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Abstract

Very High-speed Digital Subscriber Line (VDSL) is a modern way of using
the telephone network for high-speed digital communication. One of the
problems with this technique is that the frequency range used for VDSL sig-
nalling is shared with radio amateurs and broadcast AM radio. A transmitter in
the proximity of a wire will induce an electric signal in the wire this is called
Radio Frequency Interference (RFI). This thesis describes how the RFI enters
the VDSL system and investigates how the VDSL system is affected by it and
how the effects can be reduced.

In VDSL moderate levels of RFI can be handled in the digital domain by vari-
ous cancellation techniques. However, if the RFI level is higher than what the
VDSL receiver was designed for clipping can occur. It is components such as
amplifiers and Analog to Digital Converters (ADC) in the VDSL receiver that
causes the clipping. This thesis assumes that the ADC is the limiting compo-
nent.

There are two types of solutions to the RFI problem. The first is to remove the
RFI before is comes to the ADC in the receiver. The second is to increase the
dynamic range of the ADC, so that clipping is avoided. The following meth-
ods are investigated: an adaptive quadrature RFI canceller to remove the RFI
before the ADC and two different dual range ADC methods to increase the
dynamics of the ADC, simulations are used to compare the methods.

The investigation shows that it is practically impossible to completely remove
the RFI from the system before it enters the digital domain. This means that
there is still a need for the RFI cancellation techniques in the digital domain.
The best solution to the RFI problem is to use the adaptive quadrature RFI
canceller together with a digital domain RFI canceller. The problem with this
solution is that the implementation can introduce noise if it is not designed in a
careful way. A more space efficient method that is almost as good is to use a
dual range ADC in combination with the digital domain RFI canceller.



Acknowledgements 3

1 Introduction 5

2 Radio Frequency Interference 7
2.1 Twisted pair wire RFI pick up 7
2.2 Balance 8
2.3 Broadcast AM radio 8
2.4 Amateur radio 9

3 Signal levels and dynamics 11
3.1 Example system 11
3.2 DAC in transmitter 12
3.3 Hybrid 12
3.4 ADC in the receiver without RFI 12
3.5 ADC in the receiver with RFI 13
3.6 Analog dynamics 14

4 Methods 15
4.1 Channel coding 15
4.2 Filtering 17
4.3 Adaptive cancellation 17
4.4 Dual range ADC 18
4.5 Adaptive ADC 19

5 Measurements 21
5.1 Measurement TX-CM and TX-DM 22
5.2 Measurement CM-DM 25
5.3 Summary of measurements 27

6 Models 29
6.1 VDSL system model 29
6.2 RFI generator 29
6.3 Adaptive RFI canceller 30
6.4 Clipping and Quantization model 31

7 Simulations and results 33
7.1 VDSL system simulations 33
7.1.1 The adaptive RFI canceller 36
7.1.2 The dual range ADC 39
7.1.3 The adaptive dual range ADC 40
7.2 The effect of RFI on the ADC 40
7.3 Dual range ADC 43

8 Conclusion and discussion 45
8.1 Future work 46

Appendix A The Hybrid 47

Appendix B Quantization and Clipping 49

Appendix C Network Analyser 53

References 55



2



3

Acknowledgements

First I would like to thank my supervisors Daniel Bengtsson and Frank
Sjöberg at Telia Research AB for the help they have provided during my work
and for patiently reading the drafts for this thesis. Frank was also my examiner
at the University of Technology in Luleå. I would also like to thank Göran
Ökvist (Coach), Mikael Isaksson (Zipper project administrator), Torvald
Lundberg and Hans Lundberg and all the other employees at Telia Research
AB for the time they have taken from their own work to assist me. Finally a
special thanks to the system administrators Riitta Baas and Emil Lidström who
always assisted me when the computers would not do what they were sup-
posed to do.



4



5

1 Introduction

Modern communication technique makes it possible to use the telephone net-
work for high-speed digital communication. Very High-speed Digital Sub-
scriber Line (VDSL) [1, 2] is one such technique. One problem with this tech-
nique is that the VDSL signalling frequency range is shared with RF-
transmitters such as radio amateurs and broadcast AM radio. RF-transmitters
in the proximity of a telephone wire will induce electric signals in the wire,
since the telephone wire works as an antenna. This is called Radio Frequency
Interference (RFI) [3, 4], and is illustrated in Figure 1.1.

Figure 1.1 The origin of the RFI problem.

Ordinary telephone signals use low frequencies, 0.3 – 3.4 kHz, and this makes
it possible to remove any RFI on the wire with a simple low pass filter. In
VDSL however, a larger frequency range, 0.3 – 30 MHz [1], is allowed for
signalling. In this case it is harder to remove the RFI since the RFI source can
be active in the same frequency range as the VDSL signal.

The Zipper VDSL system, developed by Telia Research AB, is a Discrete
Multi Tone (DMT) [5] system that can offer data rates up to 50 Mbit/sec, de-
pending on the length of the wire. Low levels of RFI can be compensated for
in Zipper VDSL by removing the effects of the RFI in the digital domain in
the signal processing [6, 7]. Large levels of RFI however, can cause limitation
problems in the electronics. This limitation introduces noise that can not be
removed by the digital domain RFI canceller.

Several components in the electronics set a limit for how large the signal is
allowed to be. Examples of such components are amplifiers, Analog to Digital
Converters (ADC) and transformers. If the signal gets larger than what the
components were designed for, the signal will be limited to the maximum sig-
nal the components are capable of. This is called limiting and will introduce an
error in the signal passing the component. The error is the difference between
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the signal before and after the limiting component.  In this thesis the ADC is
assumed to be the limiting component.

Hard Soft

Figure 1.2 Hard and soft limiting.

It is possible to distinguish between two types of limiting hard and soft, see
Figure 1.2. The hard limiting, also called clipping, is to be preferred since the
error for a single sample of a wideband signal is an impulse and this result in
an almost white noise spectrum. With soft limiting the non-linear region be-
tween the linear part and the limiting will introduce intermodulation distortion.
This means that the noise spectrum will be the result of a mixture between
white noise and modulation between different frequencies. Only clipping will
be investigated in this thesis.

This thesis starts by defining how the RFI enters the system. Then it continues
to examine the signal levels in a VDSL system. It also compares the VDSL
signal levels with possible RFI levels. Then the methods for solving the RFI
problem are presented. The first is an adaptive quadrature RFI canceller that is
used to remove the RFI before the ADC. The two other methods are dual
range ADCs that increase the dynamic range of the ADC. The thesis also
contains some measurements on the coupling from an antenna to some drop-
wires. The final part of the thesis presents simulation models and the result of
the simulations used to compare the three different solutions to reduce the ef-
fects of the RFI.
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2 Radio Frequency Interference

Zipper VDSL uses the frequency range 0.3 – 12 MHz for signalling. This fre-
quency range is shared with two types of RF-transmitters, radio amateurs and
broadcast AM radio. These two types of RF-transmitters have different char-
acteristics, both in transmitted power and type of modulation. In the following
subsections we start by describing how the RFI enters the wires. Then the
characteristics of the two different types of RF-transmitters are described in
more detail.

2.1 Twisted pair wire RFI pick up

The RF-transmitter generates an electromagnetic field in the air. The field af-
fects the wires used for communication since the wires act like antennas. The
wires used in telephone networks are twisted pair wires. In such wires each
wire in the pair has its own potential relative to the system ground as shown in
Figure 2.1.

V1
V2

Balun

UDM

UCM

Figure 2.1 Potentials on a twisted pair wire.

This is not a practical way of describing the signal on the wires. It is much
easier if the signal is expressed as one common mode (CM) signal and one
differential mode (DM) signal. The CM signal is the same for the two wires in
a pair according to (2.1). The DM signal is the difference between the two
wires in the pair according to (2.2).

2
21 VVU CM

+
= ( 2.1 )

21 VVU DM −= ( 2.2 )

An advantage with this arrangement is that is possible to measure and generate
the CM and DM signals directly using a balun as shown in Figure 2.1. Note
that the transformation from wire potentials, V1 and V2, to CM and DM sig-
nals, UCM and UDM, is a simple linear transformation.



