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Abstract—We present an algorithm that autonomously syn-
chronizes all DMT-Zipper based VDSL modems in an unbundled
access network, solving the problem with nonorthogonal NEXT
that appears in systems with unsynchronized modems. The
algorithm we present runs autonomously in each VDSL-modem
in the central office or in the street cabinet. We determine the
other modems’ relative frame offsets by exploiting their NEXT
signal using the inherent cyclic redundancy found in DMT signals.
By estimating the relative frame offsets of the other users, we
can adjust a given user’s own frame-timing relative to the mean
of the others. With our method all modems in the network will
be synchronized to within a small fraction of the total DMT
frame-length, suppressing the nonorthogonal NEXT to a level far
below the background noise-floor. This means that we can achieve
the same performance in an unbundled access network without
any master clock reference as in a system where all modems are
perfectly synchronized using a master clock.

Index Terms—Discrete multitone, frame synchronization, sub-
scriber loops.

I. INTRODUCTION

I N THIS PAPER, we describe an algorithm that au-
tonomously frame-synchronizes all modems in a discrete

multitone (DMT)-based [1] very high-speed digital subscriber
line (VDSL) system [2] using the Zipper duplex method [3].
This algorithm is useful for unbundled access networks where
it is difficult to provide a common master clock to all VDSL
modems.

The DMT-based Zipper duplex method [3], assigns different
subcarriers between the up- and down-stream, splitting the
capacity in a flexible and bandwidth efficient manner. To
achieve the best possible performance, frame synchronization
between all VDSL-modems is required to completely eliminate
the near-end crosstalk (NEXT). Without synchronization
nonorthogonal NEXT occurs, reducing the bit rate capacity.
Most of the nonorthogonal NEXT can be suppressed by
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grouping the subcarriers used in each transmission direction
into larger frequency bands and using pulse-shaping and
windowing on the time-domain DMT-signal [4]. However,
some nonorthogonal NEXT will still remain, resulting in
signal-to-noise (SNR)-loss at the subcarriers close to the
bandedges between the up- and downstream bands.

Synchronization may be a problem in the deregulated
telecommunication market due to unbundling of the twisted
pairs in the access network. In the unbundled environment,
wires in the same cable-bundle can be connected to modems
located in physically different central offices (COs), or street
cabinets that belong to different operators [5]. Unbundled wires
make it difficult for the modems in the network to share a
common master clock for synchronization. The decentralized
algorithm we present runs autonomously in each VDSL-modem
at the CO side, requiring no extra wiring for synchronization.

To solve the synchronization problem we have developed
a simple frame synchronization algorithm using the cyclic
extensions of the DMT signals. Using a cyclic prefix for
time offset estimation has been proposed by many others
before [6]–[8]. The difference here is that we consider the
system-wide synchronization of all modems at the CO-side,
not the line synchronization between two modems on the same
line as in [6]–[8]. Rather than estimating the start-time of a
user’sown DMT frame, we use the redundancy of the other
modems’ to estimate their frame offsetsrelative to that of the
user-of-interest. The user-of-interest’s frame timing is then
adjusted toward the mean of the others, which results in a
global frame synchronization of the VDSL-system.

The modems do not have to be perfectly synchronized to
achieve the same bit rate performance as with perfect synchro-
nization. If the NEXT is suppressed far below the background
noise floor, the loss of SNR is negligible and consequently
there is essentially no performance loss. Our simulations show
that the algorithm we present gives sufficient synchronization
to achieve the same performance as a system using a master
clock.

II. SYSTEM MODEL

The Zipper VDSL duplex method is based on DMT modula-
tion. The duplexing is performed digitally1 by assigning each
subcarrier to either the up- or downstream direction to avoid
NEXT and near echoes. Since VDSL is baseband communica-
tion the DMT modulator shall generate a real-valued signal. One

1Zipper is also known as digital duplexing.
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Fig. 1. The time-domain downstream DMT-signal and the relative offsets,� ,
to the NEXT signals.

