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Against Contract: 830000084 
 

Summary 

This study was commissioned by Ofcom to ascertain whether improvements in spectrum efficiency could be achieved 
through the application of Interference Cancellation (IC) techniques to wireless systems. It was the aim of the study to 
identify practical examples where IC could be used to improve spectral efficiency within UK deployments, and to 
identify ways in which Ofcom could promote and encourage the use of IC techniques. 

This document is Volume 2 of the main report and contains Appendices H – R with the detailed results of the literature 
search undertaken by the project team during the initial phase of the study. This consists of; 

• Interference Cancellation Techniques (Appendices H – O) 

• Applications of Interference Cancellation Techniques (Appendix P) 

• Definition of Candidate Scenarios (Appendix Q) 

• References pertaining to this volume of the main report (Appendix R) 
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APPENDIX H FILTER BASED 

H.1 INTRODUCTION 

Filter based methods synthesise a filter that provides a desired frequency response function. While nonlinear filter 
structures are possible, this section focuses on linear approaches as nonlinear methods are discussed elsewhere 
(e.g. see Neural Networks, Appendix L). The optimum filter, as derived by Wiener, is based on prior knowledge of the 
spectrum of the wanted and interfering signals. The filter enhances regions of the spectrum with high SNR and 
suppresses those with low SNR. In many applications the assumption that noise is additive white Gaussian noise 
(AWGN) is made, and a matched filter is consequently derived.  

In this section linear filtering based on a transversal filter as shown in Figure 1 is considered. 

 

 

Figure 1 Transversal Filter 

Random sequences will be denoted by capital letters such as X for the input to a filter and Y for the output. The actual 
input applied to a practical filter is, of course, a sequence of voltage levels (numbers). Given that ( )nXX =  is a 

random sequence with random value nX  at discrete time n, a realization of X will be denoted by x. This notation 

makes an explicit distinction between the random sequence ( )K,, 10 XXX =  used to obtain probabilities and 

realizations ( ) ( )( )K,1,0 xxx =  of the random sequence which represent actual signals. Unless stated otherwise, 

the term stationary will henceforth mean stationary in the wide sense or equivalently stationary to the second order. 

The adaptive filters addressed in this section consist of a transversal filter whose weights are adjusted by means of an 
adaptive algorithm. Two adaptive filter structures will be described; the prediction error filter and the linearly 
constrained minimum variance filter. These require knowledge of the signal characteristics to derive the weight 
vectors. In practice these are not completely known and therefore estimates are required.  

The transversal filter ( )10 ,, −= Nww Kw  of order N that minimizes the mean square error ( ) 2
nn XDE ∗− w  

is the solution of the Wiener-Hopf equations  
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L

LLL
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L

 

 Equation 1 

 

where ( ) ( )∗
−= knnX XXEkR  and ( ) ( )*

knnDX XDEkR −= . 

The system Equation 1 can be written in matrix form as: 

1−z 1−z1−z

0w 1w sw2w

nX

nY
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pRw =  

 Equation 2 

where 
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 Equation 3 

 

The matrix R is Hermitian and positive semidefinite. The assumption that R is positive definite is reasonable and 
ensures that Equation 2 has a unique solution. 

H.2 LINEAR PREDICTION 

Linear prediction is one method that has been applied with some success to the problem of IC. Let ( )nXX =  be a 

zero-mean stationary random signal, s be a non-negative integer and r be an integer. Then there exists a sequence of 
scalars saa ,,0 K  that minimizes: 

( ) 2
110 snsnnrn XaXaXaXE −−+ +++− L

 

 Equation 4 

The random value snsnn XaXaXa −− +++ L110  is called the minimum mean square linear predictor of rnX +  

given snn XX −,,K  and denoted by: 

( )snnrn XXX −+ ,,|ˆ K  

 Equation 5 

Defining R as in Equation 3 with 1+= sN  and ( ) ( )( )srRrR XX += ,,col Kp , the coefficients 

( )saa ,,col 0 K=a  satisfy the matrix equation pRa = . The solution is unique if R is positive definite. 

Although the term prediction is used, no specific restriction has been placed on the value of r. Very often, 1=r  in 
which case the problem is referred to as one-step prediction. There are applications that use 0<r . The terms 
forward linear prediction (FLP) and backward linear prediction (BLP) refer to positive and negative values of r 
respectively. 

The matrix formulation of the linear prediction problem is identical to that of an Nth order Wiener filter. It can be seen 
from the definition of p that the reference signal is effectively a shifted version of X. This means that the framework of 
linear prediction is suited to the implementation of blind adaptive filters. A linear predictor is shown in Figure 2 and a 
closely related structure, the prediction-error filter, is portrayed in Figure 3. 
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Figure 2 Linear Predictor 

 

Figure 3 Prediction-Error Filter 

IC employing a prediction error filter has been studied with a view to removing frequency localized interference (FLI) 
from a DS/SS signal [i], [ii]. A common argument is that future values of a DS/SS signal are uncorrelated with past 
values whilst the interference, being a somewhat deterministic process, exhibits correlation between past and future 
values. It is inferred from this that a prediction-error filter applied to the chip sequence (before correlation with the PN 

code) will remove the interference without introducing much distortion. In this approach, only the received signal nX
 

is used to predict the interference. 

Proakis [ii] suggests the number of taps in the filter should be about four times the number of interference bands for 
adequate suppression. 

While suppressing interference, the filter also distorts the desired signal [ii]. Consequently, improvement is obtained 
for moderate to high levels of interference but the spread spectrum signal, which is not truly white (uncorrelated), is 
distorted by the prediction-error filter. Thus, if the interference falls below a certain threshold, the signal is actually 
degraded.  

Summary:  In summary, the prediction-error filter is suitable for suppressing FLI in a DS/SS signal. The technique is 
effective at moderate to high JSR but distorts the desired signal at low JSR. For N filter weights, the algorithm 
requires approximately ( )NAN +2  flops per chip where ( )NA  is the number of flops required by the adaptive 

algorithm (if used). 

H.3 LINEAR CONSTRAINTS 

A linearly constrained minimum variance (LCMV) filter is designed to minimize the output power (variance) subject to 
a set of linear constraints on the filter weights. A well known example is beamforming in which filter weights are 
associated with sensors in an array. The task of signal processing in this context is to extract the signal arriving from a 
particular direction. Making use of the fact that the time difference of arrival between adjacent sensors depends on the 
direction of the incoming signal, the beamformer adjusts its weights so that the signal in one particular direction is 
passed with unity gain while signals arriving from other directions are attenuated. This principle amounts to minimizing 
the output power from the sensor array subject to the constraint that the targeted signal is passed with unity gain. 
Alternative constraints (e.g. correlation, energy) are investigated in [iii]. 

A set of 11 −≤≤ NL  constraints on the weights ( )10 ,,col −= Nww Kw  of a transversal filter can be 

represented by a matrix equation: 

1−z 1−z1−z

0a 1a sa2a

nX

rnX +
ˆ

1−znX
nX̂one step linear predictor 

nn XX ˆ−
-
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gCw =  

 Equation 6 

where C is an NL×  matrix called the constraint matrix and g is an 1×L  vector called the gain vector. So that 
Equation 6 represents L independent constraints, the rows of C must be linearly independent. Under this condition, 
Equation 6 is equivalent to the system of linear equations: 

111,111,100,1

111,111,100,1

011,011,000,0

−−−−−−

−−

−−

=+++

=+++

=+++

LNNLLL

NN

NN

gwcwcwc

gwcwcwc
gwcwcwc

L

LLLL

L

L

 

 Equation 7 

which has a solution space of the form 0wV +  where V is an LN −  dimensional linear subspace of the 

N-dimensional complex numbers and 0w  is a particular solution of Equation 6. A schematic representation of this 

filtering problem is shown in Figure 4. 

 

Figure 4 Linearly Constrained Filter 

This technique is based on constrained optimization. The filter weights are optimized subject to specific constraints. 
There are several different directions for further exploration. Obviously other constraints are possible. For a non-
stationary channel, time-varying constraints are desirable. One of the limitations of simple IC techniques is the 
underlying assumption of an AWGN channel. The correlation constraint above can be formulated exactly for an ideal 
channel but the implications of a time-variant channel impulse response have not been explored. 

An example of a blind constraint for PSK and FM signals is the constant modulus constraint. A slightly more elaborate 
example, possibly novel, is what may be called a ratiometric constraint. A QAM baseband pulse is invariant up to a 
constant factor. The ratio of amplitudes at different points along the pulse is determined by the choice of pulse 
shaping function. 

Summary:  The main points of the technique are as follows: 

• Suitable for suppressing FLI in DS/SS modulation 

• Better than a prediction-error filter with appropriately chosen constraints 

• Correlation constraint better than an energy constraint 

• Requires approximately ( ) ( )NANN c ++12  flops where N is the number of filter weights, cN  is the 

number of constraints and ( )NA  is the number of flops required for the adaptive algorithm 

constraints 
gCw =  

transversal filter 
( )sww ,,0 K=w  

random input 
nX  

output 
nY  
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H.4 ADAPTIVE ALGORITHMS 

While the Wiener filter may exist as a theoretical optimum at any given point in time, the covariance functions that 
define it are not generally known a priori. The task of an adaptive algorithm is to maintain close to optimum filter 
weights on the basis of the received signal and possibly other information. The best known methods for adaptive 
linear filters are the least mean square (LMS) algorithm and recursive least squares (RLS) algorithms. 

The LMS algorithm has the virtues of simplicity, low computational complexity, numerical stability and fair tracking 
performance [iv]. It is based on the class of steepest descent algorithms, where the gradient of the error surface is 
assumed to be known. Rather than calculating the gradient function, an approximation is used instead. Its main 
disadvantage, as compared with RLS algorithms, is a slow rate of convergence. The most obvious advantage of RLS 
algorithms over the LMS algorithm is their faster rate of convergence. The price paid for this includes higher 
computational complexity, numerical instability, model dependence and impaired tracking performance depending on 
which member of the family of RLS algorithms is employed for what application. 

The LMS algorithm is satisfactory for initial comparison of different approaches to linear IC. Once a given scheme has 
been identified through simulations and comparative evaluation as worthy of refinement, then it can be investigated 
what improvement can be achieved with other adaptive algorithms. On the other hand, if a particular scheme shows 
no promise when the LMS is employed to update the filter weights, another adaptive algorithm is unlikely to “rescue” 
the scheme. This assumes the rate of statistical variation in the data used for simulations is sufficiently slow for the 
LMS algorithm to track changes but then any other practical algorithm is also subject to this requirement. 
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APPENDIX I TRANSFORM METHODS 

I.1 INTRODUCTION 

It is well known that a signal can be analysed and processed by decomposing it into frequency domain components. 
For some operations processing in the frequency domain can be more efficient. Frequency domain processing is 
therefore an alternative approach IC technique to time domain techniques, as will be shown in this appendix. In fact, 
the Fourier transform as a means to represent a signal in a different basis is not the only transform that can be used.  

A number of other transforms are widely used and each has its own particular merits. The transform appropriate for a 
given application depends on the demands and constraints presented by that application, such as the signal type and 
features to be identified, computational complexity and so on. The established signal decomposition techniques fall 
into a number of categories [v]; block transforms, filter banks and wavelets. 

Once in the transform domain, appropriate processing for IC can be applied. Although there is a wide variety of 
transforms available, the concept underlying transform-based IC is the same, see Figure 5. The (analysis) transform 
should separate the wanted and interfering signals in the new basis such that removal of a subset of the transform 
components leaves either the wanted or interfering signals, with minimal distortion. The inverse (synthesis) transform 
will leave either the wanted signal or the interfering signal, which can then be subtracted from the received signal. 
This process is commonly known as excision, and IC is achieved with a combination of a transformation and excision 
process. The chosen combination is most effective when it is chosen using knowledge of the wanted and interfering 
signals, such that the signals are maximally separated in the transform domain.  

 

Figure 5 Transform Space Processing 

Where is it known a priori that the one of the signals is constrained to one or few of the transform components, then 
more efficient implementations are possible since a complete analysis transformation is not required.  

I.2 BLOCK TRANSFORMS 

As the name suggests, a block transform maps successive N-sample blocks of a discrete-time signal into the 
transform space. Frequently encountered block transforms include the discrete Fourier transform, discrete cosine 
transform and the Karhunen-Loeve transform.  

As suggested by Figure 5, it should be possible to recover the original signal after decomposition since processing 
need not modify every block of input samples.  This means the transform should be non-singular. The preservation of 
energy is also desirable. These two conditions are satisfied by the class of unitary transforms. 

The Karhunen-Loeve transform (KLT), when matched to a wide sense stationary signal, is optimal in the following 
sense: 

• The transform components of a block are completely uncorrelated 

• The total energy contained in an input block of N samples is redistributed in such a way that for each 
NL <≤1 , the energy expected in the first L spectral components is the maximum for all unitary 

transforms 

analysis 
section 

synthesis 
section process 
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Another way of expressing the preceding characterization is that the KLT has the maximum decorrelation efficiency 
and the maximum energy compaction efficiency over all unitary transforms.   

The KLT is a computationally intensive problem which involves the determination of eigenvalues. This does not 
present such a great problem if the signal statistics are fixed since the KLT can then be computed off-line only once 
and for all.  When the statistics of the signal vary over time as in mobile communications, the KLT must be computed 
adaptively and this becomes prohibitively costly unless the block size is kept small or the statistical variations are 
sufficiently slow. The KLT is nevertheless useful as a theoretical optimum against which other transforms can be 
compared. 

The discrete cosine transform (DCT) is widely used in speech and image processing because it closely approximates 
the KLT for highly correlated signals and fast algorithms are available for its computation. The DCT is near optimal 
(close to the KLT) for highly correlated signals encountered in practice [v].  

A related transform is the discrete sine transform (DST). This is appropriate for coding signals with low or negative 
correlation. By negative correlation, it is meant that the covariance between successive samples is negative. Both the 
DCT and the DST have real coefficients and are therefore suited to real signals. On the other hand, the DFT is strictly 
complex. 

I.3 TIME-FREQUENCY ANALYSIS 

Time-frequency representations (TFRs) describe signals in terms of their joint time and frequency content [vi]. These 
representations are useful for analysing signals with both time and frequency variations, such as speech, music and 
certain propagating waves. Time-frequency analysis is particularly useful for analysing signals with continuously 
varying frequency content. Interfering signals superimposed on a wanted communication signal, in many cases, 
cannot be sufficiently well removed using purely time or frequency based processing. If the signals present have 
different time-frequency characteristics, then it may be possible to separate them based on a TFR analysis. TFR can 
be classified based on the manner in which the TFR, Tx(f,t) depends upon the signal x(t). This dependence may be 
linear, quadratic (or bilinear) or non-linear, with the first two cases being the most popular. 

Traditionally, the term time-frequency analysis refers to the use of a short-time Fourier transform (STFT).  
Mathematically the true Fourier transform often does not exist, particularly for non-stationary communications signals, 
but approximations can be made that are adequate for most purposes. It is therefore a temporary spectrum that is 
needed rather than a spectrum for the entire signal. 

A simple way of modifying the Fourier transform is by using a window function.  This is a function w that either 
vanishes outside a finite interval or, like the Gaussian function, has nearly all its energy concentrated in a finite 
interval. Given a signal x and a window w the short time Fourier transform (STFT) is given by: 

∫
∞

∞−

π−τ−=τ dtetwtxfxF ft
w

2)()(),]([
 

 Equation 8 

Good time resolution requires a short window w(τ-t). On the other hand good frequency resolution requires narrow 
band analysis filters, and thus a long analysis window. Unfortunately, the uncertainty principle prohibits the existence 
of windows with arbitrarily small bandwidth and arbitrary short duration. Hence, the joint time-frequency resolution of 
the STFT is inherently limited. Gabor found that Gaussian signals achieve minimum time-frequency uncertainty, which 
implies they are the closest approximation to an impulse in time-frequency. It is suggested that Gaussian functions 
are the best window for the STFT, in the absence of a priori information.  