8

Not twisted

Twisted

Figure 2.2  Not twisted and twisted wire

The twisting of the wires reduces RFI ingress and crosstalk between pairs in a
cable. The reason for this can be seen in Figure 2.2, where it is clear that the
twisting destroys the large loop antenna formed by the two wires. Both the
telephone system and the VDSL system use the DM signal to take advantage
of the interference immunity of the twisted wire pair.

2.2 Balance

Twisting the wires does not remove all the RFI problems, since there is some
leakage between CM and DM signals. The amount of leakage depends on sev-
eral different parameters. Some of them are:
•  The twist of the wire, number of turns per meter.
•  How and where the wire is installed.
•  The length of the wire.
•  The frequency of the signals.

A quality measure for this leakage is called the balance of a wire. In [3] it is
defined as follows:

DM

CM

U
U

B log20= , [dB] . ( 2.3 )

The balance should be as large as possible and usually it is between 30 and
60 dB depending on the frequency of the signal. Typically higher frequencies
have lower values, which means that the leakage is larger for higher frequen-
cies.

The following example will show how the balance works. A wire with a bal-
ance of 60 dB is used for a DM signal at 0 dBm, in this case a sine wave. At
the other end of the wire a receiver will be able to measure both a DM signal
and a CM signal. The balance of the wire will in this case make the CM signal
60 dB lower than the DM signal, the example assumes a perfect impedance
match between the balunes and the wire.

2.3 Broadcast AM radio

Broadcast AM radio is not so common in Sweden but it is fairly common in
the USA. It is usually used for commercial radio transmission over long dis-
tances. The transmitted signal usually consists of speech and music. Broadcast
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AM are allowed to us the frequency range 0.1 – 2.0 MHz. The transmitters
may use very high power, up to 50kW Peek Envelope Power (PEP).

In the VDSL specification [1] the broadcast AM is modelled with an AM
transmitter with a modulation index of 80%. This means that the carrier is not
completely suppressed. The message signal is modelled with white Gaussian
noise band limited to approximately 5 kHz. Thus, the transmitted radio signal
uses a bandwidth of approximately 10 kHz.

This type of powerful RF-transmitter can cause very large RFI at close range,
but at a sufficiently large distance the RFI will be small enough to be handled
by the methods described in this thesis.

2.4 Amateur radio

Radio amateurs are allowed to use several different frequency bands, called
HAM bands, in the range 1.81 – 30 MHz. The international HAM bands can
be found in Table 2.1 [1]. Amateur radio is used to transmit speech and teleg-
raphy. The transmitted power is not as high as for broadcast AM radio but it is
large enough to cause problems. In European countries it is usually below 400
W PEP while it can be as high as 1500 W PEP in the US.
Table 2.1 International HAM bands that are in the VDSL frequency range.

Start
(MHz)

Stop
(MHz)

1.810 2.000
3.500 3.800
7.000 7.100

10.100 10.150
14.000 14.350
18.068 18.168
21.000 21.450
24.890 24.990
28.000 29.100

For amateur radio the VDSL specification uses a simulated speech transmitted
with Single Side Band (SSB) modulation. The simulated speech is constructed
from white Gaussian noise band limited to 4 kHz using a special speech
simulation filter [8]. The filtered signal is then switched on and off to simulate
speech activity. The speech is on for 5 seconds and off for 10 seconds. During
the speech activity period of 5 seconds the speech should be switched on for
50 ms and off for 150 ms repeatedly to simulate syllables. The model also
suggests that the carrier frequency should change by at least 50 kHz every 120
s. The result is a transmitted radio signal with approximately 5 kHz band-
width.
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3 Signal levels and dynamics

To see how RFI affects the VDSL system it is important to know the signal
levels at different points in the signal chain of a VDSL-receiver. The VDSL
specification [1] specifies the maximum allowed Power Spectral Density
(PSD) for the transmitted VDSL-signal. The level of the received signal de-
pends on the following factors: the signalling bandwidth used in each direc-
tion, the length of the wire, the type of wire, and the attenuation in the used
hybrid. A simple example will be used to calculate the different signal levels
then the components that limit the dynamics are examined one by one.

3.1 Example system

In [9] Cioffi and Conroy show that a 12-bit ADC is sufficient for a Zipper
system. However, that is for an RFI free environment. A similar case will be
used here to demonstrate the required dynamics to handle the RFI.

 Signal Out
DAC

ADC Signal In

Hybrid

DAC

ADC

Hybrid

 Signal Out

 Signal In

Figure 3.1 The signal chain for up and down link.

The analog parts of the signal chain for the Zipper VDSL system are shown in
Figure 3.1. The three blocks shown are the ones that affect the analog dynam-
ics for the system. These are the DAC, the hybrid, and the ADC. The hybrid in
each end of the wire makes it possible to send and receive signals at the same
time. A more detailed description on how the hybrid works and its limitations
are given in Appendix A.

The example similar to the one in [9] is as follows:
•  +11.5 dBm transmitted signal, maximum level allowed on the line.
•  -3.5 dBm near echo, due to 15 dB return loss in the hybrid.
•  -18.5 dBm received signal.
•  -70 dBm background noise.

The VDSL specification contains several different PSD masks that can be
used. The PSD mask is used to specify the transmitted power for different fre-
quencies. The maximum level of +11.5 dBm however, is a maximum that ap-
plies for the total transmitted energy on the line. The near echo is determined
by the return loss in the hybrid. The return loss in a modern hybrid is ap-
proximately 15 dB. The received signal is attenuated by the wire and in the
hybrids. The average attenuation, calculated over the receiving bandwidth of
12 MHz, depends on the wire length. It varies between around 25 – 60 dB for
lengths from 500 to 1500 meters. In the example a short wire, approximately
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500 meters, is used. The background noise assumes a received signalling
bandwidth.

3.2 DAC in transmitter

The DAC is not affected by RFI so it only has to be designed for the signal
levels of the transmitted signal. However the DMT modulation makes the am-
plitude distribution for the transmitted VDSL signal almost Gaussian. This
results in a large Peek to Average power Ratio (PAR) for the VDSL signal.
How this affects the quantization noise is explained in Appendix B.

The exact requirements for the DAC depend on the transmitted signal power,
the PAR and the size of the QAM-constellation used for each of the carriers.
Since different QAM-constellations have different requirements for the SNR
depending on their size, larger constellations require larger SNR. The DAC
must be designed in such a way that the quantization noise is low enough to
allow the use of as large constellations as possible. The easiest way to do this
is to design the DAC so that the quantization noise of the transmitted signal is
somewhat smaller than the background noise at the receivers. This ensures that
it is not the quantization noise that is the limiting factor when it comes to se-
lecting the size of the QAM-constellations for each carrier.

A 12-bit DAC designed for a PAR of 15 dB results in a quantization noise that
is approximately 62 dB below the average power of the signal. The quantiza-
tion noise in our example would then be about –50.5 dBm, this is a high esti-
mate since the maximum power is used in one direction. This is almost 20 dB
above the background noise but it will be attenuated before it reaches the re-
ceivers. In the transmitter the signal is attenuated by the hybrid as return loss
before it reaches the ADC as a near echo. The wire attenuates the signal going
to the other end of the wire before it reaches the receiver. In both cases the
attenuation is about 15 dB or more, the wire attenuation might be lower for
really short wires.

3.3 Hybrid

Already in the hybrid there is a possibility of saturation but it is possible to
build analog electronics with a sufficiently large dynamic range. However the
use of both active and non-linear components, like transformers or inductors,
makes the design a little more difficult since they introduce clipping and non-
linearity in the signal path.

3.4 ADC in the receiver without RFI

The ADC in the receiver is perhaps the most critical component in the Zipper
VDSL modem. The strongest signal at the input is usually the near echo, since
the wire attenuates the received signal. As for the DAC the goal is to design
the ADC with a sufficiently low quantization noise but a signal range large
enough to handle the strongest signal. The strongest signal in our example it is
the near echo at –3.5 dBm. Using a 12-bit ADC would result in a quantization
noise of –65.5 dBm. This is almost the same level as the background noise.
Using more bits in the ADC would not reduce the total noise that much since
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most of the improvement in quantization noise would be hidden by the back-
ground noise.