DMT symbol transmitted in the upstream direction can be mod-
eled as

otherwise
(1)

where is the index set for the upstream carriers,is the
total number of subcarriers, is the length (in samples) of
the cyclic prefix, is the length of the cyclic suffix, is
the QAM-data, and is the sampling frequency. The cyclic
suffix is, similar to the cyclic prefix [9], a cyclic extension of
the DMT-symbol at the end of the symbol. The cyclic suffix is
required to make the near echo orthogonal to the received signal.
Its length has to be at least as long as the propagation delay of
the longest wire in the system. If all modems in the network are
synchronized the NEXT will also be orthogonal [3].

The received signal ononeline in the central office is a sum
of four parts; the desired signal, the near echo, the NEXT from
other modems and additive white Gaussian noise (AWGN) and
far-end crosstalk (FEXT). This is represented for modemby

(2)

where the arrows indicate the transmission direction and
is AWGN and other crosstalk. Assuming that the modems are
not synchronized to a common master clock the NEXT for
modem , , can be modeled by

(3)

where is the number of active VDSL modems, denotes
the frame offset in time of modem(see Fig. 1), and
is the NEXT transfer function from lineto line . Unsynchro-
nized modems result in nonorthogonal NEXT that will appear as
sidelobe leakage, which is strongest at the band edges between
the up- and downstream. The problem with residual NEXT be-
comes more pronounced for longer loops where the received
signal suffers from attenuation.

A large amount of the nonorthogonal NEXT can be sup-
pressed efficiently by using windowing and pulse-shaping on
the time domain DMT-signals and by grouping subcarriers used
in the same transmission direction into larger frequency-bands
[4]. Using that, almost the same capacity can be achieved

without any synchronization of modems on different lines.
However, the remaining NEXT close to the bandedges results
in SNR-loss, which necessitates the grouping of subcarriers
into larger bands. Accordingly, it is not possible to use every
other subcarrier for the up- and downstream direction (full
zippering) without any network synchronization.

We have developed a simple method, that can synchronize
all line-pairs in the network without a master clock. Assuming
that each modem at the CO-side can estimate the other modems’
frame offsets , synchronization is performed by adjusting the
user-of-interest’s frame timing toward the mean of the other
modems’ offsets. In Section IV we show how the cyclic exten-
sions can be used to derive an estimate of the other modems’
frame offsets , and Section III below describes how the timing
adjustment can be implemented. In this paper, we do not address
the line synchronization that needs to be established whether our
method or a master clock is used.

III. FRAME TIMING ADJUSTMENT

In this section, we describe a simple control method for syn-
chronizing the frame timing. The control algorithm is robust
and suitable for VDSL low-cost implementation, though not op-
timal (in the sense of minimizing the frame offset’s variance).
The goal of the algorithm is to adjust the frame time offset of
an individual modem to the mean value of the other modems’
frame offsets relative to the user-of-interest’s, denoted
for modem . If all modems follow this procedure their frame
timing will converge to their common mean. This is shown in
the Appendix.

For simplicity and stability we use a zeroth order controller to
adjust the frame-timing. Consider one modem. If the estimated
average frame offset of the other modems is , we simply
adjust our user-of-interest’s frame clock by samples

(4)

where is the absolute offset for modemat time , and is
the gain constant. To ensure stability and convergence the gain
has to be in the range , as shown in the Ap-
pendix. Furthermore, the drift of the common offset after con-
vergence, relative to a perfect reference clock, will depend on
the average sampling clock offsets of all modems, also shown in
the Appendix. Because averaging improves the frame-offset es-
timate, the observation interval over which is determined
is usually many DMT-frames long. The updating according to
(4) is performed once per observation interval. We choose not to
control the frequency of the sampling clock since, even if there is
no frequency offset, a small additive bias in the estimates would
eventually saturate the voltage controlled oscillator and break
down the control scheme.

The gain, , affects the convergence speed of the system as
well as the noise bandwidth. A smaller value ofprovides
slower convergence but makes the system more robust to
estimation errors. Another way to make the controller more
robust to noisy estimates is to limit the number of samples
that the clock is allowed to change, i.e., .
In general, we do not believe the convergence speed is of
great importance, since a case where all or several modems
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are unsynchronized would be a rare event, e.g., after a power
failure. In a normal start-up procedure a modem should be
silent until it has determined the other modems frame timing to
avoid creating nonorthogonal NEXT in the binder. Only once
the proper frame timing is determined, by calculating ,
the modem can start to transmit synchronously with the others.