It is found that the window used greatly affects the output of the STFT. Research into optimal window functions has 
been carried out, and the most effective use knowledge of the signal being analysed [vii,viii]. Consequently, matched 
windows, analagous to matched filters are considered to be most effective. These work well with only a single signal 
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present, but when there are multiple signals present, while the matched signal gives a well localised TFR, the other 
signal is less well localised, and creates interference. 

When the signals are not known a priori, adaptive windows have been used, that typically adjust the Gaussian 
window properties as a function of frequency. The basic idea behind the adaptive TFR is that extra degrees of 
freedom can improve the performance over that of a fixed-filter STFT. 

Although linearity of a TFR is a desirable property, the quadratic structure of a TFR is an intuitively reasonable 
assumption when we want to interpret a TFR as a time-frequency energy distribution (or ‘instantaneous power 
spectrum’). Two prominent examples are the spectrogram and the scaleogram, defined as the square magnitudes of 
the STFT and WT. 

There are, however, many other quadratic (or bilinear) TFRs in common use. Cohen [vi] proposed a generalised 
formula for a class of bilinear distributions. Each distribution in Cohen’s class can be interpreted as the two 
dimensional FT of a weighted version of the symmetric ambiguity function (AF) of the signal to be analysed. If P(t,ω) 
is a bilinear TFR then this is: 

∫ ∫
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 Equation 10 

The weighting function Φ(θ,τ) is called the kernel of the distribution. The properties of a particular TFR are completely 
determined by its kernel function via Equation 9). Some examples are given in Table 1. 

Distribution Kernel Φ(θ,τ) 
Wigner 1 

Choi-Williams ( )στϑ /22−e  

Spectrogram 
dtetwtw tjϑττ −

∞

∞−
∫ ⎟

⎠
⎞

⎜
⎝
⎛ +⎟

⎠
⎞

⎜
⎝
⎛ −

22
*  

Table 1 Kernel Functions for TFRs 

Unfortunately, when there are multiple signals present, or signals that are combinations of simpler signals, the 
inherent bilinear structure causes undesirable interfering cross terms. These cross terms could become troublesome 
when one wishes to use time-frequency features for pattern recognition and classification. Many different 
combinations of auto-terms (from the individual signal components) and cross-terms (from the interaction of signal 
components within the bilinear transformation) may occur. Cross-terms may obscure auto-terms. The amount and 
shape of this interference are directly related to the kernel function [ix]. The Wigner distribution (WD) has particularly 
high levels of cross-terms, and the Choi-Williams distribution (CWD) is a popular alternative with much reduced cross-
term levels. 
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A fixed kernel results in good performance only for certain configurations of the AF cross and auto-components, and 
thus only for a limited class of signals. For example, the CWD has poor resolution of frequency component with 
continuously time varying frequency content (such as frequency modulation). Signal dependant (or adaptive) TFRs 
are promising methods to solve the problem [vii,viii].  

The use of time-varying kernels that match the signal properties can also aid signal recovery. A common example is 
the time variant cyclic periodogram [x]: 

∫
∞

∞−

−= ττ τπαα detRftS fj
xx
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 Equation 11 

where α is the cyclic frequency, and the time variant cyclic correlogram is given by:  
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 Equation 12 

Signal interception and classification is improved by exploiting the inherent cyclostationary behaviour of modulated 
communication signals. Gardner [x] shows that the symmetric ambiguity function, cyclic periodogram and the Wigner 
distribution are related via Fourier transform processes. Separation based on cyclostationarity is discussed further in 
Appendix K of this document. 

Time-frequency analysis is potentially a powerful method for signal separation. The success will depend upon finding 
suitable TFRs that allow signals to be readily distinguished. It is accepted that the ‘best’ distributions are ‘data’ 
adaptive, such that they match the incoming signals. While such approaches have been applied with success to 
single signal classification problems, there has been less success in solving the communications signal separation 
problem. 

I.4 WAVELET TRANSFORMS 

Wavelets emerged in the late 1980s as a powerful new tool for signal processing. An improvement over the Fourier 
transform is made possible by replacing the fixed time-frequency window of the STFT by a window that can change 
shape.  The uncertainty principle Aft ≥ΔΔ   indicates that the area A of the time-frequency window must remain 

fixed.  For the STFT, the time width tΔ  is fixed by the choice of window function w.  The kernel function 
ftetw π−τ− 2)(  is basically an oscillatory function with limited duration, a wave packet.  The continuous wavelet 

transform (CWT) of a signal x with respect to a wavelet ψ  is defined by: 
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 Equation 13 

The parameter a corresponds to frequency in the Fourier transform. The parameter b serves to position abψ  on the 

time axis.  This results in a time-frequency window of fixed area but variable shape as shown in Figure 6. 
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Figure 6 Time-Frequency Windows of STFT and CWT 

Wavelet transforms are invertible, allowing complete recovery of a signal from its wavelet transform. Although the 
CWT was used to contrast wavelet transforms with the Fourier transform, discrete wavelet transforms (DWTs) are 
used for DSP. Many different wavelets have been discovered and each defines a different wavelet transform. While 
large classes of wavelets have certain formal properties in common, applications can be “tweaked” by experimenting 
with different wavelets. Among those applications of wavelets that have received most attention are digital filters and 
filter banks, data compression, de-noising, image coding and numerical solution of partial differential equations. 

I.5 FILTER BANKS AND SUB-BAND TRANSFORMS 

A filter bank splits a signal into two or more sub-bands. This can be done with a DFT in which case a sub-band 
corresponds to a range of frequencies within the signal bandwidth. The sub-bands never have abrupt edges. Two 
major aspects of the related theory of sub-band transforms are the spectral shaping of the sub-bands and how to 
achieve the perfect reconstruction property, i.e. the class of sub-band transforms that allow the signal to be perfectly 
reconstructed from its sub-band decomposition. Sub-band transforms are addressed in both [v] and [xi]. Two-channel 
filter banks are used to implement a discrete wavelet transform. The filter coefficients are determined by the wavelet 
and the closely related scaling-function. The wavelet coefficients form the impulse response of a high pass filter while 
the coefficients of the scaling function define the low pass filter. 

I.6 EXCISION PROCESSING 

Given a transform representation, decisions on which components (sub-bands) to be excised are required. 

A common approach is to define a threshold based on the average power in the sub-bands, and then excise all sub-
bands whose power exceeds this value. This is easily applied to removing OFDM sub-carriers in the presence of 
narrowband interference [xii]. Ranheim presents a thresholding scheme which is applied to excising FLI from a DS/SS 
system in [xiii].  

For low interference power, the best performance is achieved when the interference frequency falls well inside one of 
the sub-bands so that only this sub-band is excised. For high interference power, there might be an advantage in 
excising two or three adjacent sub-bands so as to position a deep null near the jamming frequency. This is a 
particular issue in OFDM where the interfering signal is large so that spectral leakage can affect a large number of 
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carriers. To solve this issue the narrow band interference into each sub-carrier is adaptively estimated and removed 
[xiv] and interference suppression by up to 20dB has been demonstrated. Some solutions require null sub-carriers for 
the adaptation processing [xv], and most demonstrations have only been applied to xDSL technologies.  

I.7 ADAPTIVE TIME-FREQUENCY EXCISER 

Akansu and Tazebay describe what they call an adaptive time-frequency (ATF) exciser in [xvi] and compare its 
performance with other transform and filter bank excisers. A summary of this research also appears in [xvii].  The ATF 
exciser examines the received signal in both the time and frequency domains.  Interference which is localized in time 
or frequency is then suppressed in the proper domain.  The ATF uses an adaptive sub-band transform to locate 
spectral regions of high power concentration and nulls one or more sub-bands if a high level of frequency localized 
interference is present. 

In order to excise FLI with minimum distortion to the desired signal, high spectral resolution is needed in the vicinity of 
the interference but the resolution elsewhere is unimportant.  Figure 7 shows the principle of an adaptive sub-band 
transform.  The entire signal is first split into three equal sub-bands, 1, 2 and 3.  It is found that the middle sub-band 
contains a high proportion of the total energy so this sub-band is subdivided again into 4 and 5.  It turns out that 4 
contains more energy so this sub-band is split again into 6, 7 and 8.  The spectral resolution in the region of the FLI is 

18π  compared with 8π  if uniform resolution with the same number of sub-bands had been used. 

 

Figure 7 Tree Structuring Algorithm 

Figure 7 also shows the corresponding sub-band tree.  At each stage of decomposition, an energy compaction 
measure is used to decide if further decomposition is needed and if so, which nodes (sub-bands) are to become 
parents of new child nodes.  The logical framework for this procedure is called a tree structuring algorithm (TSA).  The 
fact that the TSA terminates those branches that do not contain relevant information (a high concentration of energy) 
is aptly referred to as pruning the tree. 

The ATF exciser is described in [xvi].  Processing in the time domain entails counting the number of samples, M, in a 
block that exceed a predetermined threshold and nulling these samples if M is less than some constant value M0. 

One shortcoming of fixed excisers (fixed transforms and filter bank structures) is the fixed frequency resolution. Such 
an exciser performs best if FLI falls well inside one of the sub-bands. On the other hand, performance is impaired 
when FLI falls near the edge of a sub-band or between two sub-bands. This explains why the ATF outperforms the 
other fixed excisers in the case of frequency-localized interference. 

I.8 CHIRPLETS 

A windowed Fourier transform gives rise to a tiling of the time-frequency plane in which the tiles (windows) are of fixed 
shape. The tiling of the time-frequency plane arising from a wavelet is different. The window still has a fixed area but 
adjusts so that its time width is greater at low frequencies. These tilings are shown in parts (a) and (b) of Figure 8. 
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The smallest area that a time-frequency window can have is governed by the uncertainty principle. Consequently, this 
area is fixed by the choice of window function or wavelet. However, there is no fundamental reason why the shape of 
the window should be fixed.  In fact chirplets are a recent addition to the complement of signal processing tools that 
provide greater flexibility in the choice of time-frequency windows. As indicated in Figure 8 (c), a chirplet can be 
thought of as a four parameter time-frequency atom. Wavelets and windowed Fourier transforms provide two 

parameter time-frequency atoms. These parameters are the time and frequency coordinates ( )00 , ft  at the centre of 
the window. A chirplet has two additional parameters. One of these additional parameters determines the length/width 
ratio of the chirplet and the other determines its orientation. These parameters are denoted by λ and α respectively in 
Figure 8 (c). 

 

Figure 8 Different Tilings of the Time-Frequency Plane 

With fixed α and λ, a chirplet can be used to tile the time-frequency plane as shown in Figure 8 (d). If α and λ are 
allowed to vary then a curve in the time-frequency plane can be covered in many different ways. A Gaussian window 
is often used because of its minimum area property in the time-frequency plane. A detailed discussion of chirplets can 
be found in [xviii]. 
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Akansu and Bultan present an exciser based on chirplets in [xix]. The power of a DS/SS signal, which has noise-like 
properties, is broadly distributed across a wide range of frequencies. On the other hand, a chirp-like signal has its 
energy concentrated in a comparatively narrow band of the time-frequency plane. This suggests the use of chirplets 
to approximate a jamming signal. 

The technique described in [xix] uses the method of matching pursuits to approximate the jamming signal by a finite 
sum of time-frequency atoms (chirplets). The approximation is then subtracted from the received signal. As might be 
expected, performance is good for chirped interference. 

I.9 SUMMARY 

A number of transforms and excisers have been presented. These work well when the chosen transform can separate 
the wanted and interfering signals into distinct transform components (or with a small overlap). This requirement 
means that IC based on transforms can be applied to signals with dissimilar waveforms. However, where the co-
channel waveforms are similar or of the same type, transform methods are unlikely to be effective. 
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APPENDIX J JOINT DETECTION / MULTI-USER DETECTION 

J.1 BACKGROUND 

Where the wanted and interfering signals are of the same type, transform and conventional filter techniques will be 
ineffective. In this situation alternative distinguishing characteristics are required. It is then possible to jointly detect 
wanted and interfering signals, which will result in improved performance for the wanted signal. An example is using 
independence between channel impulse responses, however, such independence cannot always be guaranteed, 
such as in line of sight conditions. More commonly, a unique signature waveform is assigned to each user to facilitate 
signal separation. In this way code division multiple access (CDMA) methods inherently let different users share the 
same spectrum.  

In order to maximise performance, receiver processing that exploits the characteristics of the interfering signals, joint 
detection, is used. Joint Detection, or Multi-user Detection as it is often referred to, can be applied to single carrier 
TDMA systems (for example [xx]) or spread spectrum CDMA systems (for example [xxi]) or OFDM systems (for 
example [xxii]). 

Multiuser detection is the study of receiver structures for multiuser communications, such as systems is based on 
code division multiple access (CDMA) in which users are separated by code. This means that each user has a distinct 
signature waveform, typically defined by a time domain spreading sequence or frequency hopping sequence. The 
central problem of multiuser detection is the recovery of individual signals from the coded multiplex. 

The effectiveness of this processing depends on the orthogonality of the signature sequences at the receiver. 
Recovery of signals belonging to individual users is straightforward for the case of orthogonal signature waveforms 
since these have zero cross-correlation. The signature waveforms are designed to have low cross-correlations, 
irrespective of time alignment. Since these cross-correlations are non-zero, the base station receiver has to extract 
each user's signal from the non-orthogonal multiplex. Similarly, if the downlink is non-orthogonal, the mobile receiver 
has to recover its signal form the non-orthogonal multiplex. From the viewpoint of a given user, the part of the signal 
multiplex arising from other users that is correlated with his/her signal is a form of interference called multiple access 
interference (MAI). The conventional receiver applies a dispreading process to recover the signal in the presence of 
the other users, but this ignores the characteristics of the other signals and is therefore suboptimum. 

For single carrier non-CDMA applications the Joint-Detection decision feedback equaliser [xxiii] is an example, with 
complexity proportional to the square of the number of interfering signals.  Alternatively, a maximum likelihood 
approach has been derived by [xx] that relies on independence of data and channel impulse response to separate co-
channel interference. 

Arslan [xxiv] describes successive cancellation of co-channel signals in the context of TDMA mobile radio systems 
employing coherent receivers. Both symbol aligned and misaligned co-channel signals are studied. Signal 
separability, a major problem in successive cancellation of co-channel signals, is obtained using the relative timing 
delay between co-channel signals. Performance scales with timing offset. 

J.2 THE OPTIMUM DETECTOR 

The optimum multiuser detector is defined as the one that selects the most probable data vector on the basis of the 
observation vector and the statistics of the channel. For k users, the optimum detector (synchronous case) calculates 

the correlation metric for each of the 
K2  possible data vectors and decides on the data vector with the largest 

correlation metric [xxv]. The optimum detector is therefore exponentially complex in the number K of users, i.e. has 

( )kO 2  complexity. This complexity grows exponentially further when timing information is initially unknown 

(asynchronous case). 
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The optimum detector requires the following information: 

• The timing of all users 

• The amplitude with which each user's signal is received 

• The signature sequences of all users 

J.3 SUBOPTIMAL DETECTORS 

The optimum detector is too complex to implement for a large number of users. This has motivated the development 
of various suboptimal detectors that are linearly complex in the number of users, i.e. have ( )KO  complexity. The 

three standard examples are the conventional detector, the decorrelating detector and the minimum mean square 
error detector, described in the following three sections. 