3.5 ADC in the receiver with RFI

In [3] Foster gives an example of how the RFI from an amateur radio trans-
mitter affects VDSL. The transmitted power is 400 W PEP with the antenna
located 10 meters from the wire. This results in a DM RFI signal as high as
400 mV. If the characteristic impedance of the wire is assumed to be 100 Ω
this corresponds to approximately 1 dBm PEP. PEP is used here since the
transmitted RF-power was given as PEP.

The difference between the PEP and the peek power is always 3 dB, since the
carrier is sinus shaped. The average power for the RFI is usually lower than
the PEP, except for a pure sinus carrier where they are equal, how much lower
depends on the PAR of the RFI signal. Different types of modulations and
signals result in different values of PAR. Table 3.1 shows the result of simula-
tions made to estimate the PAR for some of the different combinations of
modulation and signals.
Table 3.1 PAR for different combinations of modulations and transmitted signal.

Transmitted signal
Modulation Pure sinusoid Band limited  noise
Amplitude modulation (AM),
suppressed carrier

6 dB 13 dB

Double Side Band (DSB)
modulation, 80% modulation
index

8 dB 11 dB

Single Side Band (SSB)
modulation, suppressed carrier

8 dB 10 dB

The simulations show that the difference between average power and PEP is
between 3 – 10 dB. With this knowledge one can assume that the possibility of
clipping will not be significantly affected if the RFI PEP is lower than the av-
erage power of the near echo and received signal added together. Simulations
in Section 7.2 verify this.

In our case the RFI was 1 dBm PEP and the near echo –3.5 dBm. This makes
the RFI almost 5 dB stronger than the received signal. This will cause a larger
risk of clipping in the ADC. The clipping results in a clipping noise that is
much larger than the quantization noise. This increased noise reduces the SNR
of the system. For very large RFI levels the remaining SNR will be very low
making it practically impossible to send data at high speed.

To make comparisons with other cases with RFI the following three aspects
have to be accounted for:
•  Transmitted RF power.

Doubling the transmitted RF power increases the RFI with 3 dB.
•  Distance between antenna and cable.

Doubling the distance reduces the RFI with 6 dB.
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•  Directional effect of antenna.
The directional effect of the antenna is usually given as some antenna gain.
It can also be given as a diagram with the gain in each direction of the an-
tenna. This can be as large as 20 dB but it if the wire is not in the main di-
rection of the antenna the RFI could be attenuated.

The combined effect of these factors might make things worse or better. An-
other aspect of the directional effect of the antenna is that it can move the
problem. If the antenna gain is 18 dB a communication wire that is eight times
further away, 80 meters compared to the 10 meters in the case above, would
have the same RFI level.

In the case above the combined effect only has to be a couple of dB before it is
practically impossible to transmit any data. To be able to transmit data  under
such circumstances the RFI must be dealt with in some way. Below are three
different solutions:
•  Change the maximum level for the ADC to handle the RFI signal.
•  Increase the range of the ADC with the same precision, i.e. more bits.
•  Use a filter or an RFI canceller to attenuate the RFI.

Each of these methods has its pros and cons and they will be investigated
further in Section 4.

3.6 Analog dynamics

For the general case without RFI the requirement for dynamics can be found
in [10]. The dynamic range with RFI for the total signal is 70 dB, 4 – (-66), so
the electronics in the hybrid has to be constructed to handle this dynamic
range if it should not add distortion to the signal. It is also important to re-
member that the demand for dynamics also applies to an analog RFI canceller.
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4 Methods

There are many suggested solutions to the problem with RFI and similar
problems [3, 4, 6, 7, 11 – 15]. Two good introductions to the RFI problem are
[3, 4]. They also contain some measurements and suggestions to solutions.

The types of suggested solutions can be classified in to two groups:
•  Digital solutions.
•  Analog solutions.

The digital solutions can be classified in to three subgroups:
•  Channel coding.
•  Removal of RFI through RFI modelling in the digital domain
•  Adaptive digital filters.

Only channel coding has a limited possibility to work with large RFI levels,
since the other digital solutions require a correct digitalisation of the signal.
Channel coding includes Forward Error Correction (FEC), Cyclic Redundancy
Checks (CRC) and Interleaving. To improve the digitalisation in the presence
of RFI an analog solution should be used. These analog solutions can be clas-
sified as follows:
•  Filtering
•  Adaptive cancellation
•  Extending the range of the ADC

In the following subsections the following methods are investigated. First the
digital channel coding method. Then the analog filter method followed by an
adaptive quadrature method. Finally two methods to extend the dynamic range
of the ADC are examined.

4.1 Channel coding

In channel coding FEC and CRC are used for error correction and error detec-
tion. Detailed descriptions of these subjects are beyond the scope of this thesis
but the interested reader is referred to [16, 17]. The main idea with FEC and
CRC is that by sending a few redundant symbols over the channel it is possi-
ble to detect errors and correct some of them. The main principle for FEC and
CRC can be studied in Figure 4.1.
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Figure 4.1 Block coding principle

For VDSL [2] a Reed-Solomon block code [17] is proposed, with the purpose
to detect and correct errors. K input symbols in one block are coded in to N
symbols. This introduces N-K redundant symbols for one block. The N sym-
bols are then transmitted over the channel to the receiver. The N received
symbols may not be correct due to the noise in the channel. Decoding the N
received symbols to K output symbols can then remove (N-K)/2 symbol errors
caused by the noise in the channel. The rate of a block codes is described us-
ing the following notation (N,K), where N and K are the number of symbols.
One problem with block codes is that data has to be buffered to get blocks to
code and this buffering introduces a delay. In VDSL specifications there are
two types of data, fast and slow. The slow data can then be protected by a
larger block code (240,224), resulting in a larger delay while the fast data is
protected with a shorter block code (144,128), to reduce the delay. Both codes
are able to correct up to 8 symbol errors in one block.

One problem with block codes is that if there are too many errors they might
not be detected by the decoder. The solution to this is to use a CRC to detect
errors in this case. One code word is generated for the complete block of K
input symbols. This code word is sent over the channel. At the receiver the K
decoded output symbols are also used to generate a code word. The received
code word from the transmitter and the generated code word are then com-
pared. If they are equal the K output symbols are assumed to be the K input
symbols. With the correct selection of CRC algorithm there is a very small
probability of not detecting an incorrect block.

Another problem with block codes is that burst errors can destroy a complete
block of data. To prevent this interleaving is used. Instead of sending the
blocks directly, several blocks are buffered and interleaved before they are
transmitted. In the receiver the opposite processing takes place. A short burst
error will not destroy one block since the burst will be spread over different
blocks as a result of the interleaving. Also here the buffering introduces a de-
lay. Therefore only slow data uses interleaving.

For slow data the FEC, CRC and interleaving allows burst errors of up to 500
microseconds, i.e. two frames, to be corrected thanks to the larger block code
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and interleaving. The fast data stream uses a shorter block code and no inter-
leaving to reduce the delay. This gives a lower protection for the fast data but
this is the price for a shorter delay.

It is very hard to estimate the effects of channel coding in the case of RFI. At
small levels of RFI and for short RFI bursts the FEC, CRC and interleaving is
likely to protect at least the slow data, since the FEC and interleaving protects
the data for bursts up to 500 microseconds. While the CRC makes it possible
to remove or request faulty blocks to be sent once more. When it comes to
large RFI it will most likely be impossible to correct the data using FEC and
interleaving, the only hope is to be able to detect faulty blocks. This method
will not be investigated any further in this thesis.

4.2 Filtering

Many of the solutions found in the literature suggest some sort of filtering to
attenuate the RFI [4, 18]. Two types of filters can be used: bandstop filter or
notch filter.

The advantage with bandstop filters is that only one filter is needed for each
HAM band. The problem with the bandstop filters is that they would have to
be of high order to get narrow transition bands. High order filters usually mean
many components that need space on the circuit board. High order filters also
introduce a longer impulse response for the total channel. This could require
the use of longer cyclic extension, which means that the data rate is reduced.

