk is considered.
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Figure 5: Rate-reach curve for the various DSM algorithms under ETSI-FB noise.
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Figure 6: Loop length distribution (of homes extending out of CO).

This crosstalk noise is divided into two main categories:
near-end crosstalk (NEXT) and far-end crosstalk (FEXT).
NEXT is noise coming from a modem that is located at the
same end of the line: if the victim modem is located in the
central office (CO), then also the disturber is located in the
CO. FEXT is noise coming from a modem located at the
other end of the line: if the victim modem is located at the
CO, then the disturber is located at the customer premises
(CPE).

4.2.2. Noise sources

All simulations have been performed with 16 ADSL modems
that apply DSM. This number originates from the ETSI-FB

model. As already mentioned in Section 3.3, there are 10
ISDN lines, 4 HDSL lines, 15 SHDSL lines, 15 ADSL lines,
and 1 line under test in this model. So, in total there are 16
ADSL modems in this ETSI-FB model.

For the tests we will define the following noise scenar-
ios: (a) AWGN noise at−140 dBm/Hz, (b) pure self-crosstalk
noise (16 legacy ADSL lines, not applying DSM) derived
from ETSI-FD, and (c) the noise from ETSI-FB (10 ISDN,
4 HDSL, 15 SHDSL).

In fact, noise scenario (a) corresponds to a case with all
lines in a binder doing DSM, scenario (b) corresponds to
50% of the lines applying DSM, and for scenario (c) the effect
of alien crosstalkers on DSM is investigated.

4.3. Bandwidth tier bit rates

4.3.1. Bit rates in function of services

Because of loop attenuation, the maximum achievable bit
rate on a line will decrease with the loop length. So, cus-
tomers on short loops can have a higher bit rate than cus-
tomers on a long loop. However, since operators want to of-
fer a package of services like high-speed Internet (HSI), voice
over IP (VoIP), and video on demand, they will limit the
achievable bit rate to the bit rate that is actually required for
a certain package of services.

For the simulations, the following profiles have been cho-
sen (see also Figure 7):

(i) Tier 0: 256 kbps for broadband Internet connectivity,
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Figure 7: Tier bit rates.

(ii) Tier 1: 1.5 Mbps for high-speed Internet connectivity,
(iii) Tier 2: 3.5 Mbps for high-speed Internet connectivity

and one 2 Mbps video channel,
(iv) Tier 3: 5.5 Mbps for high-speed Internet, and two

2 Mbps video channels.

Unlike an operator, who installs a profile depending on the
subscription of the customer, we will always enable the high-
est possible profile on a line.

4.3.2. Effect of tier bit rates for DSM

The profile that is selected for a line is always lower than the
maximum achievable bit rate (otherwise this profile would
not be possible). The amount of excess bit rate is converted
by DSM into power back-off, such that the crosstalk for other
users is reduced.

5. SIMULATION RESULTS

5.1. Introduction

In order to obtain results for a particular network, several
simulations have been performed for this network. For each
scenario, 30 binders have been generated and the down-
stream bit rates for all modems in a binder have been ana-
lyzed statistically for these 30 binders.

Each binder consists of loops that have been selected ran-
domly from the loop distribution. Per binder, there are 16
ADSL modems applying DSM and several other lines acting
as noise sources (the amount and type of disturbers depend
on the noise scenario). So, per noise scenario, the down-
stream bit rates of 480 ADSL modems applying DSM are an-
alyzed.

Reach curves are used to evaluate the performance gains
of DSM.

5.2. Reach curves per tier bit rate for the various
DSM algorithms

In this section, the results from the simulations with the
noises from Section 4 are presented. First the results for the
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Figure 8: Reach improvement by applying DSM for 16 ADSL
modems in Europe with AWGN −140 dBm/Hz.
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Figure 9: Reach improvement by applying DSM for 16 ADSL
modems in Europe with 16 ADSL crosstalkers.

European network are presented (Figures 8, 9, and 10), and
then the results for the North American network are given
(Figures 11, 12, and 13).