By using a cyclic extension that is samples longer than that
required for a perfectly synchronized system, we get a synchro-
nization margin of samples. This means that if

for all and the NEXT will be orthogonal and the same per-
formance is achieved as with perfect synchronization. The draw
back is that a longer cyclic extension reduces the bandwidth ef-
ficiency. However, in our simulations, shown in Section V, we
have used the cyclic extension length defined in the ETSI VDSL
specifications [10].

The frame timing adjustment is implemented as a skip/stuff
scheme [11]. This is performed simultaneously inbothmodems
on the same line in order to prevent changes (rotations) in the
channel estimates that otherwise can cause symbol errors. The
number of samples to skip/stuff are sent to the modem at the
customer side through the control channel. Stuffing samples,
(which makes the DMT-frame longer) never affects the orthog-
onality, but skipping too many samples at one instant can affect
the orthogonality of the received signal. However, the scheme
can be implemented to skip one or a few samples several con-
secutive frames instead of skipping many samples once.

IV. OFFSETESTIMATION

The control algorithm described above is based on each
modem at the central office having an estimate of the other
modems’ average frame-offset relative to the user-of-interest’s

(5)

The NEXT component in the received signal
in (2) contains information about the other modems offsets

, due to the redundancy in the cyclic extensions.
The problem of calculating lies in extracting all ,

from .
Using the redundancy in the cyclic extension of DMT sig-

nals for synchronization has been proposed in many papers [6],
[7], [12]. For one received real-valued DMT signal the max-
imum-likelihood (ML) estimate of the time offsetof the de-
sired upstream signal, assuming an ideal AWGN channel, is
given by [7]

(6)

where

(7)

Fig. 2. Correlator block diagram.

where is the total length of the cyclic extensions. If the
observation interval of the signal spans several DMT-frames the
ML-estimate is derived by averaging the log-likelihood function
prior to searching for the maxima

(8)

where is the number of complete DMT-frames in the obser-
vation interval. Larger improves the estimate, but the choice
of puts an upper limit on due to the averaging delay
and the clock drift. If the frame timing drifts more than
during frames our synchronization scheme will not work.

For an increasing number of observed DMT-frames, the
second sum in (7), the energy terms, converges to a constant
value that is independent of. Therefore, we do not loose any
substantial information by using only the correlation part of the
signal,

(9)

By using only the correlation part we reduce the complexity
and making it more practical when we have a sum of several
DMT-signals. Fig. 2 shows a block diagram of how to calculate
the correlation signal efficiently.

Deriving the ML-estimate for several offsets given a sum
of several different DMT-signals, as in the VDSL-case (2), is
straight-forward and analogous to the derivation in [7]. How-
ever, the solution is impractical, e.g., we need to know the signal
energies of all signals, and it is also computationally very com-
plex. Looking at the auto-correlation signal (9) for modem
when the received signal is a sum of signals as in (2) we find
that the expected value of is

(10)

where each corresponds to the correlation caused by
modem s downstream signal on modems received signal (at
the same end of the line). This means that each modems’ cor-
relation signal contains information about all modem’s signal
offsets, .

Fig. 3 shows two examples of the correlation signal
averaged over DMT-frames, for a sum of three
DMT-signals. It consists of superimposed correlation peaks
corresponding to two NEXT-signals and the user-of-interest’s
near echo. The strong near echo from the downstream signal
will result in a peak centered closely to zero . When
the individual correlation peaks are separated we can use the
correlation peaks from the NEXT signals to determine thes,
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(a)

(b)

Fig. 3. Correlation signal,� (�), for a sum of three DMT-signals. (a) Case where the correlation peaks are separated. (b) Case where the correlation peaks are
superimposed.

as shown in the top figure in Fig. 3. The NEXT correlation
peaks will vary in height and position depending on their
relative interconnections through the NEXT coupling between
the lines and frame timing, respectively.

When the modems are roughly synchronized the individual
correlation peaks will be superimposed into one large peak, as
shown in the bottom figure in Fig. 3. Then, it is difficult to dis-
tinguish each individual peak. But, since we are only interested
in the average of the other modems offsets, , we avoid that
problem by calculating the center of gravity (or mean-value) of
the correlation signal as an estimate of

(11)

where and represents the upper- and lower limits of the
estimated offsets, respectively. For this application, it will pro-
duce a robust and sufficiently accurate estimate of even
when all peaks are superimposed, which we verify by simula-
tions in Section V. If the strengths of the NEXT-signals differ,
this estimate can be seen as a weighted average of the individual

s. If some modem’s offset should be outside the range of the
averaging, , it can easily be detected by its off-centered
correlation peak.