J.4 CONVENTIONAL DETECTOR 

The conventional detector is shown in Figure 9. It takes the output kr  from the filter matched to the kth user's 
signature waveform and decides upon: 
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 Equation 14 

for the kth user's bit. In effect, the conventional detector ignores multiple access interference. In the special case of 
synchronous transmission with orthogonal signature waveforms, there is no multiple access interference and the 
conventional detector is optimal. In the more usual case of non-orthogonal signature waveforms, multiple access 
interference depends on the power levels of interferers relative to the user of interest. This is known as the near far 
problem and necessitates power control if the conventional detector is to be employed in the base station receiver. 

 

Figure 9 Conventional Detector 

J.5 DECORRELATING DETECTOR 

The decorrelating detector or decorrelator applies the inverse of the signal correlation matrix ( -1
sR ) to the received 

vector (x): 
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 Equation 15 
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The linear transform -1
sR  removes the multiple access interference components by eliminating the cross-correlation 

terms. Note that the amplitude factor ka  is positive. The decorrelating detector then forms the estimate of the 

transmitted data: 

( ) ( ) ( )( )Kyy sgn,,sgncolsgnˆ
1 K== yb  

 Equation 16 

 

The decorrelating detector has ( )KO  complexity and requires the following information: 

• Signature sequence of each user 

• Timing of each user 

Since the estimate b̂  is independent of the signal amplitudes ka , the decorrelator is near far resistant, i.e. 

unaffected by changes in relative power levels of the individual user's signals. 

J.6 MMSE DETECTOR 

For the synchronous case, consider the choice of a KK ×  matrix: 

( )KdddD L21=  

 Equation 17 

so as to minimize the mean square error ( )2kksk baE −∗rd  for each k. Assuming the inverse exists, one such 

matrix is ( ) 12 −
σ+= IRD s . The factor 2σ  is the variance of the Gaussian noise. 

The minimum mean square error (MMSE) detector computes the linear transform sDry =  and forms the estimate 

( )yb sgnˆ =  of the transmitted data. There is a corresponding version for asynchronous transmission. 

The MMSE detector has ( )KO  complexity and requires the following information: 

• signature sequence of each user 

• timing of each user 

• variance of Gaussian noise 

In [xxvi] Schodorf and Williams investigate the mitigation of multiuser interference in CDMA systems by minimizing 
output power subject to the constraint that the user’s PN-code is passed with unity gain. This is effectively an MMSE 

approach with linear constraints.  If 1c  is the user’s code, the constraint can be expressed as 11 =∗wc  where w is 

the filter weight vector.  The LMS algorithm is used to update the filter weights in simulations.  Multiple constraints can 
also be used. 

Summary:  The linearly constrained filter for MMSE multiuser detection has the following features: 

• Intended for suppressing MAI in a direct-sequence CDMA multiuser system 
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• Single constraint version requires only timing and code of desired user 

• Additional constraints require timing and codes of other users 

J.7 PARALLEL AND SERIAL INTERFERENCE CANCELLATION 

The decorrelating detector and MMSE detector as presented in Sections J.5 and J.6 can be described as parallel IC 
because the signals belonging to different users are, in principle, recovered in parallel. Another, lower complexity, 
approach to multiuser detection is multistage interference cancellation [xxvii], [xxviii] and successive interference 
cancellation (SIC) [xxix], [xxx]. These are general terms that have been applied to a number of different schemes. 
Parallel interference cancellers attempt to cancel the interference with respect to each desired user from all or a sub-
set of the interferers. A weighted fraction of the sum of all estimated interference is then subtracted from the desired 
user’s signal. A number of stages can be used to improve effectiveness, where in each stage the estimation and 
removal process is repeated.  

In SIC the users are ranked based on their signal strength and the strongest signal is detected and then regenerated 
and subtracted to leave a composite signal with improved SIR. The process is repeated until all (or a subset) of users 
have been detected.  This process is summarised in the following [xxix]: 

1. Identify the strongest user (the one with maximum correlation) 

2. Decode the strongest user 

3. Estimate the amplitude of the decoded user from the output of the correlator 

4. Synthesize the strongest user's signal using his chip sequence and amplitude estimate 

5. Subtract the synthesized signal from the (residual) received signal 

6. Repeat (a)—(e) until all users have been decoded or a sufficient degree of MAI cancellation has been 
achieved 

A disadvantage of successive cancellation is that equal-power users are inconsistently demodulated. 

J.8 ADAPTIVE DETECTORS 

The decorrelator and MMSE detectors were both obtained under the assumption of an AWGN channel. The presence 
of distortion implies that the precise shape of the actual signature waveforms is not known at the receiver unless there 
is an equalizer to compensate for the distortion. This has serious implications for the decorrelator and MMSE 
detectors because both are defined in terms of their correlation matrices. A mismatch between the assumed and 
effective signature waveforms will result in a corresponding difference between the supposed and actual correlation 
matrices. This will degrade the performance of the detector. 

This has led to the development of adaptive forms of these two detectors [xxxi], [xxxii], [xxxiii] and blind adaptive 
forms [xxxiv], [xxxv]. Adaptive multiuser detectors use training sequences to estimate the correlation matrix while blind 
adaptive multiuser detectors obtain estimates without training. The blind adaptive techniques require knowledge only 
of the user's signature waveform and timing. 

Blind adaptive multiuser detection may lead to effective strategies for mitigating wideband interference that does not 
arise from other users of the same system, i.e. wideband interference that is not actually MAI. If the correlation matrix 
can be blindly estimated for signature waveforms of multiple users of a CDMA system then a similar approach may be 
applicable to correlations between a desired signal and one or more interfering signals when the latter arise from 
extraneous sources. 

J.9 ITERATIVE MULTIUSER DETECTORS 

Recent developments have applied iterative (turbo) processing techniques to the multi-user detection problem. 



      
      

Use, duplication or disclosure of data contained on this sheet is subject to the restrictions on the title page of this document 
Page 24 of 89        72/06/R/037/U 

      

Iterative multiuser detectors I-MUD are structurally similar to multistage detectors discussed above in that they both 
generate tentative decisions for all users at each iteration, and subsequently use these to cancel MAI at the next 
iteration. However, unlike those original multistage detectors which assume all decisions are correct, iterative 
multiuser detectors [xxxvi] developed in this section explicitly take into account the reliability of tentative decisions and 
are optimized to maximize the signal-to interference and noise (SINR) ratio at each iteration. This difference is the 
reason that the decisions of the I-MUD asymptotically converge to the optimum ones, while the decisions of the 
multistage MUD often diverge.  

A single stage of an I-MUD, as described in [xxxvi] is equivalent to an MMSE detector. However the tentative (soft) 
decisions are then passed to additional stages. Results in [xxxvi] suggest the number of users supported can be 
increased by a factor of 2 compared to a hard decision multistage MMSE detector. Complexity is linear in the number 
of iterations, but performance shows diminishing returns. In practice four iterations are often adequate to gain close to 
the maximum performance benefit where the number of users is less or equal to the number of spreading codes. 
Where the number of users is greater, more iterations are required. 

The same basic iteration process was originally proposed for decoding turbo codes, but has also been subsequently 
applied to equalisation, synchronisation, and IC as described above. The common processing basis allows 
combination of these processes with the same iterative loop, providing further performance enhancements.   

J.10 COMPARISON OF MULTIUSER DETECTORS 

Of the four basic types of detector described above, the optimum detector is too complex to implement and the 
conventional detector has a very poor performance unless the signature waveforms are orthogonal. This leaves the 
decorrelator and MMSE detector as the preferred types for practical systems. 

The decorrelator and MMSE detectors were both obtained under the assumption of an AWGN channel. The presence 
of distortion implies that the precise shape of the actual signature waveforms is not known at the receiver unless there 
is an equalizer to compensate for the distortion. This has serious implications for the decorrelator and MMSE 
detectors because both are defined in terms of their correlation matrices. A mismatch between the assumed and 
effective signature waveforms will result in a corresponding difference between the supposed and actual correlation 
matrices. This will degrade the performance of the detector. 

Table 2 shows the requirements for a selection of multiuser detectors. Apart from the conventional detector which 
employs no active IC measures, only the adaptive and blind adaptive MMSE detectors can operate without 
knowledge of the interferer's signatures and timing. Of the methods listed in Table 2, these are more likely than the 
others to be applicable to the cancellation of unknown wideband interference. There has also been limited work on 
multiuser detectors that can also provide mitigation of narrow band interference [xxxvii,xxxviii,xxxix]. 
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Conventional detector n  n    

Optimum detector n n n n n  

Decorrelator n n n n   

MMSE Detector n n n n n  

SIC & Multistage n n n n n  

Adaptive MMSE   n   n 
Blind MMSE n  n    

Table 2 Requirements for Various Multiuser Detectors 
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APPENDIX K CYCLOSTATIONARITY 

K.1 CYCLOSTATIONARY PROCESSES 

By definition, the statistics of a stationary signal are constant over time. A cyclostationary signal will have statistics 
that vary periodically. A signal is cyclostationary of order n (in the wide sense) if and only if we can find some n-th 
order nonlinear transformation of the signal that will generate finite strength additive sine wave components, which 
result in spectral lines [xl]. For example, for n=2, a quadratic transformation (like the squared signal, or the product of 
the signal with delayed version of itself) will generate spectral lines. In contrast, for stationary signals, only a spectral 
line at zero frequency can be generated. 

An alternative, but equivalent, description that offers more insight is that a signal is cyclostationary of order n if, and 
only if, the time fluctuations in n spectral bands with centre frequencies that sum to certain discrete nonzero values 
are statistically dependent in the sense that their joint nth order moment (the infinite time average of their product in 
which each factor is shifted in frequency to have a centre frequency of zero) is nonzero. This is demonstrated in 
Figure 10. In contrast, for stationary signals, only those bands whose centre frequencies sum to zero can exhibit 
statistical dependence.  

 

Figure 10 Spectral Correlation 

The use of cyclostationary theory to study the properties of communications signals offers many possibilities in 
addition to those provided by stationary process theory. These possibilities include the following [xli]: 

• Signal features are discretely distributed in cycle frequency, even if the signal has a continuous power 
spectrum. Signals with overlapping features in the power spectrum can have non-overlapping features 
in the cyclic spectrum 

• Background noise lacks features at non-zero cycle frequencies. Thus, analysing the cyclic spectrum at 
non-zero cycle frequencies where a signal feature is expected to appear will reveal that feature without 
any component due to the background noise. Of course, there will be measurement noise which can be 
substantial but this decreases with increasing frequency offset 

• A theoretical analysis of the desired signal can reveal regions of the cyclic spectrum where its features 
will not appear. Any features that do appear in such a region are then known to arise from interference 

• Carrier frequency, data rate and phase offset can all be measured from the cyclic spectrum 

With these possibilities, the cyclic spectrum is a much more complete tool for signal analysis that those based only on 
the power spectrum. Cyclic spectral analysis thus opens the door to new ways of separating signals on the basis of 
timing and phase as well as cycle frequency. 
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K.2 FREQUENCY SHIFT FILTERS 

Linear time invariant (LTI) filtering of a discrete-time signal involves the summation of weighted time-shifted versions 
of the signal.  LTI filtering of a continuous-time signal is similar except the weighted time-shifted versions of the signal 
are integrated over time. The analogue of this principle in the frequency domain is the summation (or integration over 
frequency) of weighted frequency-shifted versions of the signal. Frequency shift (FRESH) filtering is the technique of 
combining frequency-shifted (and, in practice, time-shifted) versions of a signal. One possible structure for a FRESH 
filter is shown in Figure 11. It is seen that there is an inherent time dependency and therefore these filters are known 
as linear time variant (LTV) filters.  

For many man-made signals encountered in communications, radar, sonar and telemetry systems, certain frequency 
shifted versions of the signal can be highly correlated with the original signal. This spectral coherence can be 
exploited for signal selection by adding appropriately weighted and frequency shifted versions of the signal.  

 

Figure 11 FRESH Filter 

In a similar way to the Wiener filter previously described, a FRESH filter can be optimized by prescribing a desired 
response for a cyclostationary input.  Gardner refers to this as cyclic Wiener filtering [xlii], alternatively the term 
optimal FRESH filter is used. The class of cyclostationary random signals includes stationary random signals as a 
special case.  

K.3 CO-CHANNEL INTERFERENCE CANCELLATION WITH A FRESH FILTER 

The potential of exploiting cyclostationarity to remove co-channel interference is investigated in [xliii]. The FRESH 
filters were effective in removing interference with interference to signal powers of 10dB. Three and five branch 
FRESH filters were employed. The three branch filter used frequency shifts of plus and minus the baud rate of the 
desired signal (twice the symbol rate). The five branch filter also used frequency shifts of plus and minus the baud 
rate of the interferer. The filter weights were adapted using one input (the desired signal) as a reference. However, 
100% excess bandwith raised cosine pulse shaping was required, which is not typical of currently deployed systems. 
In fact the required excess bandwidth grows linearly with the number of interfering signals. 

Similarly, Gardner [xlii] investigates the ability of an optimal FRESH filter to separate two or more QAM signals that 
overlap in the frequency domain. 

The desired signal is used as a reference for the adaptive FRESH filter. Obviously this is not feasible in a real system 
and is an issue for further consideration. Depending on the data frame structure, the desired signal may be known for 
some of the time, once synchronization has been achieved. Another alternative is to explore blind methods of 
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adapting the FRESH filter. Finally, given a strong signal mixed with a weak signal, it would make sense to estimate 
the strong signal rather than the weak one. 

Gelli et al. describe a method based on cyclostationary principles for removing FLI from a DS/SS signal in [xliv]. In 
practice, the receiver would have to estimate the cycle frequencies of the FLI. The fundamental cycle frequencies 
correspond to carrier frequencies and chip or data rates. Inaccuracies in the cycle frequencies (CFs) can dramatically 
degrade the performance of the filter.  

Chevreuil [xlv] addresses blind equalization in the presence of interference and unknown noise using second-order 
cyclostationary statistics. The case where the second-order statistics of both the interference and the noise are totally 
unknown is considered. 

Summary:  The main features of this signal separation technique are: 

• Capable of removing co-channel interference 

• Requires large excess bandwidth 

• Three or five frequency shifts adequate 

• Good results obtained with less than 200 weights in total 

• Can even separate signals with the same carrier frequency if the pulse shapes are not identical 

• Further development needed to eliminate direct reference to desired signal 
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APPENDIX L NEURAL NETWORKS 

L.1 INTRODUCTION 

The matrix multiplication that characterizes linear DSP is useful for representing linear operations. Other structures 
are needed to model more general functions. A class of structures that has been successfully applied to some non-
linear problems, including IC, is that of neural networks. The use of neural networks in signal processing is motivated 
by the following desirable features. 

• Nonlinearity This property of neural networks allows the modelling of a wide class of behaviours and is 
particularly useful if the underlying mechanism generating the input is inherently non-linear 

• Learning A neural network has the in-built ability to learn from its environment in order to set up or tune 
its adjustable parameters 

• Weak statistical assumptions The design of a neural network relies on the provision of training data 
together with the desired responses. It is therefore able to capture the statistical characteristics of the 
environment in which it operates provided it is sufficiently complex and a representative body of training 
data is available 

The ability of neural networks to model non-linear functions is encapsulated by the Universal Approximation Theorem 
which basically states that a continuous mapping can be approximated to arbitrary precision by a neural network. For 
this reason, a neural network is sometimes referred to as a universal approximator. Linear functions are described 
geometrically by lines, planes and hyperplanes so a linear system could be called a linear approximator. A universal 
approximator corresponds geometrically to unbroken curves, surfaces and hypersurfaces.  