As can be seen in Figures 8 and 9, it turns out that adding
16 ADSL self-crosstalkers is not really a problem for the
ADSL lines under test. The loop reach and the gains for white
noise and for ADSL noise are comparable.

For the 1.5 Mbps service, there is only a substantial gain
for IWF. Considering the average loop attenuation and the
requested bit rate for this service, we know that still a lot of
tones are useful. From Figure 3 we know that in this case, the
boosting of the SC-IWF is very limited, and therefore there
are almost no gains any more for this type of DSM.

For the 256 kbps service, only a few tones are active on
very long loops, so the amount of boosting for IWF and for
SC-IWF is the same. Also the gains are identical.

The noise mix from ETSI-FB (Figure 10) has a big im-
pact on the loop reach and it also reduces the gains, especially
for the SC-IWF, using the 256 kbps service. Due to the high
noise level, the reach is reduced very much. For these shorter
loops, the higher tones are still useful. As such, the amount of
boosting that is allowed for the SC-IWF is reduced and also
the gains.
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Figure 10: Reach improvement by applying DSM for 16 ADSL mo-
dems in Europe with 10 ISDN, 4 HDSL, and 15 SHDSL crosstalkers.
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Figure 11: Reach improvement by applying DSM for 16 ADSL
modems in North America with AWGN −140 dBm/Hz.

Comparing the results for the North American network
(Figures 11, 12, and 13) with the results for the European
network (Figures 8, 9, and 10), one can see that in general
the DSM reach improvements for the European network are
larger. The reason is that there are more short loops in the
European network that can apply power back-off (reduction
of crosstalk). The general trends however are the same, even
though in both networks the loop distributions are very dif-
ferent.

5.3. Comparing the effect of the various noises for
the reach performance

In the previous section, the noises from ETSI-FB (ISDN,
HDSL, and SHDSL) were treated as a whole. In this section
the contribution of the individual components of ETSI-FB is
briefly investigated.

In Figure 14, one can see the performance gains of IWF
on the North American network for each contribution of the
ETSI-FB noises separately. The ISDN noise is clearly the least
important noise source as the reach with ISDN noise only is
much larger than with the other noise components.
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Figure 12: Reach improvement by applying DSM for 16 ADSL
modems in North America with 16 ADSL crosstalkers.
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Figure 13: Reach improvement by applying DSM for 16 ADSL
modems in North America with 10 ISDN, 4 HDSL, and 15 SHDSL
crosstalkers.

HDSL and SHDSL (in the respective quantities of 4 and
15) have comparable impact on the reach. Both noises gener-
ate a lot of NEXT, which becomes the dominant noise source.

More detailed analysis shows that a single SHDSL noise
source causes less degradation than a single HDSL noise
source. However, the ETSI-FB model assumes that there will
be more SHDSL disturbers in a network than HDSL dis-
turbers.

It also turns out that in case there would be only 1 HDSL
disturber instead of 4, the reach (averaged over all services)
is approximately 250 m larger. In case there would be only
1 SHDSL disturber instead of 15, the reach would be 300 m
larger. This means that by reducing the number of HDSL and
SHDSL disturbers in a network, the reach can also be im-
proved.

6. CONCLUSION

In this paper we have investigated and compared existing
algorithms for DSM level 1 with a new so-called spectrally
compatible iterative water-filling (SC-IWF) algorithm. The
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Figure 14: DSM performance for noise contributions of ETSI-FB.

results are based on statistical simulations in average Euro-
pean and North American networks. Different noise sources
have been used as disturbers for the DSM lines under test.

When comparing the various algorithms it turns out that
flat power back off (flat PBO) only gives a small gain. This
gain is most significant on the high bit rate profiles in a net-
work with a large number of short lines.

SC-IWF (spectrally compatible with ADSL) gives a lot
more gain and can perform almost as good as IWF, when
working with the low bit rate profile. Gains are most signifi-
cant for the long loops.

The gains of SC-IWF are reduced however in case a lot
of tones are needed, either because of the profile (high bit
rate) or because of the limited reach (high noise from NEXT
disturbers). NEXT interference from HDSL and SHDSL in
particular is found to have a large impact on the performance
of ADSL, both with and without DSM.
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