The notch filter removes a very narrow frequency band, around a centre fre-
quency. The advantage with his type of filter is that it does not use many com-
ponents. The problem is that it usually requires some sort of tuning of the filter
to set the correct notch frequency. Possible solutions would be to use some
sort of self-tuning filter or digitally adjustable filters. One such example would
be the self-tuning crystal filter described in [18]. Also in this case there may
be a problem with a longer channel impulse response.

4.3 Adaptive cancellation

Most of the suggested methods for RFI cancellation are some sort of adaptive
method usually based on the principle of adaptive noise cancellation [4, 11 –
15]. Especially the one in [11] is of interest, since it was developed at Telia
Research AB this is called an adaptive quadrature RFI canceller. Adaptive
noise cancellation can be used if a reference signal that is correlated with the
RFI is available [19]. In the case of RFI on twisted pair wires the CM signal
can be used as a reference signal. The block diagram in Figure 4.2 illustrates
how the noise cancellation principle can be used to cancel the RFI for a
twisted pair wire.
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 CM signal

 DM signal  To ADC Line
Hybrid

RFI
Canceller VDSL and RFI signal

 RFI Reference signal

 VDSL-
signal

Figure 4.2 Block diagram for adaptive RFI Canceller.

Since the RFI is present both as a DM signal and as a CM signal. The CM
signal has to be scaled and eventually phase-shifted before it is subtracted
from the DM signal. The output signal from the RFI canceller now has a
smaller RFI component than the input signal. By using the CM signal as a
reference the RFI component in the output signal can be measured. The result
from this measurement can then be used to adjust the scaling factor and the
phase shift of the CM signal.

In Section 5 the coupling between a RFI source and the CM and DM signal on
the wire is measured. These measurements were made to examine the possi-
bility to use only one adaptive RFI canceller that would remove all RFI in the
whole frequency range. Simulations were also made to evaluate the perform-
ance of the adaptive quadrature RFI canceller. The results from these simula-
tions are presented in Section 7.1.

4.4 Dual range ADC

Another approach to solve the RFI problem would be to use more bits in the
ADC. The problem with this is that fast ADCs with many bits, more than 12,
working at 40 Msample/sec are very expensive. An alternative solution to in-
crease the range without using bits in the ADC is shown in Figure 4.3.

Ref

K*Ref

Analog Input
Digital Output

Out of rangen-bit
ADC

Low
Range

n-bit
ADC

High
Range

Mux

n

n

n+p

Figure 4.3 Dual range ADC principle

Two equal ADCs are working in parallel. This design is very similar to the
one in [20] where up to 4 ADCs in parallel are used to reduce the quantization
noise. In our case the goal is to increase the dynamic range of the ADC. The
increase in dynamic range would make it possible to handle larger RFI signals.
The difference between the two ADCs is the maximum range. The low range
ADC is designed as the ordinary ADC and is used by default. If the signal is
too large for the low range ADC the high range ADC is used instead. The high
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range ADC is designed to have a signal range that is K times larger than the
low range ADC. This makes the quantization noise K times larger. But since
the high range ADC only is used if the signal would be clipped by the low
range ADC the increase in quantization noise is smaller than the clipping
noise. Simulations in Section 7.3 show that depending on the selection of K
this is almost always the case. The main problem with this method is that the
digital output from the high range ADC has to be compensated for the scale
factor K and the difference in offset for the two ADCs. By selecting K to be a
power of 2, i.e. 2, 4 or 8, the scaling can be done in the hardware by simply
shifting the data the correct number of bits.

4.5 Adaptive ADC

Adaptive ADC is almost the same as the dual range ADC. Figure 4.4 shows
the design for an adaptive ADC.

Ref

Analog Input Digital Output

Attenuation Control

n-bit
ADC

Controllable
Attenuator

n

Out of range

Figure 4.4 Adaptive ADC principle

This type of adjustable input stage is already used today in the analog front
end of the Zipper VDSL modem. A programmable attenuator is placed before
the ADC. Today it is used in an Automatic Gain Control (AGC) to optimise
the use of the ADC. To handle the RFI the attenuator would be used to attenu-
ate large signals and thereby reduce the risk of clipping. The change in the
attenuation must be done very slowly since the estimated channel parameters
have to be updated for each change. As for the dual range ADC the signal after
the ADC has to be scaled according to the current attenuation. The scaling is
likely to be more complex than in the dual range ADC case depending on how
the different attenuation steps are selected. This solution can also be combined
with the dual range solution mentioned in 4.4. The difference is that the high
range ADC would be designed for the normal signal PAR and the low range
ADC designed for a smaller PAR. It is this adaptive dual range ADC that is
used in the simulations in Section 7.1.3.
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5 Measurements

To investigate how an adaptive quadrature RFI canceller would work there
was a need for a model on how the RFI enters the system. Measurements on
how the VDSL signal radiation affects the surrounding radio amateurs have
previously been made at Telia Research AB [21, 22]. Another study measured
how VDSL is affected by RFI [23]. These studies only measure the level of
the signal, not the phase. But the phase is important as it holds much of the
information on how the signal behaves in the time-domain.

The same set up as in [23] was used to make new measurements that included
both amplitude and phase, see Figure 5.1. A short introduction to measure-
ments with a network analyser can be found in Appendix C, it also contains an
explanation of the S11 and S21 parameters that are used to characterise the
channel from transmitter to the receiver.

25 meters

Telia building from above

Amateur radio antennas 3.5 & 7 MHz

Aerial dropwires, type EVS and EVL

Figure 5.1 Measurement site with antenna & dropwires.

The measurements were done on two types of 50 meters long aerial dropwires.
The first aerial dropwire was the EVS type consisting of four individual wires
in an outer shell. The second was the EVL type consisting of two twisted
pairs.
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The following measurement equipment was used:
•  Network Analyser HP4395A
•  Balun, North Hills 0409BF 0.01 – 30 MHz
•  Balun, North Hills 0411BF 0.1 – 100 MHz
•  50 Ω BNC Terminators

The network analyser used the following settings for measurements over the
frequency range 0.7 – 30 MHz:
•  +15 dBm source power
•  300 Hz measurement bandwidth
•  801 measurement points

For the narrow band measurements, 3.25 – 3.45 MHz, the following settings
were used:
•  +15 dBm source power
•  100 Hz measurement bandwidth
•  101 measurement points

5.1 Measurement TX-CM and TX-DM

Measurements were made to determine the coupling from the antenna to the
CM and DM signal on the wires. Figure 5.2 shows how the antenna and the
wires were connected to measure the TX-CM coupling.

A

B

HP4395A

50Ω

50Ω

50Ω

Figure 5.2 Circuit for measurement of TX-CM.

Measurement of the coupling from the antenna to the DM signal of the wires
was done using the circuit in Figure 5.3.
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50Ω 50Ω

50Ω

HP4395A

Figure 5.3 Circuit for measurement of TX-DM.
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Figure 5.4 Amplitude and phase for EVL-cable TX-CM and TX-DM.

Figure 5.4 shows the result from the measurement on the EVL cable when it is
subject to RF-radiation from the antenna. The curve named S11 in the diagram
shows the reflection from the antenna, it should be as low as possible. In this
case it shows that the used antennas, constructed as two dipoles, were tuned
for approximately 3.5 and 7 MHz. The curve S21 is the transfer function from
the antenna to the wire.

When comparing the curves S21TX-CM and S21TX-DM over the complete fre-
quency range the correlation between CM and DM signals is not that big. This
makes it practically impossible to construct one RFI canceller that would work
over the complete frequency range. On average the TX-CM connection is –50
dB and the TX-DM connection is –90 dB.

The difference in the slope for the phase curves S21TX-CM and S21TX-DM imply
that there is a difference in the delay between the two signals. This means that
we can not assume that the CM and DM signal from the RFI are in-phase. The
sharp transitions in the same curves are probably caused by the phase unwrap-
ping function in Matlab. The group delay can be calculated using the formula:

( )( )fH
df
df arg

2
1)(
π

τ −= ( 5.1 )
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In the case above the delay for the TX-CM and for the TX-DM signal is the
same approximately 0.2 microseconds.
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Figure 5.5 Amplitude and phase for EVL-cable TX-CM and TX-DM.