A neural network is made up of a number of interconnected processing units called nodes or neurons. Figure 12 
exhibits a simple example with three input nodes, four hidden nodes and two output nodes. As the diagram shows, 
the nodes are structured into layers with each successive layer feeding forward to the next via synapses. There must 
always be an input layer and an output layer. In addition, there may be one or more hidden layers that have no direct 
connection to any point outside the network. Neural networks with one or more hidden layers are called multilayer 
perceptrons. 

With the exception of the input layer which serves only to distribute signals to nodes in the hidden layer, each neuron 
in Figure 12 processes its inputs to produce an output. These processing units are referred to as computational 
neurons to distinguish them from other nodes that merely perform signal routing. The structure of a computational 
neuron is shown in Figure 13. A specific number of inputs (five) has been shown for definiteness; in general there are 
n. 
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Figure 12 A Simple Neural Network 

 

Figure 13 Structure of a Computational Neuron 

The process embedded in a single neuron consists of a linear combiner followed by an activation function. In the 
example of Figure 13, the neuron accepts five inputs, 51 ,, xx K  from the preceding layer. These signals are 

multiplied by the synaptic weights, 51 ,, ww K . The linear combiner presents the signal: 

55110 xwxwwx +++= L  

 Equation 18 

to the activation function ( )•ξ . The neural transfer function is therefore: 

( )55110 xwxwwy +++ξ= L  

 Equation 19 

The constant 0w  is a bias term. The simple example of Figure 12 has only feedforward paths that carry signals from 

the inputs, through the network and to the outputs. Some neural networks also have feedback paths that carry signals 
from the outputs back to the inputs.  
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L.2 LEARNING AND GENERALIZATION 

An initial learning process is required to set the weights. Often, the weights of a neural network remain fixed after the 
learning process. However, in some applications such as channel equalization, the learning process is repeated 
periodically. Once learning has taken place, the neural network implements the required mapping of input to output, 
i.e. the network transfer function. This is sometimes called generalization because the set of possible inputs is much 
larger than the set of training data. Since neural networks can be highly complex and non-linear, they can implement 
a much wider range of input-output relationships than a linear filter. While an adaptive (linear) filter must continually 
adjust its weights so as to match its response to operating conditions, a neural network can be thought of as storing a 
large set of different responses.  

Learning processes are classified as supervised or unsupervised. Supervised learning entails supplying the network 
with a substantial amount of training data together with the desired responses. This mode of learning is used for 
function approximation, system identification and channel equalization [xlvi]. In unsupervised learning, the desired 
response is not available and the response is based on the network's ability to self-organize. Only input signals are 
applied to the network. During the learning process, the network organizes itself internally so that each hidden neuron 
becomes sensitive to a specific set of the input data space. Unsupervised learning is used mainly for applications 
such as vector quantization, coding and decoding, and blind equalization [xlvi]. 

A number of different learning algorithms are used. The classical one is back propagation learning but several others 
have been introduced.  

L.3 INTERFERENCE CANCELLATION AND EQUALISATION WITH NEURAL NETWORKS 

The IC potential of a radial basis function (RBF) network is explored by Cha and Kassam in [xlvii]. Rather than 
targeting a particular modulation format, this work demonstrates the capability of an RBF network to extract 
interference which is a non-linear function of a reference signal. The RBF network dramatically outperforms a linear 
filter in this case. When the interference is frequency-localized and a similar reference is provided, the RBF network 
performs no better than a linear filter. For the application of interest in this project, interference will be additive, and so 
this technique has limited relevance. 

The function of equalization is closely related to IC. Basic signal models often assume an AWGN channel while 
practical systems suffer from a non-ideal channel impulse response, one form of which is multipath propagation. Most 
IC techniques assume that in the absence of noise and interference, the received (baseband) signal is a scaled and 
delayed replica of the transmitted signal. This is not normally true for practical systems without some form of 
equalization. This issue would need to be carefully considered for a practical receiver. Among the possible 
approaches are: 

• Equalization of the channel carrying the desired signal prior to IC 

• Combined functions of equalization and IC in a single structure 

The following two sections review combined equalisation and IC methods using neural networks. 

L.4 FRACTIONALLY SPACED DECISION FEEDBACK MULTILAYER PERCEPTRON 

The use of a multilayer preceptron as the basis for a mobile receiver is investigated in [xlviii]. An interesting feature of 
this scheme is its ability to overcome performance degradations due to multipath fading and reject co-channel 
interference. The authors of [xlviii] refer to their scheme as a fractionally spaced decision feedback multilayer 
perceptron (FSDFMLP). As shown in Figure 14, it is a structure with the following properties: 

• The feedforward taps are spaced at half the symbol interval 
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• The decisions (detector outputs) are fed back into the network 

• The feedback taps are spaced at the symbol interval 

• Supervised learning is used to set up the synaptic weights 

 
Figure 14 Fractionally Spaced Decision Feedback Multilayer Perceptron 

Rather than back propagation learning (BPL) another algorithm is used to train the synaptic weights. The authors of 
[xlviii] referred to it as a mixed gradient fast learning algorithm (MGFLA). The MGFLA differs from the simple gradient 
descent algorithm in the following respects: 

• If the difference between the desired and actual output falls below a certain threshold, the weights are 
not updated 

• The direction vector used to calculate a new set of weights depends on previous weights and previous 
direction vectors 

• An optimal learning rate parameter (used to weight to the direction vector) is calculated for each update 

A practical issue is whether the FSDFMLP would need to be tuned or retrained during continuous operation. Since a 
multipath channel is employed for simulation, the technique accommodates time variations in the channel while the 
synaptic weights remain fixed. If the mobile radio system employed initial training at the beginning of each call then 
the training could be cumulative so that previous training patterns were remembered between calls. The network 
would then, in effect, maintain a library of channel information and on-going learning requirements would be reduced 
to fine tuning. This has the implications of high complexity and/or substantial storage requirements. Even so, this 
approach is of interest because learning algorithms tend to be computationally intensive. 

Summary:  The FSDFMLP has the following features: 

• Intended for removing CCI in a multipath fading channel 

• Combined interference cancellation and channel equalization 

• Based on a 4-layer perceptron with feedback 

• Outperforms the fractionally space decision feedback equaliser 

• High complexity 
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• Supervised learning 

L.5 FRACTIONALLY SPACED BILINEAR PERCEPTRON 

Xiang et al extend the line of research from the previous section in [xlix] by considering polynomial perceptrons. 
Typically, this structure consists of one polynomial of low degree (two to five say) followed by an activation function. In 
addition to the feedforward-only polynomial perceptron, Xiang et al. consider a related structure with feedback which 
they refer to as a fractionally spaced bilinear perceptron (FSBLP).  

Summary:  The important points relating to the FSBLP are: 

• IC combined with channel equalization 

• Supervised learning 

• The neural networks all perform significantly better than the DFE 

• The FSDFMLP has the best performance 

• The performance of the FSBLP is nearly as good as the FSDFMLP 

• The FSBLP has a low complexity in neural network terms. The one used in the simulations had only 209 
weights compared with 1210 weights for the FSDFMLP 

• The scenario used for simulations was CCI in a multipath fading channel 

• Given the general non-linear mapping capability of neural networks, the FSBLP may be applicable to 
other scenarios 
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APPENDIX M HIGHER ORDER STATISTICS AND SIGNAL 
SEPARATION 

M.1  BACKGROUND 

Many signal processing algorithms are based on the theory of (wide sense) stationary random processes. This theory 
involves only means and covariances, i.e. first and second order statistics. By incorporating higher (than second) 
order statistics, new algorithms can be developed with capabilities that are simply not possible in the framework of 
stationary random processes.  

Higher order statistics have been exploited in several signal separation algorithms (source separation is synonymous 
in the literature). Such algorithms recover the individual signals from a mixture and therefore have interference 
cancelling and anti-jamming applications. It should be emphasized that the best known algorithms are designed to 
exploit the spatial diversity of the received signal by employing a sensor array. Diversity and beamforming techniques 
for IC are reviewed in Appendix N. 

M.2  HIGHER ORDER STATISTICS 

Conventional signal processing algorithms are based almost entirely on second order techniques. This is a direct 
consequence of the fact that the underlying theory was developed specifically for signals in Gaussian noise. 

A Gaussian noise process is entirely characterised by its first and second order cumulants, i.e. its mean and variance. 
The higher order cumulants (higher than two) of the Gaussian stochastic process are zero. 

This means, for example, that successive blocks of N samples, obtained by demodulating a signal embedded in 

Gaussian noise, are completely characterized in a statistical sense by the NN ×  covariance matrix. 

Since the signal statistics in digital communications are often non-Gaussian, there is much to be gained from the use 
of higher order statistics. Far from being a disadvantage, the non-Gaussian statistics can often be exploited to 
generate improved algorithms for signal detection, estimation and separation. These algorithms exploit the higher 
order statistics of the signal as a result of which techniques are required for solving equations that involve tensors as 
well as vectors and matrices. 

For example, if a discrete random signal is partitioned into vectors of N samples: 

( ) ( )NXXn ,,1 K=X  
Equation 20 

then the 4th order statistics are represented by the 4-dimensional tensor T whose components are: 

( )lkjiijkl XXXXEt =  
Equation 21 

and the tensor T provides extra information if the signal is non-Gaussian. This extra information is effectively ignored 
in the conventional approach that considers only first and second order statistics. 

M.3  BLIND SIGNAL SEPARATION 

The blind signal separation (BSS) problem is formulated as follows: The unknown sources ( ) ( )nxnx q,,1 K  are 

represented by sample vectors ( ) ( )( )nxnx qn ,,col 1 K=X . Observation vectors are obtained via an array of p 
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sensors and it is assumed that the output ( ) ( )( )nyny pn ,,col 1 K=Y  from the sensor array is a linear mixture of 

the independent sources plus added Gaussian noise. In other words: 

nnn ZMXY += ,    Nn ,,2,1 K=  Equation 22 

where M is a qp×  mixing matrix and nZ  is the Gaussian noise vector. The blind signal separation problem is to 

retrieve the sources nX  and the mixing matrix M from the observation vectors nY . 

It should be emphasized that the mixing matrix M and the sources nX  are both unknown in Equation 22. The 

number q of sources is assumed to be known and it may generally be assumed that qp ≥  so that the dimension of 

the observation space is larger than the number of unknown sources. Note that Equation 22 is assumed to hold for 
Nn ,,2,1 K=  where N is the number of data vectors in a block over which the mixing matrix remains constant. 

Obviously there is not a unique solution. If M, { }Nnn ≤≤1:X  is one solution of Equation 22 and A is an invertible 

qq×  matrix then MA, { }Nnn ≤≤− 1:1XA  is another solution. However, under the hypothesis that the sources 

are statistically independent, the solutions are uniquely determined up to scaling factors (one for each source) and a 
permutation of the sources. In other words, with the hypothesis of statistical independence, the solutions are unique 
up to a waveform preserving transform. 

Two algorithms that employ the fourth order cumulant tensor are ICA (Independent Component Analysis) due to 
Comon [l] and JADE (Joint Approximation Diagonalization of Eigenmatrices) proposed by Cardoso [li].  

There are several issues that need to be addressed in order to apply this methodology to IC. For mobile applications, 
it is often impractical to use more than one antenna. The vector Yn in Equation 22 is assumed to arise by sampling the 
outputs from p sensors in an array. Other possible methods of obtaining signal diversity are: 

• Fractionally spaced sampling or oversampling 

• Passing the signal through a bank of analogue filters before sampling 

• Demodulating the RF signal with several parallel oscillators having different frequency offsets from the 
carrier 

Another issue is how well BSS techniques are able to cope with time-variant channels. These algorithms require a 
large volume of data, and stationarity is difficult to guarantee in time variant channels. Finally, the assumption of a 
definite number of sources is built into the theoretical framework. Simple IC involves the desired signal, a source of 
interference and noise. The problem of interference from an unknown number of sources would need to be 
considered. 

ICA has recently, been applied to interference suppression in wireless communications [lii,liii], with SIR improvements 
of over 17dB demonstrated. However, as expected, long block lengths are required and processing is complex (even 
using a fast-ICA algorithm). For high input SIR, receiver noise (which is uncorrelated on each antenna) means the 
ICA processing can actually reduce output SIR. 

M.4  EXPLOITING PRIOR KNOWLEDGE (SEMI-BLIND) 

The above source separation algorithms require no knowledge other than all signals are statistically independent. In a 
communication system the signalling format is known and can therefore be exploited. For example in digital 
communications a finite alphabet (FA) can be assumed. For some modulation methods the constant modulus (CM) 
constraint can be assumed. Such constraints are frequently used in blind equalisation techniques, where the CM blind 
equaliser adapts the parameters such that the equalised signal matches the expected statistics of the known signal 
type. In this way even QAM signals can be equalised, even though they are non-constant amplitude. 
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Using the FA constraint, a family of iterative least squares (ILS) source separation algorithms have been derived, and 
are described in [liv]. Common reference cases are ILS with enumeration (ILSE) [lv] and ILS with projection (ILSP) 
[lv]. However, the number of antennas is still assumed to be larger than the number of sources.  

M.5  AMPLITUDE DOMAIN PROCESSING 

Amplitude-domain processing [lvi] relies on the density distribution of the interference being different from that of the 
wanted signal. The amplitude distribution from a sequence of the input signal is estimated and an optimal amplitude 
transform is used to suppress the interference. The performance of time-domain amplitude method diminishes rapidly 
as the number of interfering signal sources increases (even if they are at the same frequency) because of the rapid 
convergence of the combined amplitude distribution towards the thermal noise distribution. 

This process is an adaptive IC technique that is claimed to be completely adaptive to all types of jamming waveforms 

[lvii].  The ADP algorithm is shown in Figure 15. The baseband in-phase signal ( )Is t  and quadrature signal ( )Qs t  

are converted to a polar form, i.e. a non-negative magnitude ( )r t  and a phase ( )tφ . The ADP function ( )g r  (see 

below) is applied to the magnitude before converting the modified signal ( )( ) ( )i tg r t e φ
 back to rectangular 

coordinates ( )x t  and ( )y t  which are then processed by a detector. 

The magnitude function is a random signal since it depends on the transmitted data, any jamming signal and noise. 
The ADP function is specified by the formula: 

( ) ( )
( )

( )
( )

1f r f rd rg r
dr r f r r f r

′⎛ ⎞
= − = −⎜ ⎟

⎝ ⎠
 

Equation 23 

Where ( )f r  is the probability density function of ( )r t . Since ( )f r  is independent of time t, there is an 

underlying assumption that the ( )r t  is stationary, at least over the time interval for which a particular density 

estimate is used to implement the algorithm. 

 

Figure 15 The ADP Algorithm 

The process then seeks to improve the signal to noise ratio (SNR) of the received signal by eliminating the 
interference.  The paper [lvii] tests the process using continuous wave (CW), pulsed CW, swept CW and wideband 
Gaussian noise, against a global positioning system (GPS) signal.  It claims to achieve good results for all types of 
jamming waveform except wideband Gaussian noise. However, performance is limited with multiple interfering 
signals.   
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APPENDIX N SPATIAL PROCESSING 

N.1 INTRODUCTION 

Adaptive antenna arrays have long been used to cancel interference particularly when the interference is spatially 
separated from the wanted signal. They have been used particularly in military applications where often the interfering 
signal is a high level jamming signal. In the civilian arena there has been less use of adaptive antenna arrays for IC. 
Many of the algorithms discussed rely on having multiple antenna elements for their operation, or can be extended to 
use multiple antenna elements to provide improved performance. 

It was not the intention of this project to consider multiple antenna techniques since two other SES projects have 
covered this subject (‘The Development of Smart Antenna Technology’ and ‘Evaluation of Software Defined Radio’). 
Therefore this appendix only provides a brief review in order to put multiple antenna techniques in context with other 
approaches to IC.   