TABLE I
SYSTEM PARAMETERS

It should be noted that contributions from the near echo and
upstream signals can be assumed to be known at the receiver in
advance and therefore they can be removed by subtraction to un-
veil the desired NEXT correlation peaks. The contribution from
the received upstream signal can also be attenuated sufficiently
by using a low order high-pass filter since the upstream signal
has lowpass characteristics compared to the desired NEXT sig-
nals. This filter also reduces the NEXT contributions from other
services such as ADSL, HDSL etc. since they operate mainly
below 1 MHz.

Another possible source of disturbance is upstream FEXT
from other users, particularly from modems on short wires. But,
since power backoff will be used to equalize the capacity distri-
bution for all wire pairs in a binder [13], [14] neither long nor
short wires will create strong FEXT. For example, if the refer-
ence noise power backoff method [13], [15], [16] is used, the
received FEXT on each line will only be a few decibels higher
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(a)

(b)

Fig. 4. Simulated frame offset for ten modems with free running oscillators using the frame synchronization method. (a) Absolute offset. (b) Offset relative to
the mean of the offsets.

than the background noise-floor. Thus, this will not be a problem
in practice.

V. SYSTEM SIMULATIONS

We have simulated the synchronization method in a
Zipper-VDSL system with 10 users. Each users’ modem has
a free running sampling clock that can differ up to10 ppm.
This frequency offset will not introduce any significant
nonorthogonality itself [11] if the modems are time synchro-
nized, but without system-wide synchronization it makes the
DMT-framing drift, which results in nonorthogonal NEXT
unless our method is used.

Our channel model is based on a 0.5-mm-diameter wire called
the TP2-wire [17], and we have used the crosstalk models de-
fined by FSAN [2].2 The near-echo channel is modeled as a
flat attenuation of 20 dB. We have used the same impulse re-
sponse for all NEXT-couplings but with different attenuation
(up to 6 dB) between different modems. This reflects the vari-
ations in the NEXT-coupling that exist between different wire
pairs. For example, adjacent wires in the cable will experience
more cross-talk than wires that are further apart. Table I lists
some of the system specific parameters that are selected from
the ETSI VDSL standard [10].

We used frames for averaging when estimating the
mean-offsets, which corresponds to 80 updates per second with
the selected system parameters. For the estimation we selected

2Full service access networks (FSAN) is a group of telephone operators.

the averaging range to samples in (11). The adjust-
ment was limited to samples and the gain constant
was chosen to . The 10 ppm offset of the oscillators
corresponds to a drift of 5 samples per iteration (50 frames), or
400 samples/s. The cut-off frequency of the high-pass filter was
4 MHz. In the simulation we let the modems start with random
starting offsets between400 samples relative to a fixed ref-
erence. Note, this does not represent a normal start-up, as de-
scribed in Section III, but rather a reacquisition after, for ex-
ample, a power failure.

Fig. 4 shows the trajectories of all modems’ frame offset. The
top figure shows absolute offsets and the bottom figure shows
relative offsets. The frame offsets converge quite quickly and the
maximum difference, in steady state operation, is always less
than 100 samples. Fig. 5 shows the estimated offsets,, for
all 10 modems as a function of time. The common trajectory
after convergence is not flat since the frequency offsets of the
oscillators are not adjusted in our control algorithm.

We have evaluated the bit rate performance for two different
choices of synchronization margin(cf. Section III), 100 sam-
ples and five samples, since the performance depends on this pa-
rameter. The margin is achieved by partitioning the total cyclic
extension ( ) differently between the prefix and the
suffix, since the length of the cyclic extension defined in the
ETSI standard [10] gives room for a synchronization margin
with 1000 meter long wires. However, a margin of 100 sam-
ples could also be interpreted as a reduction in efficiency from
93.4% to 92.2%.
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Fig. 5. Estimated mean-offset,̂� , for each of the ten modems.