The result from a narrow band measurement is shown in Figure 5.5. The cou-
pling, both in amplitude and phase, is fairly constant during the whole fre-
quency range. This makes it possible to use a narrow band RFI canceller.

It is also interesting to compare the EVL cable to the EVS cable. The results of
the measurements on the EVS cable are shown in Figure 5.6.
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Figure 5.6 Amplitude and phase for EVS-cable TX-CM and TX-DM.

Figure 5.6 shows that the balance for the EVS cable is even more irregular
than for the EVL cable. Note that in the range 15 – 25 MHz the DM signal can
be larger than the CM signal. This was never the case for the EVL cable. The
phase plot also shows a larger difference in delay between CM and DM signal
for the EVS cable.
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Figure 5.7 Group delay as a function of frequency for EVL and EVS wires.

Figure 5.7 shows how the group delay varies with frequency for the two dif-
ferent drop wires. The large peeks are a result of the phase unwrapping and the
differentiation. The delay between CM and DM RFI signal for the EVL cable
is very small. For the EVS the delay is somewhat larger but it is always
smaller than 1 microsecond, except for some peeks.

5.2 Measurement CM-DM

To investigate if the RFI enters the wire through the path TX→CM→DM the
coupling from CM to DM was measured. Figure 5.8 shows the circuit used for
this type of measurement.

HP4395A

50Ω

50Ω

A

B

Figure 5.8 Circuit for measurement of CM-DM.

An alternative circuit is shown in Figure 5.9 but measurements comparing the
two show very small or no difference so only the circuit in Figure 5.8 has been
used for the continued measurements.
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Figure 5.9 Alternative circuit for measurement of CM-DM.
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Figure 5.10 Amplitude and phase for EVL-cable CM-DM.

Figure 5.10 shows the result of the measurement of coupling from CM to DM.
The strange slope for the phase curve of S21TX-DM does probably depend on
incorrect phase unwrapping. It is clear from the curves that the balance of the
cable is around 60 dB for low frequencies and around 40 dB  at the highest
frequencies. Comparing this measurement with the calculated relation CM-
DM from the two relations TX-CM and TX-DM gives the result shown in
Figure 5.11.
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Figure 5.11 Comparison of (TX-DM)/(TX-CM) and CM-DM.

The result from Figure 5.11 is that one can not assume that the RFI only
comes from the balance of the wire, that is TX→CM→DM, there must also
exists a direct path TX→DM otherwise the two curves would have been al-
most the same.

5.3 Summary of measurements

The measurements have shown that it is complex to make a wideband RFI
canceller that would remove all the RFI at once. The reason is that the cou-
pling from the antenna to the DM signal varies with the frequency. Further it
is shown that the delay between CM and DM signal also varies with frequency
and that it also depends on the type of wire, in our case the delay was small
but the plot of the delay shows that it is in the range 0.2 – 0.3 microseconds.

If the EVL dropwire would have been used in the RFI example from Section
3.5 the worst case with a RF-transmitter just above 10 MHz the DM RFI
would be approximately 60 dB lower than the transmitted RF-power. A RF-
transmitter with 400 W PEP, 56 dBm, the DM RFI signal would be approxi-
mately –4 dBm, which is almost in the same level as the near echo. If the EVS
dropwire is used the same DM RFI would be about 50 dB lower than the RF-
transmitted power. The DM RFI signal would then be +6 dBm, which is about
10 dB higher than the near echo.

It would also be interesting to make more reliable measurement of the con-
nection TX-CM and TX-DM using a wide band antenna. This would probably
have to be done as free-field measurements on dropwires with a better an-
tenna.
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6 Models

Two types of Matlab simulations are used in the evaluation of the different
types of RFI canceller. The first is a system level simulation. The result from
this type of simulation shows how different types of RFI cancellers affect the
PSD of the downstream. The second type are small simulations to understand
the limitations of single components in the system. The result from these
simulations is the noise level, clipping and quantization noise, in relation to
the simulated Gaussian VDSL signal expressed in dB.

6.1 VDSL system model

Figure 6.1 shows the block diagram for a VDSL system with RFI and eventual
RFI Canceller.

Data in DMT
Modulator

DAC Channel
Model

RFI
Generator

RFI
Canceller

ADC

DMT
Demodulation

Equalizer Data outDigital RFI
Canceller

Figure 6.1  System level VDSL block diagram.

Random data is sent over a channel using the Zipper VDSL DMT technique.
The channel model adds near echo and cross talk. The RFI generator is used to
create a controlled amount of RFI. How the RFI generator works is described
in subsection 6.2. There is a block for the RFI canceller but this block is not
always used. The model for the adaptive RFI canceller is described in subsec-
tion 6.3.

6.2 RFI generator

The RFI generator in the simulations allows the use of different types of
modulation, AM, SSB and DSB. It is also possible to use different types of
source signals, one pure sinusoid, two added sinusoids, noise and speech. All
RFI amplitudes are given as PEP. The reason for this is that the power of the
transmitter is usually given in PEP. The RFI is specified in dB relative to the
expected signal level at the receiver without RFI. It is also a possible to set the
delay between the CM and DM of the RFI signal.



30

6.3 Adaptive RFI canceller

The adaptive quadrature RFI canceller described in [11] was previously de-
signed and tested at Telia Research AB. It is similar to many of the others that
were found [12 – 15].

 Line

 CM signal

 Q-Ref

 I-Ref

 DM signal

 Q-Ref

 I-Ref

 Q-Adj

 I-Adj

 Q-Scale

 I-Scale

Hybrid

 90 deg
Phase
splitter

LPF

 RX

Figure 6.2 Block diagram of the analog RFI Canceller

The circuit for the canceller can be found in Figure 6.2. This canceller uses a
quadrature technique. The received CM signal is used to create an in-phase
component called I-Ref and a quadrature component called Q-Ref. These two
form an orthogonal pair. These signals are then scaled and added using I-Scale
and Q-Scale. With the correct values for I-Scale and Q-Scale the new signal
forms the complement of the estimated RFI signal. Adding this signal to the
received signal will reduce the RFI. The received signal is then demodulated
using I-Ref and Q-Ref to get a measurement on how much RFI there is left in
the compensated signal. These measured values are then lowpass filtered be-
fore they are used to update the scaling factors I-Scale and Q-Scale.

VCPSu1(t)

u1(t)

u2(t)

Figure 6.3 Block diagram for 90°-phase splitter.

The 90°-phase splitter is constructed using the circuit in Figure 6.3. The Volt-
age Controlled Phase Shifter (VCPS) is used to achieve the delay of signal
u2(t). The output from the multiplier is zero if u1(t) and u2(t) are orthogonal. By
feeding this signal to the integrator the control voltage of the VCPS is adjusted
to make u1(t) and u2(t) orthogonal.
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In the simulations the delay is calculated using the auto correlation of u1(t).
This delay is then used for the whole simulation.

6.4 Clipping and Quantization model

It is not necessary to make the DMT modulation and demodulation to simulate
clipping and quantization noise if the almost Gaussian amplitude distribution
is considered. The VDSL signal can instead be replaced with white Gaussian
noise. This simplifies the simulations and makes them much faster.
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7 Simulations and results

This section contains both system simulations and smaller simulations to il-
lustrate the limitations in some of the components. All simulations have been
done in the time domain. Table 7.1 contains some of the system parameters
used in the simulations.
Table 7.1  System parameters.

Name Value Unit
Number of carriers (N) 2048 -
VDSL signal PAR 14.6 dB
Bits in ADC 12 bits
Bits in DAC 12 bits
Pulse shaping (beta) 70 Samples
Windowing (my) 70 Samples
Cyclic suffix (CS) 220 Samples
Cyclic prefix (CP) 150 Samples
Transmitted PSD mask, 997 -60 DBm/Hz
Wire model ETSI Test loop I
Wire length 1000 m
Wire impedance 135 Ω
Background noise PSD -140 DBm/Hz
Sampling frequency (fs) 44.16 MHz
Interpolation 2
Number of FEXT Generators 1

The values above give us a frame length that is 9352 samples calculated ac-
cording to (7.1). The length of one DMT-frame is 212 microseconds.