N.2 BEAM FORMING AND NULL STEERING 

The beam forming technique derives its name from the fact that applying complex weights on the elements of an 
array and summing to form the output effectively yields the formation of beams which point to specific directions 
according to the selection of weights. In principle, diversity techniques such as optimum combining perform the same 
operation, namely applying complex weights before performing summation. However, beamforming usually refers to 
arrays with elements that are spaced close enough apart to yield certain correlation in the signals from each element. 
When the separation exceeds half the wavelength of the impinging signal, grating lobes will appear [lviii]. In addition, 
beamforming also usually refers to forming a single beam in the direction from which the dominant path arrives. This 
yields an array gain of m for an m element array, but it does not capture energy carried by multipaths impinging from 
other directions that are common in multipath propagation. Therefore, beam formers offer solely array gains and no 
diversity gain. 

From the context of interference mitigation, beamforming has been used to prevent interference to other users by 
minimising emissions in directions of other users. This approach is taken in space division multiple access, where the 
same resources can be reused if the users are spatially separated. These are proactive transmission techniques. 

When using antenna arrays at a receiver to minimise interference, it will be the case that a suitable combination of 
beams and nulls will be chosen to maximise some performance measure, such as SIR. 
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Figure 16 Beamformer 

Figure 16 shows a beamformer. Assuming there are L multipath components impinging on the array of m elements, s 
is the L×1 impinging signal vector and θi is the ith paths direction of arrival in the azimuth plane. If, for the sake of 
simplicity, we restrict the impinging waves to have no elevation component. x, the m×1 array received signal vector 
can be modelled as: 

nAsx +=  Equation 24 

where A is known as the steering vector, whilst s=[s1 ss … sL]T and n=[n1 n2 … nm]T corresponding to the received 
signal vector at the array and the noise vector respectively. 

If the weight vector, w=[w1
* w2

* … wm
*]T, then the output Y is given by, Y=wHx where the superscripts T and H refer to 

matrix transposition and complex conjugate transposition respectively. The output can be further expanded as 
Y=wHAs+wHn. It can be seen that the signal power of the beamformer can be maximised if w=A. In the case where 
there is only one wanted signal, L=1, A is an m×1 vector and the optimal weight, w, is thus the conjugate of the 
steering vector corresponding to the direction of arrival of this single path. This has the effect of delaying the signals 
from the various elements in such a way as to maximise the output by summing them coherently.  

Beamforming schemes are generally based on this principle, but the implementation varies in complexity between 
switched beam methods, and the more optimal adaptive method. The beamforming process described above requires 
knowledge of the array steering vector and this in turn requires the position of the elements to be accurately known. 
This requires an array calibration process [lix], otherwise the beam pattern will not be as desired. Optimal algorithms 
that use reference data, or other knowledge of the signals, do not necessarily rely on the steering vector. 
Consequently, the adaptive method offers more flexibility to achieve better performance.   

A wide range of techniques exist to choose the weight vector [lx], a basic division depends on whether angular 
information exists about the different signals present. When directional information is known for wanted and interfering 
signals then constraints can be used (as in Appendix H.3) to form nulls in these directions. However, the number of 
constraints imposed will reduce the degrees of freedom, and must be less than the number of antennas. Nulls 
typically have a narrow angular width and so when the interference occupies a wide angular spread a number of nulls 
may be required to provide sufficient suppression. 
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When directional information is not known or obtained, other signal characteristics must be used, typically a training 
sequence. Alternatively the techniques from Appendix M that rely on statistical characteristics can be used.  

N.3 DIVERSITY TECHNIQUES 

In contrast to beamforming methods, diversity techniques tend to perform better the more decorrelated the signals are 
on the elements, suggesting bigger inter-element separations and/or more pronounced angular spreading of the 
impinging paths. Traditionally, space diversity systems employ arrays which are spaced as far as several tens of 
wavelengths apart. However, there is an increasing trend to employ arrays that offer a compromise between 
beamforming and optimum combining gains. The ideal compromise depends heavily on the characteristics of the 
multipath propagation and is related to the RMS angular spread of the channel. 

Diversity is usually employed to mitigate channel fading, and maximum ratio combining (MRC) is optimum for spatially 
white Gaussian noise. However, this is not usually the case for co-channel interference, and optimum combining (OC) 
approaches are needed [lxi,lxiii]. With OC, the signals received by several antenna elements are weighted and 
combined to maximize the output signal-to-interference-plus-noise ratio (SINR)  

As with beamforming an M antenna system provides M-1 degrees of freedom. For an N user system (N≤M), N-1 
interferers can be nulled and M-N+1 degrees of freedom still exist for diversity improvement over multipath fading 
[lxii]. Consequently, the independence of the channel characteristics for the different users can be exploited for IC 
[lxii,lxiii], such as to reduce frequency reuse distances. 

An important distinguishing factor between diversity and beamforming for interference suppression, is that beam 
forming requires wanted and interfering signals to be spatially separated. As the spatial separation reduces, 
performance degrades. Diversity systems only require independence of transmission paths, which do not need to be 
spatially separate.  However, in practice the signals will not be perfectly decorrelated, either due to insufficient 
scattering in the channel or due to correlation between antenna elements, and this correlation will degrade 
suppression performance. Antenna correlation is a particular issue for small (e.g. handheld, PDA, lap top) devices, 
where correlation may be in excess of 0.5. 

N.4 MIMO 

It is now well known that multiple-input, multiple-output (MIMO) wireless channels, in which multi-element antenna 
arrays are used at both ends of the link, can in principle offer spectral efficiencies of an order of magnitude or more 
above those available to conventional single antenna systems.  Figures of 100 bits/s/Hz or more have been quoted in 
the literature [lxiv], based on information theoretic analyses.  The concept assumes that unique (but appropriately 
encoded) data is sent from each transmit antenna and a suitable algorithm is applied after the receive array to decode 
the multiple observations and recover the original data stream. It differs from previously known antenna diversity 
approaches in that it is possible, at least in principle, to achieve the capacity gains referred to above along with 
improved diversity (that is, robustness in the presence of multipath fading).   

However, the capacity achievable is highly dependent on the channel; the figures quoted assume a very multipath 
rich propagation environment.  Moreover most capacity analyses of these systems have assumed a single user, or at 
most a single cell system, where intercell interference has not been at issue.  Further, the information theoretic 
analysis gives only an upper bound on the capacity: some practical, and computationally feasible, modulation and 
coding scheme must be used and this may lead to capacity reduction in practice.   

In practice MIMO transmission techniques are divided into two main groups: Space-Time Coding (STC) and Spatial 
Multiplexing (SM).  The two have different emphases in that the main goal of space-time coding is to achieve the 
maximum diversity order available, while that of spatial multiplexing is to achieve maximum capacity.   
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Since multiple transmissions occur in parallel, MIMO receiver processing inherently is separating different co-channel 
signals. However, the signals are synchronised and training sequences are included for channel estimation. There are 
a wide range of receiver algorithms, which were reviewed in [lxv]. 

Of interest here is how MIMO systems respond to interference from other systems or from channel reuse in a cellular 
system For a multiple antenna receiver, unlike the single antenna case, the spatial distribution (its power versus 
direction of arrival) of the interference is important.  Interference in general is not uniformly distributed and 
uncorrelated with direction: it is not spatially white.  Hence link capacity is maximised by means of a spatially-
whitened matched filter, by analogy with the frequency-domain whitened matched filter which is optimum in SISO 
systems in coloured interference, that is, a transformation which converts the interference to uniformly distributed and 
uncorrelated between receive antennas, followed by a transformation matched to this spatially-whitened channel.   

With interference present the advantage of a MIMO system over SISO, and that the MIMO system is not 
disproportionately affected by interference, in that the capacity begins to be interference limited at about the same 
SNR in both cases.  The pre-whitening filter further increases capacity because it is capable of removing some of the 
interference.  Where an excess of antennas is available (i.e. more than required to decode the wanted MIMO 
transmission), then the additional degrees of freedom can be used to cancel interfering users, as shown in Figure 17. 
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Figure 17  Variation of Capacity with Number of Interferers and Number of Receive Antennas1  

                                                           

1 User of interest has 4TX, each interferer has 1TX. SNR=INR (total interference)=20dB. 
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APPENDIX O ANALOGUE TECHNIQUES 

O.1 INTRODUCTION 

While digital techniques offer a high degree of flexibility and adaptation to the environment, if the RF front end is 
driven into nonlinear behaviour because of the presence of large interfering signals then the resulting distortion 
generally cannot be removed in later processing. Consequently, the ability to remove interference before the digital 
conversion must be considered. In practice a combination of analogue and digital processing may offer a mixture of 
flexibility and performance. 

O.2 RF CANCELLATION 

A conceptually simple and very flexible approach to IC is to perform cancellation at RF using a signal obtained from 
another source, usually a second antenna that contains the interfering signal. A closed loop cancellation method can 
them be employed to cancel the interfering signal from the wanted signal. The technique has been successfully 
employed in many systems. Given the simplicity of the technique and the fact that cancellation is performed at RF 
means that many existing systems in which changes to detection algorithms are not appropriate can benefit from IC. 

The principle of RF IC is illustrated in Figure 18. The upper part of the diagram shows two interference coupling paths; 
a free-space coupling path between transmit and receive antennas and a controlled coupling path introduced to 
provide cancellation. The controlled path is derived from a reference coupler ‘A’ and weighted by a variable 
gain/phase process (vector modulator), to provide coherent subtraction (cancellation) of the free space path at 
coupler ‘X’. After cancellation, the signal is fed to the receiver being protected.  (If the source of interference is 
remote, an auxiliary antenna can be used to sample the signal in place of coupler ‘A’) 

The cancellation process is controlled automatically by a negative feedback loop; this correlates the transmitter 
sample with the cancellation residue fed back by coupler ‘Y’, to derive the vector modulator control signal (weight). 
The cancellation loop is formed using two different types of module, a combiner and a weight. This architecture allows 
multiple weight modules to be added to a single combiner, so that multiple transmitters can be cancelled in a single 
receive path. 

The Weight Module performs the functions of correlation (to measure the phase and amplitude of the interference), 
video filtering, amplification, and RF weighting. The combiner module couples the weighted reference signal into the 
receiver path to achieve cancellation, and provides feedback of the cancellation residue for the correlation process in 
the weight module. 
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Figure 18 Cancellation Loop Schematic Diagram 

A related technique is described in [lxvi], which considers the duplexing operation. This method is based on an echo 
cancellation technique at RF, and provided between 72 and 86dB of duplex isolation.  

O.3 FREQUENCY INDEPENDENT STRONG SIGNAL SUPPRESSER 

Gagnon et al. describe an analogue technique ideally suited to anti-jamming applications in [lxvii]. The authors claim 
that the FISSS is ideally suited to enhancing the performance of spread-spectrum systems in the presence of very 
strong jammers and that it is immune to a variety of commonly known jamming strategies such as partial-band, multi-
tone, partial-time, swept-frequency and frequency-hopped jamming. 

The frequency independent strong signal suppresser (FISSS) is a solid state device capable of separating a strong 
signal from a weak one. It is normally placed immediately after the antenna at the front end of a radio receiver. The 
definitive feature of the FISSS is its amplitude dependent behaviour. Signals having an amplitude in excess of a 
predetermined threshold are absorbed by the device while weaker signals are reflected almost unattenuated. This is 
achieved by frequency halving the largest signal, and leaving the other signals unchanged. 

The key element in the FISSS is a non-linear solid state device belonging to the varactor diode2 family. The 
characteristic exploited by the FISSS is a voltage standing-wave ratio (VSWR) that is dependent on the input 
amplitude. Figure 19 illustrates this characteristic in terms of return loss as a function of input amplitude. At amplitude 
values below the threshold, the return loss is very low, typically 1dB. At values above the threshold, the return loss is 
high, of the order of 20 to 50dB. There is an abrupt transition region between these two extremes. The difference in 

                                                           

2 The term varactor refers to the reverse voltage dependent capacitance of a diode. A varactor diode is designed to be used as a 
variable capacitor and can be used as a tuning element in oscillator and filter circuits 



      
      

Use, duplication or disclosure of data contained on this sheet is subject to the restrictions on the title page of this document 
72/06/R/037/U        Page 43 of 89 

      

return loss is the suppression factor between weak and strong signals. The suppression factor is of the order of 20 to 
50dB and depends on various factors including bias level, threshold setting, bandwidth and signal types.  

Examples based on laboratory tests taken from [lxvii], show 45dB suppression of adjacent tones (1MHz separation at 
2.5GHz) and 25dB suppression of a tone interferer with a DS/CDMA wanted signal. These results were supported in 
further work in [lxviii], but a theoretical analysis and understanding of the mechanisms involved have not been 
published. 

Summary:  The FISSS has the following characteristics: 

• Separates a strong signal from a weak signal 

• Operation independent of the type of interference except interference amplitude must exceed threshold 

• Intended for DS/SS but applicable in principle to other modulation systems 

• Could be retro-fitted to existing equipment 

 

Figure 19  FISSS Characteristic 

O.4 SMART AUTOMATIC GAIN CONTROL 

A receiver with an automatic gain control (AGC) is an easy victim for desensitisation with large interfering signals. An 
increase in the power level of the input signal results in a reduced gain at the front end of the receiver. If the desired 
signal is much weaker than the interference, the signal to interference power ratio (SIR) becomes small and the input 
to the IF stage of the receiver is essentially a scaled version of the interfering signal. 

The principle of operation of a conventional AGC is shown in Figure 20 where the slope represents gain. The figure 
shows gains for the cases of no interference, moderate interference and strong interference. When an interfering 
signal is present, the AGC reduces the gain by an amount that corresponds to the interference power. The output of 
the amplifier will be dominated by the interference signal for a low SIR. The envelope of the input signal still contains 
information about the desired signal. In fact, the fluctuations in amplitude are about equal to the peak-to-peak voltage 
of the desired signal. This AM-like variation is due to the periodic phase difference between the two signals.  

Arnstein proposed an anti-jamming device [lxviii] that is intended for satellite transponders but is applicable in 
principle to other types of receiver. He calls his scheme a Smart AGC. The basic principle can be explained with the 
aid of Figure 21. Rather than varying its gain, the Smart AGC avoids saturation by sliding its linear operating region 
along the horizontal axis while keeping the slope (gain) fixed. Basically, the Smart AGC cuts out the central portion of 
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the composite signal in order to preserve its envelope. The range of inputs that produce zero output is referred to as 
the null zone. This type of device has also been referred to as a biased linear rectifier and a centre stripper. 
Importantly, the envelope of the composite signal can be scaled to occupy most of the linear region of the Smart 
AGC. Arnstein points out [lxviii] that the envelope contains most of the useful information about the small signal but 
does not justify this assertion in the context of any particular modulation format. He also emphasized the importance 
of a fast response by the Smart AGC to certain types of interference such as pulsed jamming and describes the 
amplifier as an amplitude-agile null zone device. Narrowband interference suppression of over 20dB has been 
demonstrated. 

Summary:  In summary, the Smart AGC preserves the envelope of the composite received signal which is almost lost 
by a conventional AGC in the presence of intense jamming. The device is intended for satellite transponders 
employing DS/SS but may be applicable to other modulation formats. 

 

Figure 20 Conventional AGC Characteristic 

 

Figure 21 Smart AGC Characteristic 
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O.5 ANALOGUE FILTERING WITH NEURAL NETWORKS 

The interference cancelling potential of DSP for radio applications is significantly restricted by the sampling rate and 
processing rate that such devices can achieve. Most DSP based schemes assume that the received signal will be 
demodulated by analogue circuitry before digitisation at the symbol/chip rate or perhaps twice or a few times this rate. 
On the other hand, analogue processing at the front end is virtually instantaneous. Due to time variations in channel 
conditions and interference, a fixed analogue filter at the front end of the receiver would be of limited use even if a 
high order transfer function could be realized at RF or IF. Therefore an adaptive front end filter whose transfer 
function can be varied is required. 