(a)

(b)

Fig. 6. NEXT levels for ten modems with a synchronization margin of (a)B = 100 samples and (b) ofB = 5 samples. The gaps in the curves represent the
upstream bands.

Fig. 6 shows the average NEXT, after convergence (0.5 s),
at the central office for the two different cases. In the top
figure the synchronization margin is 50 ( ) sam-
ples, and in the bottom figure it is 2.5 ( ) samples.
For the first case, the NEXT is completely orthogonal in
the upstream bands, represented by the gaps in the NEXT
curves. This results in zero SNR-loss compared to a per-
fectly synchronized system, as shown in the top figures in
Fig. 7. The left hand figures actually contain 11 SNR curves
(10 simulated modems and one perfect synchronization refer-
ence) but the curves are indistinguishable. To actually view
the performance differences, the SNR-losses are plotted in

the right hand figures (note the scale). In the second case,
represented by the bottom figure in Fig. 6, some nonorthog-
onal NEXT appears, but the power spectral density is well
below the background noise floor at140 dBm/Hz. The cor-
responding SNR-loss is very small, as shown in the bottom
figures in Fig. 7. Consequently, a system with this synchro-
nization method can achieve the same bit rate performance
as a system with perfect synchronization. For both cases, the
bit rate performance is 15.628 Mbps in the upstream for all
modems, using an SNR-gap of 9.8 dB (for symbol error rate
10 ) [18] and 6-dB system margin. This is the same as
with perfect synchronization.



NILSSONet al.: AUTONOMOUS SYNCHRONIZATION OF A DMT-VDSL SYSTEM IN UNBUNDLED NETWORKS 1061

Fig. 7. SNR (left hand) and SNR-loss (right hand) in the upstream for ten modems with a synchronization margin ofB = 100 samples (above) and ofB = 5

samples (below). The gaps in the curves are the downstream bands.

VI. SUMMARY

We have derived a simple method for achieving system
wide synchronization of all modems in a VDSL-system using
the Zipper duplex method. This is useful in situations when
a master reference clock cannot be used, e.g., in unbundled
access networks. The method uses the cyclic extensions
inherent in the DMT-signals to estimate the average frame
offset of the other NEXT-generating users that share the same
cable bundle. The estimated frame offset is used to adjust the
user-of-interest’s frame timing toward the others. This will
synchronize all modems and suppress the NEXT.

Simulations of the method for a Zipper-VDSL system with
ten users show that the frame timing can be synchronized to
within a small fraction of the total DMT frame length. The
residual nonorthogonal NEXT-level is then suppressed far
below the background noise-floor. Therefore, we achieve the
same performance as with a perfectly synchronized system but
without using a common master clock.

APPENDIX

Here, we calculate the convergence conditions of the algo-
rithm and its steady state characteristics. The update equation
for the frame offset , for modem , is

(12)

where is a constant feedback gain and represents a small
clock-drift (which is assumed to be constant in time for each
modem). is an estimate of the average offset of the other
modems relative to the user-of-interest’s

(13)

where represents the estimation error for modemat time
.
By defining the vector , (12)

can be expressed in matrix notation as

(14)

(15)

(16)

(17)

(18)
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where represents the identity matrix,is a matrix with one in
all elements, , and .
The matrix is

...
...

...
. . .

. . .

(19)

Diagonalizing and using that in (18) yields

(20)

where is a matrix containing or-
thonormal eigenvectors, with , and

is the corresponding eigenvalue matrix

...
...

(21)

To get the system stable all eigenvalues have to satisfy ,
which means that the condition for stability becomes

(22)

giving

(23)

(24)

When is chosen in the region of stability the mean value of
the offsets becomes

(25)

(26)

where . The first term, which corresponds
to the evolution of the initial offsets , becomes

(27)

which is themean valueof all modems start offset. The evolu-
tion of the second term in (26), corresponding to the effects of
estimation errors of and the clock-drifts , depends on
the powersum of the eigenvalues, . For large they
grow as

,
(28)

Since the powersum of the first eigenvalue will be dominant
when grows with time, the contribution from the first eigen-
vector, , will dominate in (26). The clock-drift
for each modem (relative to a perfect reference clock) will there-
fore converge to the average of all modems local clock-drift.
However, all modems offsets can drift commonly relative to a
perfect reference clock but this does not affect the orthogonality
of the DMT symbols.
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