( )mybetaCPCSNlengthframe ++++= 222_ ( 7.1 )

The ETSI test loop I uses BT-dwug wire and two frequency splitters in the
wire model. The frequency splitters are used to separate the VDSL and the
telephone signals, one at each end of the wire. The cutting frequency is 600
kHz for the splitters, this results in the drop in the received signal below 600
kHz in the PSD plots in the following subsections.

The first subsection contains the system simulations. Later subsections contain
details on how the RFI affects quantization.

7.1 VDSL system simulations

In the case of VDSL frequency planes are used to specify which frequencies
that should be used for the upstream, data from customer, and downstream,
data to customer. These simulations use the 997 frequency plan shown in Fig-
ure 7.1. The frequency plan also reserves areas for ordinary telephone, ISDN
and HAM bands.
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Figure 7.1 The frequency masks for up and down frequencies in the 997 VDSL
frequency plan. The gaps are reserved for HAM-bands

For the simulations a flat PSD mask at –60 dBm/Hz was used. The first simu-
lation was done with no RFI and is shown in Figure 7.2.
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Figure 7.2  The PSD for a VDSL system using a 1km long wire. NOTE That the
curves for Transmitted, Received and FEXT are not masked according to the
frequency plan.

The solid line at –60 dBm/Hz represents the PSD mask for the transmitted
signal. The dashed line shows the attenuation of the transmitted signal by the
channel model. The dash-doted line is the near echo from the upstream. The
dotted line is the crosstalk from another VDSL system transmitting on an other
pair in the cable, this is called the Far End Cross Talk (FEXT). The solid line
at –140 dBm/Hz is the Average White Gaussian Noise (AWGN) background
noise, The simulations resulted in the following signal levels:
•  7 dBm transmitted signal.
•  -22 dBm received down signal.
•  -4 dBm near echo.
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In these simulations the return loss of the hybrid is only 11 dB the reason for
this is that the simulation uses the sampled impulse response of the ETSI test
loop I and this has a return loss of approximately 11 dB.

The rest of the simulations only show the signal and noise PSD for the down-
stream. The near echo comes from the upstream but it only affects the quanti-
zation noise and in this case it has no affect. Figure 7.3 shows the PSD for the
downstream.
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Figure 7.3 PSD for the downstream, with no RFI.

In Figure 7.3 distance between the solid and the dashed cures is the SNR. It is
also worth to note the DMT modulation results in approximately 200 carriers
for every MHz.
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Figure 7.4 PSD for the downstream with RFI, +0 dB.

In Figure 7.4 an RFI signal with a PEP of –3.7 dBm has been added. This is
called the +0 dB RFI since the difference in signal power for RFI and VDSL
signal is 0 dB. It is obvious that the SNR is affected in the area at the RFI,
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around 2 MHz. The data rate will be affected in some extent but there are still
many carriers with almost the same SNR. The curve with noise after digital
RFI cancellation shows the noise after digital RFI cancelling using the method
described in [6, 7]. The effect of the RFI is practically removed by the digital
RFI canceller. Increasing the RFI with 5 dB starts to cause problems for the
VDSL system as can be seen in Figure 7.5.
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Figure 7.5 PSD of downstream with RFI, +5 dB.

In Figure 7.5 the RFI is 5 dB larger than the VDSL signal this makes the RFI
large enough to cause clipping. This has the effect that we get a clipping noise
floor at –115 dBm/Hz. This is almost 15 dB over the noise floor in Figure 7.4
with +0 dB RFI. The figure also shows that the digital RFI canceller is capable
of removing the RFI but it is not able to fix the problem with clipping. There
still remains some SNR so it is possible to send data. Increasing the RFI by
another 5 dB raises the clipping noise floor another 20 dB to approximately –
95 dBm/Hz and with a +15dB RFI the clipping noise floor is around –80
dBm/Hz. This definitely puts an end to any high-speed data transmission.

7.1.1 The adaptive RFI canceller

In this and the following subsections we shall see how well the different
methods works for the same levels of RFI. In the case of the adaptive RFI can-
celler it is quite capable to handle large RFI. This can be seen in Figure 7.6.
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Figure 7.6 PSD of downstream with RFI, +15 dB, with adaptive RFI canceller.

The RFI is 15 dB larger than the signal but the RFI is completely removed by
the canceller. This simulation is optimistic as is does not contain any limita-
tions in the dynamics of the RFI canceller and the RFI canceller used does not
add any noise, as a real RFI canceller would do.

One of the problems with the adaptive RFI canceller is that it is sensitive to
the delay between the CM and DM signal. The reason for this is that in reality
the 90°-phase shift only works on the RFI carrier. This does not get all the
way in the case of modulated signals.
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Figure 7.7 PSD of downstream with RFI, +15 dB, with adaptive RFI canceller and a
delay between CM and DM signals of 5 samples.

Figure 7.7 shows the PSD after RFI cancellation if the delay between the CM
and DM RFI signal is 5 samples, 0.11 microseconds. Some of the RFI is not
removed just around 2 MHz. If the digital RFI canceller also is used the prob-
lem with the delay can be removed. Simulations were also done with delays of
10 and 20 samples, 0.22 and 0.44 microseconds. The result is a larger re-
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maining RFI peek if the digital RFI canceller is not used but the digital RFI
canceller was able of removing this peek in both cases.

Another important aspect of the adaptive RFI canceller is how long it takes for
it to adapt to the RFI. The following simulations give some indication of this.
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Figure 7.8 Time behaviour for power, error and weights with RFI +5dB and no delay
between the CM and DM RFI.

In Figure 7.8 the top most plot contains curves for how the total signal power
before and after the canceller change with time. In this case the signal power
before the canceller is constant while the power after it decreases as that can-
celler adapts to the correct setting. The next plot shows the errors, in-phase
and quadrature, calculated from the output signal from the canceller. The error
signal, shown in the middle plot, is used to adjust the weights, shown in the
bottom plot. In this case the in-phase weight should be 1.00 and the quadrature
weight should be 0.00. The adaption speed is slow in this case since the RFI is
small, +5dB.
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Figure 7.9 Time behaviour for power, error and weights with RFI +15dB and no
delay between the CM and DM RFI.
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If the RFI is larger the adaption will be faster as can be seen in Figure 7.9. In
this case the adaption is completed in about 2 ms, taken from the bottom plot
in Figure 7.13. This simulations does not include the real 90°-phase shift,
which also is adaptive in the real RFI canceller, but it should not take longer
than a few milliseconds. The total time for adapting would then be between
around 4 – 10 ms depending on the amplitude of the RFI.

7.1.2 The dual range ADC

The following shows the result of the simulations of the dual range ADC with
K equal to 4.0. With +0dB RFI the result is as shown in Figure 7.10.
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Figure 7.10 PSD of downstream with RFI, +0 dB, with dual range ADC.

As can be seen in the figure above some of the effects of the RFI can be re-
moved with the use of the dual range ADC and the digital RFI canceller re-
duces the effects even further. Increasing the RFI only increases the top of the
RFI and the remaining RFI after the digital RFI canceller. This is shown in
Figure 7.11 where the RFI is at +10 dB.
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Figure 7.11 PSD of downstream with RFI, +10 dB, with dual range ADC.

At the +10 dB level of RFI the noise floor between 5 and 7 MHz is a few dB
higher than in Figure 7.10. For RFI levels of +15 and higher the clipping noise
will make take over and the noise floor will rise quickly to high levels. Section
7.2 shows the RFI levels effect on the noise.

It is important to note that the dual range ADC works on a sample basis so
there is no adaption delay as in the case of the adaptive RFI canceller.

7.1.3 The adaptive dual range ADC

The following shows the result of the simulations of the adaptive dual range
ADC the par for the high range is 14.6 dB and the low range is 2.4 dB. With
+0dB RFI the result is as shown in Figure 7.12.
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Figure 7.12 PSD of downstream with RFI, +0 dB, with adaptive dual range ADC.