An approach to adaptive analogue filtering based on neural networks is described by Mehr and Sculley in [lxix]. The 
analogue neural network is a technique that employs analogue processing under digital control. The network can be 
trained to closely approximate a specified frequency response, at least in amplitude. A major requirement to 
implement this technique is an array of perhaps 40-200 first or second order filters whose poles are either fixed or can 
be set at appropriate log-spaced frequencies. For practicality, these would need to be available on a single chip or a 
few chips. Micro-electromechanical (MEM) technology may provide such chips in the future. The filters in a given 

layer are either all low pass or all high pass. The adjustable weights m
knw ,  control the gain and phase shift between 

filter blocks. Since each path through the network is a cascade of M first order filters, the network transfer function is a 
weighted sum of Mth order transfer functions. This structure differs from the usual notion of a neural network as a 
non-linear processor because the network transfer function is linear. 

The fully interconnected neural network was found to be highly complex in terms of training requirements. In order to 
simplify the training process and hardware requirements, the authors of [lxix] also investigated the minimally 
interconnected structure.  

Summary:  An adaptive analog filter can be realized using fixed first or second order building blocks. The frequency 
response is trained by means of digitally controlled analogue weights (e.g. VCAs). More work is needed to develop a 
training/adaptive algorithm that can simultaneously achieve good amplitude and phase responses without excessive 
complexity. This approach might be effective for filtering out a high-powered jammer at the front end of the receiver.  

O.6 SAW EXCISER 

Surface acoustic wave (SAW) devices can be used to implement real-time Fourier transforms. A method of excising 
FLI from a DS/SS signal that exploits this capability is described in [i] and [lxx]. The basic principle is to notch out the 
FLI as shown if Figure 22. This removes most of the interference power but results in some distortion to the desired 
signal. Because of the intrinsic processing gain of DS/SS modulation, the bit sequence can be recovered provided the 
excision bandwidth is relatively small, e.g. less than 20%. 

Figure 23 presents a block diagram of the SAW exciser. The Fourier transform is performed with a combination of a 
mixer and a SAW filter with a chirp impulse response.  

Although the technique was studied with a view to removing FLI from DS/SS, it may be applicable to other types of 
interference and/or modulation formats. One important consideration is the excision filter. If this filter is fixed, the 
exciser is an on/off device. Improved versatility would be achieved with a switchable filter bank. To be effective 
against non-stationary interference, some means of adapting the frequency response would be needed. 

Summary:  The SAW exciser employs a pair of SAW devices to implement a real-time Fourier transform. The 
technique is designed to excise FLI from a DS/SS signal. A major limitation is the lack of adaptivity although this might 
be addressed by employing an adaptive element between the SAW devices. 
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Figure 22 Principle of a Transform Domain Exciser 

 

 

Figure 23 Block Diagram of a SAW Exciser 

 

O.7 FILTERING USING MEMS TECHNOLOGY [lxxi] 

As well as removing interference to protect the wanted data signal, for high power interferers that are not necessarily 
co-channel, it is important to protect the front end processing so it remains in a linear region. Otherwise the amplifiers 
and mixers will be driven into nonlinear operation and the resultant inter-modulation (IM) products may fall in the band 
of the wanted signal [lxxii]. Filtering before the LNA and mixers in the receiver can suppress the interference. For 
interference suppression, where the interfering signal is not on a fixed frequency, tunability is essential. 

At microwave frequencies (1 GHz and above), filters are composed of high-Q resonators such as printed transmission 
lines, suspended rods, or dielectric pucks. Depending on the media used to create these resonators, excellent 
performance can be achieved with Q’s in the hundreds for printed lines to tens of thousands for dielectric resonators. 
The need for frequency tunability within broadband receiving and transmitting systems usually necessitates switching 
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of multiple fixed-tuned circuits. The use of tunable filters and resonators can significantly simplify complexity and 
reduce losses within complex multiband systems.  

Unfortunately, there is not yet a tunable resonator component that affords the high performance achieved by fixed 
resonators. YIG filters come the closest to having very good filter selectivity, but at the expense of being bulky, 
requiring significant quiescent current, and being expensive. To date, diode varactor-tuned circuits, though simple and 
requiring little bias current and size, have not met the expectations of most modern receiver requirements in terms of 
loss. As such, inexpensive and high performance tunable resonators have become one of the “holy grails” of receiver 
components. 

The advent of microelectromechanical systems (MEMS) for radio-frequency (RF) applications provides new 
possibilities for achieving the desired characteristics of a tunable resonator. RF MEMS devices, a new paradigm in 
the construction of electronic devices, created mechanical structures on the microscale. Being constructed entirely of 
low-loss metals and dielectrics, these mechanical structures inherently have low loss. A comprehensive discussion on 
MEMS fabrication is given [lxxiii]. These devices have distinguished themselves as having very low loss, requiring 
practically no power consumption, and having very high linearity.  

MEMS can be fabricated for switching, variable capacitance or integrated into antennas for matching or beam shaping 
[lxxiii]. A tunable filter can be employed for interference suppression as shown in [lxxi,lxxii]. A relative tuning 
bandwidth of 100% has been demonstrated, and Figure 24 shows the tuning capability. 

Analysis in [lxxi] indicates that compared with a typical switched-filter bank, use of RF MEMS tunable filters allow a 
factor of 60 reduction in size, a 150 times reduction in weight, and a 10 times reduction in the number of RF support 
switches. A single MEMS-based filter can have sixteen tunable states, replacing sixteen fixed frequency filters. The 
low power requirements of RF MEMS can reduce filter assembly power requirements by a factor of 8. 

 

Figure 24 MEMS Filter Performance (5 pole filter) [lxxi] 

O.8 PLL EXCISER 

Kozminchuk describes a scheme for excising FLI from a DS/SS signal in [lxx]. A phase locked loop (PLL) is used to 
synthesize the interference that is then subtracted from the received signal. A block diagram of the exciser is shown in 
Figure 25. If the power ratio of interference to signal plus noise is sufficient (>10dB [lxx]), the PLL will lock onto the 
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interference. Consequently, the estimated interference is subtracted from the received signal. A benefit of this scheme 
is its potential for tracking non-stationary interference. 

Summary:  The PLL exciser employs a phase-locked loop to synthesize a high-powered sinusoidal interferer and 
subtract it from the received signal. The technique is intended for removing a sinusoidal interferer from DS/SS but 
may be applicable to other scenarios. For the device to work, the jamming signal must dominate the desired signal 
and have the character of a sine wave. 

 
Figure 25 PLL Exciser 
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APPENDIX P APPLICATIONS OF IC 

P.1 CELLULAR 

GSM 

Techniques 

Improving the performance of both GSM base station and mobile handset receivers in the presence of interference is 
a topic that has received a lot of attention. The majority of GSM base stations use some form of receive diversity and 
this allows considerable scope for improving the performance in the presence of interference, even with just two 
receive antennas. In [ lxxv] Interference Rejection Combining (IRC) is considered for improving the interference 
performance of the uplink.  Each received branch is weighted according to the correlation with the interfering signal in 
an effort to reduce the level of interference when combining the received branches. In GSM systems with frequency 
re-use 1 it is claimed that the loading of a carrier (frequency loading) can increase by 50% if all base stations are 
equipped with IRC. Other approaches using adaptive antenna algorithms such as the minimum mean square error 
(MMSE) beamformer as described in [ xc] have also been considered and can yield substantial performance 
improvements. Applying interference cancellation at the mobile station is a more difficult exercise if a single antenna 
receiver is retained, however many techniques have been explored and good performance improvements can be 
obtained with a single interfering signal. Both Joint Detection and various filtering approaches that exploit properties of 
the GMSK signal to suppress interference have been examined. The cyclostationary properties of modulated signals 
can be exploited to permit interference suppression [ lxxvi]. Alternatively the constant envelope property of GMSK can 
be exploited using the constant modulus algorithm to suppress interference [ lxxvii].  IC has also been considered for 
the 8-PSK modulated signals used in EDGE. For 8-PSK signals Joint Detection approaches such as that considered 
in [ lxxxiii] are more appropriate. The method considered in [ lxxxiii] uses a Joint Decision Feedback Sequence 
Estimator approach for two signals. This algorithm is an extension for handling multiple signals, of the equaliser 
normally used for 8-PSK signals and is a reduced state maximum likelihood sequence estimator. Good performance 
improvements can be achieved with a single interferer present, but the presence of another even relatively weak 
interferer can reduce the performance gains obtained considerably. It should be noted that GMSK SAIC methods are 
also susceptible to the presence of a second interferer.  

The motivation for improving the performance of both base station and mobile handset receivers in interference is to 
increase the capacity of the system, by permitting lower frequency re-use, or where frequency re-use of one is 
achieved (through frequency hopping), each carrier can be loaded to a greater degree. A US operator (Cingular) has 
conducted a series of trials and simulations of the potential downlink capacity gain through the implementation of an 
IC algorithm. The algorithm has been developed by Philips and few details are available about the actual algorithm, 
but it is believed not to be a joint detection approach and most likely exploits redundancy in the complex sampling of a 
GMSK signal. The trials conducted by Cingular and reported in [lxxiv] show individual link gains of 4-5dB in 
synchronised networks, but in asynchronous networks lower gains were generally achieved. To examine the impact 
upon the overall network capacity simulations were performed with both a homogeneous network and a non-
homogeneous network, based on a real network. The model used interference statistics obtained from an operational 
network. For a synchronous network operating single frequency re-use with frequency hopping gains in capacity of 
39% were reported for the homogeneous network and 57% capacity gains in the non-homogeneous network. These 
results show that real network capacity gains can be achieved with multiple interferers, provided 100% of the terminal 
population uses SAIC algorithms in the receiver. Results presented in [ lxxxix] suggest that gains due to SAIC 
algorithms are linearly dependent upon the proportion of terminals with SAIC implemented. In a relatively mature 
system like GSM, which is in the process of being replaced by 3G systems, marketing of 3G handsets by operators 
could dissuade people from purchasing new GSM only handsets, however 3G handsets are dual mode and capable 
of GSM operation.  Provided the GSM receiver in 3G handsets is equipped with SAIC then a sufficient number of 
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handsets could use SAIC and this may help in the transition between the two systems, permitting GSM capacity to be 
met with less spectrum. 

SAIC has come to the attention of the GERAN standardisation group, and tighter performance in interference is now 
required for mobile handsets, although this is not mandatory in Release 6 of the GSM standard. 

Implementation of IC in GSM handsets (and also in base stations) can have little impact upon hardware. The 
baseband processing in GSM handsets is now largely implemented on DSP and with the introduction of 8-PSK 
modulation in EDGE the processing requirements for the 8-PSK equaliser are much higher than for the conventional 
GMSK equaliser, meaning that there is spare processing capacity available when receiving GMSK signals that can be 
used to perform IC. In base station hardware designs some spare DSP processing capability will be provided to allow 
standards changes to be implemented and improve performance over the lifetime of the hardware. Consequently for 
both the base station and mobile handset, IC can easily be accommodated in GSM receivers through changes to the 
baseband processing software. Therefore, there is only an associated software development cost for implementing 
IC. 

Application 

Reducing GSM Spectral Allocation 

In the US less spectrum is given over to supporting GSM and other cellular services than in the UK and many GSM 
networks are now reaching a capacity limit (considering both 800/900MHz and 1800/1900MHz allocations, 110MHz is 
allocated in the UK as opposed to 85MHz in the US). Adopting SAIC in the handset and other techniques to improve 
base station performance in the presence of interference has been shown to have substantial capacity gains for GSM 
networks. Consequently the main proponent of SAIC within the GSM standardisation body was the US GSM operator 
Cingular. It is anticipated that GSM will be gradually phased out in much the same way as the analogue cellular 
system TACS has been, but because of the greater number of GSM subscribers compared to the number of TACS 
subscribers this process will take longer. The number of GSM subscribers in Europe is still expected to grow over the 
next 3-4 years despite the introduction of 3G services.  If new GSM handsets incorporate IC then the amount of 
spectrum required to retain a GSM service could reduce over time without affecting service quality. 

3G 

Techniques 

3G systems based on the 3GPP FDD standard are in the initial stages of system roll-out. Operators are currently 
seeking to maximise coverage rather than maximise capacity, consequently unlike in the more mature GSM system 
there is currently little demand for IC receivers in either the mobile or base station receiver. However, in the course of 
the standardisation process a number of IC schemes have been considered, particularly for cancellation of the pilot 
on the downlink. On the downlink the common pilot is not subject to power control and is transmitted at a relatively 
high power. Consequently it can be a significant source of intra-cell interference. Proposals for interference 
cancellation of the common pilot have been put forward in standardisation, but none accepted. More recently the use 
of ‘Advanced Receivers’ has been considered for the high-speed downlink packet access (HSDPA) service. The 
advanced receivers considered to date for HSDPA employ chip level equalisation and are intended for certain classes 
of mobiles only. Studies have also shown that IC is necessary in receiving 16-QAM modes if these modes are to 
achieve any system capacity gain [ lxxxvii].  Of the ‘Advanced Receivers’, studied good performance is obtained with 
the Least Minimum Mean Square Error (LMMSE) Chip-Level Equaliser [ lxxxii]. This approach appears to be the most 
popular and does not require knowledge of all the codes in use on the downlink. The Chip Level Equaliser basically 
performs equalisation before de-spreading, and with orthogonal spreading sequences will significantly reduce the 
intra-cell interference due to time dispersion in the channel. It does not explicitly deal with inter-cell interference, but 
has been observed to reduce the effects of inter-cell interference [ lxxx]. With a conventional RAKE receiver intra-cell 
interference will limit the use of the orthogonal code space, the Chip Level Equaliser will allow greater use of the 
orthogonal code space, consequently overall system capacity can increase. IC has also been considered for the 
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uplink of 3GPP FDD systems. As for the downlink, cancellation of intra-cell interference to allow greater use of the 
orthogonal code space is again the goal of applying IC. The base station has knowledge of all intra-cell codes being 
used (unlike the mobile) and consequently different techniques can be applied such as parallel IC. An example of one 
of the more advanced techniques considered for uplink IC in FDD is an iterative space-time IC receiver using four 
receive antennas [ lxxxv]. Simulation results show a high use of the orthogonal code space with performance close to 
that of a single user.  

At some point in the future 3G networks will become capacity limited and IC techniques may be considered to 
increase capacity. Taking GSM as a guide it was nearly 10 years from the early deployment of GSM networks before 
IC was considered in the standardisation process. Whether this trend will be repeated in 3G networks is unclear, and 
will probably depend upon the demand for services that require high bit rates. 