Figure 7.12 shows that the result is almost the same as if a dual range ADC is
used. The main difference is that the noise floor most visible between 5 and 7
MHz depends on the RFI level in the adaptive dual range solution when the
RFI increases over +10 dB. Section 7.2 shows how the RFI level affect the
noise.

The adaptive dual range ADC needs some time to adjust the attenuation when
the RFI first appears. The amount of delay that is introduced by this depends
on the algorithms for channel estimation.

7.2 The effect of RFI on the ADC

The result from simulations involving clipping depends on what type of sig-
nals that is used. In the case of RFI the amplitude distribution will affect the
result. Selecting the RFI as SSB modulation with one sinusoid we get the am-
plitude distributions shown in Figure 7.13.
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Figure 7.13 Amplitude histogram for RFI.

Adding this to the almost Gaussian VDSL signal would result in a signal that
has a large possibility of clipping. In the case where the RFI is 30 dB larger
than the normal signal (Gaussian VDSL signal) the result would look like the
one in Figure 7.14.
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Figure 7.14 Amplitude histogram for RFI + Signal, RFI PEP +30 dB larger than the
VDSL signal.

The figure shows a large RFI and it will most likely result in a large clipping
noise. If the RFI level is smaller then the expected VDSL signal the possibility
of clipping will not be affected significantly. A simulation with quantization of
an AWGN signal, 0 dBm, with added RFI of different levels is used to show
this. The level of the RFI PEP is given in relation to the AWGN signal. The
quantization is done with a 12-bit ADC designed for a PAR of 14.6 dB. Figure
7.15 shows the result of this simulation, individual curves for clipping noise
and quantization noise are included.
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Figure 7.15 Noise relative VDSL signal for fixed ADC for different RFI powers.

It is clear that the noise level is unaffected by RFI PEP up to about 5 dB. At
this point the clipping noise takes over and causes a large increase in noise for
increasing RFI. The reason that the quantization noise curve starts to drop at
20 dB is that samples that generate clipping noise does not generate quantiza-
tion noise in the used model.

If the system is designed so that the scale of the ADC is dependent on the in-
put signal the system will behave a little different as can be seen in Figure
7.16.
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Figure 7.16 Noise relative VDSL signal for adaptive ADC for different RFI powers.

In this case the quantization noise is the dominating noise, since the ADC is
designed to cause very small amounts of clipping. The increase in quantization
noise with the increase of RFI is only due to the change in range for the ADC.
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7.3 Dual range ADC

The first simulation of dual range ADC is done on the fixed range type de-
scribed in 4.4. The low range ADC is designed for a signal with 14.6 dB PAR.
The high range ADC is designed for a range that is K times larger than the low
range. In this case K could be 2, 4, 8 or 16. Since all these scaling factors can
be done with high accuracy. The PAR for the other ranges are 20.6, 26.6, 32.6
and 38.6.
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Figure 7.17 Noise relative VDSL signal as a function of RFI PEP level relative to
normal input signal level for different values of PAR for the high range ADC.

As can be seen in Figure 7.17 a larger value of K makes it possible to handle a
larger RFI, the level of the RFI given in relation to the normal signal. In the
VDSL this would be the sum of received and near echo. The drawback with
large values for K is that an ADC for a larger range generates more quantiza-
tion noise. This is especially clear when the RFI is 20 dB larger than the nor-
mal signal. The curve named “f14.6” shows the quantization noise for the one
ADC case.
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Figure 7.18 Noise relative VDSL signal as a function of RFI PEP level relative to
normal input signal level for different values of PAR for the low range ADC.

By combining the adaptive ranging with dual range we can get the result in
Figure 7.18. In this case the high range is designed for a PAR of 14.6 dB. The
low range is designed for 2.47 dB PAR. In this case the signal is attenuated
before it gets to the ADCs. It is also clear that the quantization noise will in-
crease when the RFI becomes the domination signal, this phenomenon can be
seen in the figure. But by adding the low range ADC it is still possible to get a
lower noise level.
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Figure 7.19 Comparison between fixed and adaptive dual range. Noise relative VDSL
signal as a function of RFI PEP level relative to normal input signal.

Figure 7.19 shows both types of dual range in one diagram. The curves for the
fixed solutions have names starting with a “f”, while the adaptive solutions are
named starting with an “a”. The values after the first letter are PAR values for
the ADCs in the solution.
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8 Conclusion and discussion

This thesis is the result of the investigation of how RFI affects the VDSL sys-
tem and some solutions to this problem. The RFI in it self is not a problem, it
is large amplitudes that causes problems in the form of clipping in the ADC.
Two different types of solution to the problem of clipping were investigated.
The first was to use an adaptive quadrature RFI canceller to remove the RFI
before the ADC. The second type of solutions was to extend the dynamical
range of the ADC. Two different dual range ADC solutions were investigated.

The investigation also contains measurements on how the RFI enters the
VDSL system. The coupling of RFI from an antenna to different types of
dropwires was measured. These types of measurements are very difficult to
performe at these high frequencies. Small signal levels also make it hard to
measure the phase shift in the transfer function for the signals. The measure-
ments showed that it is not possible to make one “super wide band RFI can-
celler” that would remove RFI in all HAM bands at once. It was also shown
that one could not assume that the CM and DM RFI signals on the wires are
in-phase. It is however possible to make an adaptive quadrature RFI canceller
that can remove one narrow band RFI source very successfully.

Simulations showed that all the investigated methods are likely to improve the
capability of the system to handle the RFI. They are all improved with the use
of digital RFI cancellation in the Zipper VDSL system. The best method is the
adaptive quadrature RFI canceller. However, it still needs the digital RFI can-
cellation to remove the RFI residual if there is a delay between the RFI CM
and RFI DM signal. There are a few major concerns with the quadrature RFI
canceller. The first is the need for a large dynamic range in such a construc-
tion. The second is that the multipliers in the construction will add noise to the
signals. Finally that it takes time for the adaption to complete. In the simula-
tions the adaption time for the RFI canceller was aboud 4 ms, this is much
longer than the capacity for the channel coding. It would be desired that the
adaption time could be made shorter than the 0.5 ms burst error allowed by the
channel coding. If this is possible the sudden appearance of RFI could be han-
dled by channel coding while the canceller adapts. Otherwise the canceller
adaption must be constructed in such a way that it only is allowed to adapt
while there is a RFI source present. One way to solve this is to measure the
level of the CM RFI signal and only allow adaption if over a certain level.

The dual range ADC solutions are not as good as the quadrature RFI canceller
but they are probably much cheaper. The adaptive dual range method seams
most likely to succeed due to its more graceful degradation. It would be con-
structed using a programmable attenuator to attenuate the input signal to a
suitable level for the dual rage ADC. The problem with this method is that the
rate of the change in the delay must be very slow since it affects the signal
path and the re-scaling of the data that has to be done after the ADC is more
complex.
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The number of bits mentioned in this report so far have all been true bits that
is a 12-bit ADC has been able to measure the input signal with 12-bits accu-
racy. This is usually not true for fast ADCs with many bits. Often a 12-bits
ADC that is operating at 40 Msample/sec only gives a resolution of 11-bits
since the last bit is very noisy.

8.1 Future work

In would be interesting to se how well the different methods work if they are
implemented. The two dual range methods would not require that much work.
The circuit board in the prototypes at Telia Research AB is already designed
to use two ADCs and the programmable attenuator is already in use. The
available attenuation steps probably have to be changed though. The adaptive
quadrature RFI canceller has also been tested previously, but not in a modem.
The problem in this case is how the phase shift and the amplitude scaling
should be controlled.
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Appendix A The Hybrid

The hybrid is used to separate the transmitted and received signal as much as
possible. Figure B.1 shows a principal sketch for the hybrid.

 Z1  Z1

 ZB  ZIN

 VIN VOUT  Line

 VLINE

Figure B.1 The hybrid principle.

As can be seen from the schematics the line voltage when transmitting will be:

1ZZ
Z

VV
IN

IN
OUTLINE +

= ( B.1 )

The circuit diagram also shows that the input VIN is connected a cross a bridge
consisting of Z1 and ZB in one leg and Z1 and ZIN in the other.
The cross talk from the transmitter to the receiver will be:
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If ZB is equal to ZIN this will become 0. This means that a transmitted signal
VOUT will not leaked to the input VIN.

The impedance ZIN is the line impedance that is affected by several parame-
ters, such as wire type, characteristic impedance of wire, frequency and turn
ratio for the transformer. This impedance is very complex making it practi-
cally impossible to achieve a perfect match between ZB and ZIN as described in
[24].

This mismatch will cause a leakage from VOUT to VIN and this leakage is called
near echo. The amount of near echo for a hybrid is given by the parameter
Return Loss (RL). The return loss is based on the ratio between the line level
VLINE and the measured input signal VIN during transmission.

IN

LINE

V
V

RL log20= ( B.3 )

and is about 15 dB for a modern hybrid. The hybrid shown in Figure B.1 is a
passive hybrid since it is built using transformers and passive components. A
passive hybrid causes large attenuation for both transmitted and the received
signal. Modern hybrids use active components to avoid this. The transmitted
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signal is attenuated by approximately 6 dB this is compensated in the DAC.
The received signal is attenuated by at least 3 dB due to impedance matching
and can not be compensated.
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Appendix B Quantization and Clipping

The transmitted signal in a DMT system has an approximately Gaussian am-
plitude distribution. This comes from the fact that the VDSL signal is built as
a sum of several sine waves with different frequency and random phase shift.
The amplitude distribution for single samples for such a signal is almost Gaus-
sian since the distribution of a sum of several independent random variables
approximately Gaussian according to the central limit theorem. This affects
the resulting noise from a quantizer, ADC or DAC, since no matter how the
quantizer is designed we have both quantization and clipping noise. Details on
how to calculate the quantization noise in the Zipper VDSL system can be
found in [25].

Two parameters must be selected for the quantizer. First the number of bits in
the quantizer and to select the number of bits availability and cost has to be
examined. The second parameter is the Crest Factor (CF) or its logarithmic
version Peak-to-Average power Ratio (PAR). This is used to get the full scale
of the quantizer. Both parameters affect the quantization noise but only the
Crest Factor affects the probability of clipping.

The Crest Factor is defined to be the ratio between the peek value of a signal
and its rms value.
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i x
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σ
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2

== ( B.1 )

The Peak-to-Average power Ratio (PAR) is defined to be

)log(20 CFPAR = ( B.2 )

The PAR for the VDSL signal is:

( )n
n
nPAR log10log10

2

=







= ( B.3 )

Where n is the number of used carriers. The use of many carriers would then
generate a large PAR. To quantize such a signal would require many bits in
the DAC to get low quantization noise and still be able to handle large maxi-
mum amplitudes. Designing the DAC for a maximum level lower than rms +
PAR introduces a possibility of clipping in the DAC.

The Gaussian distribution ensures that small samples are more probable than
very large samples. So designing the DAC for a signal with a smaller PAR
than the actual according to (B.3) does not necessarily cause that much clip-
ping, designing for a PAR of 15 dB makes the probability of clipping less than
10-7.
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B.1 Quantization

The quantization is effective as long as the normalised signal N(0,1) is in the
range ±CF. The probability for this is.

( ) 1)(2 −=<= CFQCFxPPQ ( B.4 )

Q is the error function:

( ) ( )xXPxQ ≤= ( B.5 )

The quantization noise is rectangular between ±½ quantization step in its dis-
tribution. This makes it possible to calculate the quantization noise according
to the formula.
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To get the Signal to Quantizaion Noise Ratio (SQNR) for a normalised signal
with an n-bit DAC designed for a signal with a PAR different from 0. The
following equation can be used:

PARnSQNR
Q

−+=









= 8.46*1log10 2σ

( B.7 )

B.2 Clipping

The clipping happens if the signal is outside the range ±CF. The probability
for this is.

( ) ( )CFQCFxPPC 22 −=>= ( B.8 )

The probability of clipping for some crest factors can be seen in Table B.1.
Table B.1 Relation between crest factor, PAR and probability of clipping.

Crest factor PAR (dB) Probability of clipping
1.00 0.0 0.32
1.64 4.3 10-1

2.57 8.2 10-2

3.29 10.3 10-3

3.89 11.5 10-4

5.35 14.6 10-7

The clipping noise is not rectangular it is distribution. The shape is taken from
the tails of the normal distribution. So it would be more accurate to described
it as the sum of two exponentials, one positive and one negative. The clipping
noise can be calculated using the formula.
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This integral is hard to solve analytically so simulations have been used to
calculate approximations in the following subsections.

B.3 Clipping and Quantization

In Figure B.1 the clipping noise and quantization noise for different number of
bits are shown as a function of the PAR the system has been designed for.
Here it is quite clear that the quantization increases with the PAR and de-
creases by the number of bits, While the clipping noise only depends on the
PAR. The clipping noise decreases as the PAR increases.
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Figure B.1 Expected clip noise as a function of PAR and expected quantization noise
as a function of PAR for different number of bits in DAC.

A simulation to get the total effect of clipping and quantization noise for dif-
ferent PAR was made. In this simulation the DMT signal is generated for
50 frames and then quantized with a DAC. The clipping and quantization
noise can then be calculated from the difference between original signal and
quantized signal. The result of the simulation is shown in Figure B.2.
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Figure B.2 Clipping and quantization noise as a function of DAC bits for different
values of PAR.

The conclusion from the diagram in Figure B.2 is that for the small values of
PAR the limiting factor is the clipping noise. This can be seen as the noise
curve levels out after a certain number of bits. This is caused by the fact that
the quantization noise gets smaller than the clipping noise.
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Appendix C Network Analyser

The network analyser is an instrument that is capable of measuring the ampli-
tude and the phase of two signals with regard to a reference signal. The meas-
urements are done using quadrature measurement and it is possible to select
the measurement bandwidth. A narrow bandwidth requires a long measure-
ment time so it is possible to trade accuracy for speed. The detectors are very
sensitive and this makes it possible to measure very small signals.

C.1 Measurement principle

In Figure C.1 There is a principal figure for a network analyser.

OSC

Amplifier

Demodulator
A

DUT
Demodulator

B

LPF

LPF

A_I

A_Q

B_I

B_Q

Figure C.1  Network Analyser measureing principle

The network measures the transfer function for the Device Under Test (DUT)
at a number of frequencies, the number of points can be selected by the user.
The oscillator signal is amplified to a specified level and sent to the DUT. The
block between the amplifier and the DUT makes it possible to measure the
reflected power from the DUT this measures the impedance matching between
the amplifier and the DUT. The output signal from the DUT is also demodu-
lated and filtered using low pass filters. The demodulator is capable of finding
both the in-phase and the quadrature component of the measured signal mak-
ing it possible to calculate the phase shift.

C.2 S parameters

S-parameters are used to characterise a two port. There are also other ways
like H, Y and Z parameters. The advantage with S-parameters is that it is eas-
ier to measure these at high frequencies. The two important S-parameters for
this thesis are presented in the following subsections more information can be
found in [26].

C.2.1 S11

In the case of S11 the amount of reflection is measured from the DUT. Is done
by calculating the relation between the reflected power and the transmitted
signal according to.
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R
AS =11 ( C.1 )

If the impedance of the amplifier and the DUT match this value will be zero.
The phase of this value makes it possible to calculate the actual input imped-
ance of the DUT.

C.2.2 S21

The S21 parameter is what is commonly refereed to as the transfer function of
the DUT. It is calculated as the relation between the passed signal and the ref-
erence signal according to.

R
BS =21 ( C.2 )

It tells us how a signal is affected by the DUT, both the changes in amplitude
and delay.

C.3 Calibration

When performing measurements with network analysers calibration is a major
concern to get reliable results. In this case a “one way two port” calibration
was used. It is done as follows: first the instrument measures on port A with
three different loads. Then two measurements on a short coaxial cable between
port A and B are made. The different circuit diagrams are shown in Figure
C.2.
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Figure C.2 Connections used during calibration.
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