Applications 

Spectrum Re-Farming 

Currently GSM networks and 3G WCDMA networks have their own dedicated bands. It is likely that as 3G networks 
become more mature and traffic levels carried by GSM decline that spectrum currently being used by GSM networks 
could be given over to 3G networks (a process known as spectrum re-farming). Performing this process on a non-
interference basis where 5MHz segments of the GSM spectrum are progressively given over to 3G could be a slow 
process. An alternative approach would be to allow 3G WCDMA to overlay existing GSM systems. The analysis 
presented in [ lxxxi] suggests that 3G WCDMA could be overlaid on to an existing GSM system assuming 
conventional RAKE receivers for the WCDMA receiver, and conventional GSM receivers. However the analysis is 
fairly simplistic sicne it considers the interference in mean power terms only. A GSM carrier with low occupancy could 
present narrowband high-level pulsed interference to a WCDMA system. This type of interference, when considered 
on a mean power basis, is known to be particularly harmful to any system employing soft decision decoding (spread 
or un-spread), and its impact can be much more significant than other types of interference with equal mean power. If 
WCDMA were to be used as an overlay in GSM frequencies, then WCDMA operating in these frequency bands could 
be deployed with some IC specifically designed for dealing with interference from GSM. This has been examined in [ 
lxxxiv] where high level TDMA interference was considered at a WCDMA base station and techniques such as 
Interference Rejection Combining and Soft Symbol Weighting were considered to reduce the impact of the TDMA 
interference. Changes to the receiver AGC were also considered in this work. WCDMA interference into GSM 
receivers would be a wideband noise signal and would be more difficult to include IC techniques for WCDMA 
interference. Besides, this could not be added to existing handsets. GSM capacity would certainly reduce through 
WCDMA interference, but this could be tolerated if GSM traffic levels decline as users switch to 3G. Other potential 
problems such as coverage reduction, false call setup and increased handover failure may be overcome through re-
planning and re-optimisation of signal processing and resource management algorithms. 

3G Extension Band 

The band 2.5GHz-2.69GHz is currently being considered for 3G services. CEPT are currently recommending paired 
(FDD) operation for the bands 2500MHz-2570MHz and 2620-2690MHz with the band 2570-2620MHz used for TDD 
operation or extending the FDD downlink band. The actual air interface to be used in the extension band is likely to be 
WCDMA. A new downlink air interface based on OFDM is being considered by 3GPP at present, although it is not 
clear what bands this would be used in. It is possible that stricter interference performance could be placed on 
receivers operating within the extension band if WCDMA were to be adopted in this band. However given the pace of 
standardisation activity unless this is considered now it is unlikely to happen. 

P.2 MARITIME/LAND SHARING 

Earth Stations on Board Vessels (ESV’s) operating at 5925MHz-6425MHz and 14-14.5GHz are permitted to share 
this band with fixed services on a secondary basis. Interference calculations have been performed by ITU [ lxxxvi] and 
the minimum distance established between an ESV and a fixed service station on the coastline and also between an 
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ESV and a fixed service station 25km inland from the coast. In the 5925-6425MHz band the recommended minimum 
distance to avoid interference to fixed services is 300km, and in the 14-14.5GHz band the recommended minimum 
distance is 125km. Consequently ESV operation in coastal waters is not possible because of the potential 
interference to fixed services. 

ESVs communicate with geostationary satellites, consequently the severity of the problem increases with increasing 
latitude, because the elevation angle of the antenna mainlobe reduces with increasing latitude. The ITU calculations 
were performed at latitudes of 20º and 45º.  UK coastal waters are above 45º latitude consequently the minimum 
distances are relevant. In the 14-14.5GHz band it is only the upper 250MHz that is shared with fixed services and 
currently within the UK, the lower 250MHz is permitted for ESV operation in UK Coastal Waters greater than five 
nautical miles from land. To extend the frequency range of operation to the upper part of the band would necessitate 
protecting fixed link installations that are vulnerable to interference from ESV’s and likewise ESV’s from interference 
from fixed link installations. With the exception of fixed links transmitting over water to islands, interference from 
ESV’s could be determined from angle of arrival. A system like that deployed at UHF for narrow band telemetry links 
and described in [ lxxxviii] could be considered for protecting fixed link receivers. Here a secondary sensing antenna 
detects the interfering signal and cancellation is performed using a closed loop scheme at IF using the signal from the 
secondary sensing antenna. In some exceptional cases the direction of the interfering signal and wanted signal may 
be coincident and this approach would fail to protect the receiver. Such a scheme could be fitted to the ESV. 
Considering the potential range of bandwidths and modulations used by the interfering signal, it may not be feasible to 
introduce signal processing in the demodulation functions to deal with all potential interfering signals, although this 
would be the most desirable solution to the problem. 

P.3 SATELLITE/HAPS SHARING 

Currently all the spectrum allocated to HAPS based systems is shared spectrum. The bands 47.9-48.2GHz and 47.2-
47.5GHz are allocated worldwide to HAPS, but shared with fixed services. HAPS are also permitted to share the 
27.5GHz-28.3GHz and 31GHz-31.3GHz bands on a secondary basis with fixed services (both ground and satellite 
based). Currently this sharing arrangement is only permitted in ITU Regions 2 and 3, however there is pressure to 
extend the sharing arrangement to ITU Region 1 (Europe, Africa, Russia). There has been a considerable amount of 
study in relation to the sharing issues in this band. Interference calculations are reported in [ lxxviii] and methods to 
mitigate interference described in [ lxxix]. Finally the bands 1885-1980MHz, 2010-2025MHz and 2110-2170MHz are 
also intended for HAPS use, but shared with mobile services such as UMTS FDD.  

31/28GHz Band 

The 27.5GHz-28.3GHz band is the HAPS downlink and is also used for the uplink of the Fixed Satellite Service (FSS) 
consequently interference from the FSS Ground station into the Ground HAPS receiver can occur and interference 
from the HAPS Airship into the FSS Satellite can occur.  The interference scenario is depicted in the diagram below 
where a green arrow depicts the wanted communication path and the red arrow an interference path. Only the 
interference paths that cannot be resolved through planning are shown. 
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FS (HUB) FS (Subscriber)

 

 

Figure 26 HAPS Interference Paths 

In Table 3 below the Interference Mitigation techniques listed in [ lxxix] are given together with which interference 
scenario they provide some benefit. 
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System for sharing and 
interference scenario 

To FSS satellite From FSS ground 
station 

To/from FS 

Interference Mitigation 
technique 

   

Increasing the minimum 
operational angle 

 X X 

Improvement of HAPS antenna 
radiation patterns 

X X X 

Shielding by HAPS ship 
envelope 

X   

Dynamic channel assignment  X X 

ATPC X X X 

HAPS site shielding  X X 

HAPS footprint offset X X  

Table 3 Relation Between Interference Mitigation Techniques and Interference Scenarios (based on [ lxxix]) 

Studies have been conducted by the ITU on the magnitude of the interference to Fixed Satellite Services and Fixed 
Services caused by HAPS. For the interference caused by HAPS into the FSS satellite the results suggest that the 
interference to noise power ratio (I/N) was below the threshold accepted to cause interference, and that the use of 
ATPC would further reduce the I/N. Of more concern is the interference caused by the ground based FSS into the 
ground based HAPS receiver. In this case the required separation distance could be as high as 35km, effectively 
preventing HAPS ground based stations in the same area as FSS stations (a typical HAPS footprint would be 150-
200km radius). For the Fixed Service, case studies have shown that the frequency sharing between HAPS and a 
point to multipoint fixed wireless access hub is possible with careful positioning and co-ordination of the HAPS airship. 
Interference from the HAPS ground station to the fixed wireless access subscriber shows that the separation distance 
required could be up to 70km so that a HAPS ground station could not be used in an area where a fixed service in the 
same frequency band operates. 

Interference from existing terrestrial transmitters into the ground based HAPS receiver is the main problem affecting 
the use of HAPS. IC within the HAPS ground based receiver would potentially have to cope with a wide variety of 
different transmission formats and because some spatial separation between the wanted and interfering signals is 
likely to exist (either in elevation or azimuth) then the most successful form of IC would be to use a separate antenna 
to sense the interfering signal and cancel this at RF or at an IF frequency. This could unacceptably increase the cost 
and complexity of the HAPS terminal, which are intended to be low cost terminals. A combination of the Interference 
Mitigation techniques considered in [ lxxix] might offer a better solution, for example ATPC on the HAPS 
transmissions and dynamic channel assignment used within the HAPS system. These techniques would have less 
impact on the terminal design than IC techniques.  

48/47GHz Band 

Sharing of HAPS with Fixed Services and Fixed Service Satellites has been studied by ITU for these bands [ xci]. 
Minimum separation distances are much lower than those calculated for the 31/28GHz band, particularly when 
building obstruction is taken into account. The conclusion of the ITU study was that fixed service stations could not 
operate in the same area as a HAPS system providing ubiquitous coverage at the same frequency, and would have to 
be outside the region of HAPS coverage by a minimum separation distance. Interference Mitigation techniques were 
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also considered, and the conclusion was that deploying such techniques would not change the fact that Fixed Service 
stations could not operate in the coverage area of a HAPS system. In this frequency band the problem is interference 
by the HAPS system to Fixed Service receivers and from Fixed Service receivers to the HAPS receivers. 

Some HAPS based systems may deploy multiple spot beams within a coverage area with frequency re-use applied 
across the spot beams. In addition to the beam spillage, co-channel interference can be caused by rain scattering 
from a distant co-channel cell.  Consequently, rain in a single cell could, as well as disrupting communications in that 
cell, also disrupt communications in other co-channel cells. Some form of IC could be considered to overcome this 
problem, dealing only with the intra-system interference. Interference due to rain scatter is likely to be best dealt with 
using changes to the detection algorithms to deal with co-channel interference, rather than attempting to spatially 
isolate the interference with another antenna. Using this type of IC technique could also permit lower frequency re-use 
factors, improving the overall spectral efficiency of the system. 

1885MHz/2170MHz 

HAPS are permitted to use the IMT-2000 bands for IMT-2000 services. It is considered that HAPS are a cost effective 
solution to providing large area coverage of IMT-2000 services at the initial stages of roll-out, and in a mature system 
to areas with low subscriber densities. They may also be deployed to provide increase in capacity. Co-channel by 
HAPS based IMT-2000 systems with terrestrial IMT-2000 systems must be subject to co-ordination distances set out 
in [ xcii]. As an example for a HAPS based CDMA IMT-2000 system with 50km coverage a separation of 80km with a 
co-channel terrestrial based system is required. 

P.4 WIRELESS LANS 

Although there are many different Wireless LAN (WLAN) air interface technologies, this study focuses on the most 
commonly deployed, the IEEE 802.11 family of standards [ xciii]. In summary: 

• 802.11b operates in the 2.4GHz ISM band using direct sequence spread spectrum (DSSS) multiplexing 
techniques  

• 802.11g operates in the same frequency band and is designed to be backwardly compatible with 
802.11b but uses orthogonal frequency division multiplexing (OFDM). Three non-overlapping channels 
are available to mitigate co-channel interference through frequency re-use in dense deployments. The 
typical range range is 30 – 75 metres 

• 802.11a operates in the 5 GHz band. This also uses OFDM but has more non-interfering channels (4, 8 
or more), which can further aid in the alleviation of co-channel interference. Typical range is 20 – 50 
metres 

There are two key issues concerning the use of IC within WLAN receivers: operation in unlicensed bands with many 
different interference sources and the multiple access protocol. The multiple access protocol for IEEE 802.11 is based 
upon carrier sense multiple access (CSMA), which requires the transmitter to monitor a channel for activity and if 
nothing is received then it can transmit. However there is no guarantee that a collision will not occur. If a device 
capable of interference cancellation of other IEEE 802.11 signals were used, which transmitted despite having 
received an IEEE 802.11 signal, then if the destination receiver was not capable of interference cancellation there 
would most likely be a collision so that nothing is gained and the MAC protocol is violated. In some cases despite the 
transmitter perceiving that the channel is clear, a collision may occur at the receiver because the wanted transmitter 
cannot receive the interfering transmitter (Hidden Terminal Problem). In this situation IC would have some benefit, 
overcoming the Hidden Terminal Problem. When infrastructure is deployed in a cellular fashion, then IC would have 
some considerable benefit for terminals at the cell edges. 

IEEE 802.11n is an extension of the existing standard to permit much higher bit rates. Currently two proposals are 
being considered, and both use MIMO for the air interface. Interoperability with IEEE 802.11a/b/g equipment will 
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mean that the basic operation of the MAC layer is preserved, and increased throughput will be achieved through the 
use of MIMO. A receiver capable of receiving a MIMO signal will incorporate IC, as MIMO transmission involves co-
channel transmission of different data streams. IEEE 802.11n equipment will certainly also support IEEE 802.11a/g as 
well, consequently the increased processing requirements to handle the higher bit rates could be used to support IC 
for IEEE 802.11a/g modes to improve performance in some circumstances and enhance capacity in these modes of 
operation. 

Interference between WLAN systems generally results in reduced coverage whilst interference from external systems 
can lead to complete failure of the link. Normally, spatial separation and intelligent channel assignment are enough to 
minimise co-channel effects. However, by deploying more WLANs due to increasing demand, system performance is 
likely to be degraded. 

WLAN can be DSSS, FHSS or OFDM. There are lots of references regarding IC techniques in these generic systems. 
There are few specific references to WLAN however. Nevertheless, it is feasible that these techniques could be 
applied to WLAN systems to give performance improvements. 

For an introduction to IC in CDMA systems see Duel-Hallen [ xciv], Vembu [ xcv] and Moshavi [ xcvi]. Research 
groups at the University of Dresden [ xcvii] and the University of Oulu [ xcviii] have done some more recent work in 
the area. 

In contrast to broadcast scenarios that are to be considered in the next section, Fantacci et al [ xcix] address IC in 
OFDMA uplink channels. Not only is there inter-carrier interference to consider but multiple access interference can 
also be serious if frequency reference errors are present. The authors propose successive IC and selective parallel IC 
solutions and present simulation results based on a WLAN environment. 

Regarding WLAN systems, several studies have looked at interference issues arising from spectrum sharing in the 
ISM bands. In a report by Texas Instruments [ c] the effect of adjacent channel interference from other systems in the 
2.4GHz and 5GHz bands are considered. It is acknowledged that future WLAN market growth could be affected by 
such interference and several design practices are analysed for improving WLAN performance in the presence of 
ACI. Particular attention is given to the coexistence with Bluetooth. 

In a separate report commissioned by Ofcom [ ci], a study was carried out to physically measure radio activity in the 
2.4GHz ISM band. With so many uncoordinated services there is a real danger of band congestion. The study 
focussed on emissions from microwave ovens, motion sensors, Bluetooth and WLAN networks. It concluded that in 
terms of signal strength and duty cycle, activity was low, with microwave oven leakage being the main source of 
interference. 

As regards coexistence in the uncoordinated bands, the IEEE standards body has committed resources to develop 
strategies that will address the problem. IEEE 802.15 Task Group 2 [ cii] specifically deals with Bluetooth and has 
recommended Adaptive Frequency Hopping as a technique to allow coexistence with other systems, particularly 
WLAN. 802.15.2 is now in hibernation, however a Technical Advisory Group 802.19 [ ciii] has been created to solely 
address coexistence issues across all 802 standards. Much of the work thus far has been concerned with the scope 
of the group and the approach to the problem, however, the future activities of the group should be closely tracked. 

Most specific references to IC in WLAN systems address coexistence with other systems in the 2.4GHz ISM band 
and have come from the standards activities. Interference from Bluetooth has attracted particular attention, as it is 
likely that both systems could be deployed in close proximity, e.g. Laptop device, [ civ][ cv]. 

These studies promote collision avoidance type applications whereby one system listens out for the other and waits 
for a quiet interval before transmitting. Such techniques are typically controlled at the MAC level and are more 
interference mitigation than cancellation. 
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IC techniques for WLANs could benefit from further study. Potential gains would be more capacity for extra nodes and 
denser deployment. This will generate more revenue per m2 for service providers. Knock on effects are increased 
revenue for equipment manufacturers and content providers leading to reduced costs for users.  

In uncontrolled environments there is a high risk of interference problems due to the licence exempt deployment of 
new networks and systems in close proximity to existing installations. IC would allow for better coexistence between 
systems and reduce the need for specialist RF expertise when planning WLAN networks. 

The drawbacks are that techniques could become excessively complex if they have to take multiple systems into 
account, particularly in the 2.4GHz ISM band. 

Inter-channel techniques are likely to be easier to implement but will not deliver such significant gains. Particularly in 
the 2.4GHz band, WLAN systems have more to gain, as there are currently only 3 channels available to plan with. 

P.5 BROADCAST 

Modern digital broadcast networks are primarily used to deliver radio and television content over a large geographic 
area. The various wireless standards are DAB (radio), DTT/DVB-T (terrestrial TV), DVB-S (satellite TV) and DVB-H 
(portable TV).  

There is little evidence of any direct application of IC techniques in these types of broadcast systems. However, 
Beidas et al [ cvii] have considered IC in satellite communications using a SISO (soft input, soft output) approach with 
FEC (forward error correction) to give increased spectrum efficiency with a reasonable receiver complexity. It is not 
clear what sort of multiplexing the techniques are applied to. Modulation is QPSK. 

The principle underlying technology in digital broadcast is OFDM and a significant amount of work has been done on 
IC for generic OFDM systems. Digital broadcast systems could adopt some of the generic OFDM techniques where 
appropriate [ cviii][ cix][ cx][ cxi]. 

Armstrong [ cxii] has taken a theoretical approach to self-intercarrier interference in OFDM systems, which is an inter-
channel interference mechanism. There is an analysis of previous techniques based on self-cancellation and 
windowing. A new scheme is proposed for higher-order ICI cancellation by mapping data onto groups of subcarriers. 

Additionally, some work has been concerned with the suppression of interference from impulse noise (spikes from 
cars, lawnmowers etc.) [ cxiii].  

Coexistence with adjacent channel analogue signals has also been examined where SAW filters have been used to 
reduce the effects [ cxiv]. 

The major benefit of using IC in broadcast systems is that improvement in the C/I ratio will give improved quality over 
a wider area. Hence, for a given service level requirement, less infrastructure investment is necessary.  There is also 
the potential to raise the capacity through increased spectrum efficiency. This gives the potential to provide more 
channels.  

DVB-T is well regulated and there are agreements in place to protect coverage areas. Protection ratios from adjacent 
channels are high [ cxvi] hence the most likely source of interference is co-channel. However, IC may allow the co-
channel protection ratios to be reduced allowing more channels to be deployed in the available spectrum. It is thought 
that only receivers at the edge of coverage would require IC equipment to be added, and that given sufficient 
incentive the cost of retro-fitting existing equipment could be born by the broadcaster. A precedent for this is the re-
tuning of video recorders by Channel 5 due to interference from their transmissions. 

IC techniques that suppress the effects of co-channel interference would also promote greater use of single frequency 
networks & systems allowing them to be placed closer together and improving reception quality. 
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Another application for IC could be to promote the coexistence of analogue and digital channels in the same band [ 
cxvii]. For DVB-T applications this could allow increased digital penetration before analogue broadcasting is ceased 
making the transition to all-digital more straightforward. However, a receiver solution may not be viable due to the 
large number of legacy equipment currently in use. Investigations of transmitter solutions might be more productive. 

IC may also improve the performance of DVB-H systems. These have been identified as a method to provide high 
date rate services in conjunction with existing technologies, e.g. 3G [ cxviii]. The intention is that DVB-H reduces the 
load on 3G networks thus freeing up capacity for more users  and more traffic. 

Tomasin [ cxix] has already looked into IC to extend DVB-T reception to mobile high-speed environments. This work 
may help to pave the way for IC in DVB-H.  

DVB-H should be capable of non-line of sight operation and would, as a result, be subjected to more interference from 
multipath signals. Mobile devices may be traveling at high-speed placing greater demands on the radio link 
performance. Developing IC techniques could improve link performance, delivering better quality to end users and 
allowing service providers to push more content. 

P.6 ULTRA WIDE BAND 

UWB is defined as any emitting device where the fractional bandwidth is greater than 0.25 or occupies 1.5GHz or 
more of spectrum. UWB applications are designed to transmit high data rates (>100Mbps), over short ranges, 
typically less than 10m.  It is expected that the majority of all UWB devices will be found indoors, either in the office or 
in the home. 

Currently there are two competing techniques for UWB: Direct Sequence UWB and Multiband OFDM. Activities are 
being carried out under the auspices of the IEEE 802.15 PAN (Personal Area Network) Task Group 3 [ cxxi]. 
Consensus has yet to be reached on which technology will be chosen to implement the standard, hence there 
remains the opportunity to influence the outcome of any decision making process. 

A substantial amount of work has been carried out to investigate external inter-system interference in ultra-wideband 
(UWB) systems [ cxxii][ cxxiii][ cxxiv]. These systems use very low transmission power, spread over a bandwidth of 
several gigahertz. The idea is that the very low transmission power and the large bandwidth used enable UWB radio 
systems to coexist with other narrowband systems over the same frequency band without causing significant 
interference. Several studies have examined the coexistence of UWB with other systems, e.g. 3G [ cxxv][ cxxvi] and 
WLAN [ cxxvii], while Zhao et al have compared the intrinsic interference rejection capabilities of UWB v DS-SS in the 
presence of both narrowband and wideband interference[ cxxviii].  

However, these same narrowband systems may cause ‘external’ interference that blocks the UWB receiver 
completely. Standard narrowband IC techniques are not applicable so techniques for interference suppression have 
to be developed. 

Isolated UWB signals should have very low impact on narrowband systems hence much of the work is focussed on 
removing narrowband interferers from UWB signals rather than vice versa [ cxxix][ cxxx][ cxxxi][ cxxxii]. 

However, a narrowband receiver subjected to multiple UWB transmissions could suffer performance degradation due 
to the increased power spectral density [ cxxxiii][ cxxxiv]. 

Most work deals with interference mitigation and suppression rather than cancellation techniques. However the 
studies from Bayesteh [ cxxxv] and Han [ cxxxvi] do consider Multiple Access IC within UWB systems themselves. 

Benefits of interference suppression are that UWB systems can be deployed more extensively, making extra use of 
existing spectrum and providing opportunities for new services and extra revenue. 
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UWB systems have applications in communications. However other uses have been suggested, e.g. ground 
penetrating radar, medical imaging and vehicular radar, suggesting a potentially very wide use of the technology. 

Drawbacks of using IC in UWB systems are that a good knowledge of the narrowband interferer is required and this 
could lead to very complex solutions. 

P.7 RADAR BAND SHARING 

Radar interference cancellation is an established topic and in general the techniques can be divided into three 
groups: 

• Techniques that minimize the interference from radars to other systems 

• Techniques that minimize the interference from other systems to radars 

• Techniques that simultaneously reduce interference between radars and other systems 

Techniques that Minimize the Interference from Radars to other Systems 

Pre-distortion is used in conjunction with non-linear transmitter power amplifiers, in order to effect overall transmitter 
linearisation. This reduces unwanted spectral sidelobe energy, whilst still permitting the radar transmitter to be 
operated at high efficiency. 

Rebanding Overcoming the performance implications of migrating existing radars to higher frequency bands, which, 
in general, are less congested with other users. For example, could weather radars move from C- to X-band? Are a 
large number of closely spaced, low-power, X-band weather radars more spectrally-efficient overall than a smaller 
number of high-power, C-band radars?   

Target-adaptive bandwidth Radar systems use no more bandwidth at any given time than is demanded by the 
range-resolution requirements of the target-set being observed.  

In some cases, it is in the interests of the radar system to not produce a detectable signal at some other location, 
often to avoid a missile accompanying the radar return, and several techniques have been developed to achieve this. 
These techniques are applicable to interference mitigation. 

The use of ‘illuminators of opportunity’, rather than dedicated transmitters, for various radar applications has been 
proposed (an used by the military). Examples of existing systems for air-defence are ‘Passive Coherent Location’ 
(Roke Manor) and ‘Silent Sentry’ (Lockheed Martin). New application areas are in coastal or ground surveillance. 

Techniques that Minimize the Interference from other Systems to Radars 

Radars suffer interference from “Clutter”, which can be caused by reflections from objects within the main lobe, 
usually terrain or by unwanted sidelobe responses. This interference is slowly varying or static and can be removed 
by post processing.  A further cause of clutter, “Hot Clutter” is through interference that may be unintentional (co-
channel systems) or deliberate (jamming). This hot clutter can vary rapidly and is often difficult to remove by post 
processing. Many techniques have been developed for military systems to overcome hot clutter. 

The advances from the military radar research programmes are also applicable to civil radar systems. Some 
examples are real-time spectrum occupancy measurements (a form of ESM / ELINT) coupled to radar frequency 
agility and various anti-jam / ECCM techniques based on the use of subsidiary antennas or phased arrays for 
adaptive nulling / cancellation of interfering transmissions. 
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Adaptive polarisation switching has been proposed for IC. The use of ‘target-matched polarisation’ for improved 
detection probability / discrimination of wanted targets in the presence of unwanted clutter or interference has also 
been proposed. Complex signal processing techniques that identify and subtract interfering waveforms have been 
identified. For example space-time adaptive processing (STAP) algorithms can mitigate narrowband main beam 
interference. Co-channel IC can be achieved with adaptive antenna technology and coherent side-lobe cancellation 
algorithms. This allows the interference covariance matrix and correlation vectors to be determined for use in 
interference suppression. 

Techniques that Simultaneously Reduce Interference between Radars and other Systems 

Low probability of interception / low probability of detection (LPI / LPD) waveforms (a form of spread-spectrum 
transmission) can be used to reduce the spectral power density of radar transmissions, and so reduce the likelihood 
of interference to other systems. Equally, the processing gain arising from matched-filter detection of spread-spectrum 
signals provides a large interference rejection factor for un-correlated (non-radar) interfering signals arriving in the 
radar receiver. 

CDMA-like, orthogonally-coded transmissions have the potential to reduce mutual interference between radars 
sharing the same spectrum as well as the interference to and from other users, such as communications systems. 

Modern antenna developments, including ultra-low sidelobe aperture antennas and active electronically scanned 
array (AESA) technology, are able to alleviate interference effects. AESA antennas continuously adapt whilst 
scanning, so as to constantly aim nulls in the direction of interference sources or vulnerable receivers. This 
technology is often termed Adaptive Beamforming. 

Single Antenna Techniques 

Ponnekanti [ cxxxvii] indicates the application of Neural Networks to non-linear IC in electromagnetically dense 
environments where the desired signal is contaminated by several unwanted non-Gaussian interferers. Unfortunately 
this detailed paper does not give any practical results on interference suppression but does demonstrate that Neural 
networks are capable of detecting interference sources. 

Space-Time Adaptive Processing (STAP) 

Fante [ cxxxviii] considers space-time-polarization adaptive arrays, with various tuning algorithms ranging from simple 
power minimization to a full matrix approach and demonstrates in a simulation that an array of N dual-polarized 
antennas can cancel up to 2N-1 broadband interferers, while still allowing detection of desired signals over a 
significant portion of a half-space. The application examined was the Jamming of GPS by terrestrial interference. 
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Figure 27 Adaptive Space-Time Polarization Array [ cxxxviii] 

This paper demonstrates how an adaptive single antenna dual polarization canceller using a single time domain tap 
works very well in cancelling a single broadband interferer (jammer), but fails for two or more randomly-located 
interferers: 

 

Figure 28 Performance of One Dual Polarised Antenna [ cxxxviii] 

The paper also studies the performance in detecting the desired signals in the presence of interference and uses a 
typical GPS application as an example. The GPS system works with satellites at elevations from above around 10° 
over a full 360° azimuth. The interferer is assumed to be ground based, or on an aircraft but with elevation only up to 
20°. The interference waveform and power is considered to be equivalent to an increase in the noise floor of 40 dB. 
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Multiple antennas are able to cancel more interference sources, for example, a dual antenna configuration is able to 
overcome 3 broadband interferers. The separation of the antennas has a marked effect on the performance though 
this tails off above a half wavelength ~10cm at GPS frequencies and probably approaching the practicality limit for a 
handheld device. 

 

Figure 29 Dual Antenna Dual polarised availability in Presence of 3 Interferers [ cxxxviii] 

A four antenna configuration is capable of cancelling 7 interferers. 

 

 Figure 30 Availability for a Four Antenna Dual polarised configuration [ cxxxviii] 

The paper goes on to compare the performance with more adaptive time taps and against measurements, with good 
agreement. 
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Farina (e.g. [ cxxxix]) has produced many papers on the application of IC techniques to radar systems, in particular in 
the area of Statistical Signal and Array Processing (SSAP) which is concerned with reliable estimation, detection and 
classification of signals which are subject to random fluctuations. 

Radar systems employing space-time adaptive processing emit repetitive identical transmit pulses. The radar return is 
collected at array elements for successive pulses. The consecutive time samples between each received pulse are 
sampled and the STAP combines the outputs to give target range and Doppler information. The adaptive weight 
vector that is applied to these samples is computed from a covariance matrix associated with the samples. The 
determination of this covariance matrix is key to the effectiveness of STAP. 

Griffiths [ cxl] presents an overview of the use of space-time adaptive processing in modern radar systems, focussing 
on airborne systems operating in the presence of strong interference and jamming. The paper provides some 
practical results of a STAP implementation of joint cold and hot clutter mitigation over White Sands Missile Range.  

Francos [ cxli] proposes a parametric approach for modelling, estimation, and detection in STAP radar systems. The 
paper claims that interference mitigation procedures can be applied even when information in only a single range gate 
is available, thus achieving high performance gain when the data in the different range gates cannot be assumed 
stationary.  

This computationally efficient model is based on the Wold-like decomposition of two-dimensional (2-D) random fields. 
The resulting partially adaptive detector is apparently simple to implement, as only a very small number of unknown 
parameters need to be estimated, rather than the field covariance matrix. The performance of the proposed methods 
is illustrated in the paper. 

   

    Figure 31 Interference Mitigation Performance of STAP using Wold Decomposition Model [ cxl] 

The paper indicates that it is sufficient to estimate only the spectral support parameters of each interference 
component in order to obtain a projection matrix onto the subspace orthogonal to the interference subspace. 
Consequently the resulting detector is statistically superior to the fully adaptive detector as considerably fewer 
parameters need to be estimated. Since a much smaller number of parameters need to be estimated the proposed 
partially adaptive detector is also easier to compute. 

Kim [ cxlii] presents a STAP algorithm for delay tracking and acquisition of GPS with interference rejection for both 
broadband and narrowband jammers. The narrowband jammers are modelled as vector autoregressive (VAR) 
processes and rejected by temporal whitening. The spatial nulling is implicitly achieved by estimating a sample 
covariance matrix and feeding its inverse into the extended Kalman fillter (EKF). The EKF estimates of the code delay 
and the fading channel are used for a t-test for acquisition detection. 
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Computer simulations are presented that demonstrate the performance of the algorithm in severe jamming, and also 
show that the new algorithm outperforms conventional delay-locked loop techniques.  The block diagram of the 
algorithm is shown below. 

 

Figure 32 Block Diagram for STAP EKF Tracking Algorithm [ cxlii] 

The temporal whitening filter is based on the VAR whitening filter:  

   

Parker [ cxliii] examines performance of reduced dimension STAP algorithms that rely on a stationary Doppler 
component of the interference when the Doppler component becomes non-stationary. This may occur if the ground 
clutter is moving and/or when hot clutter or interference is present.  In addition to the non-stationary Doppler 
component, hot clutter contains non-zero correlations in across range bins. This paper presents an algorithm 
designed to mitigate both ground clutter and hot clutter in the same step using a two dimensional vector 
autoregressive model to whiten the data in space, fast-time, and slow-time. This is an extension of the Space-Time 
Auto-Regressive (STAR) filter previously proposed by the same research group.  

A simulated data set for circular array STAP augmented with synthetic hot clutter, is used to show a significant 
performance benefit over the standard STAR filter. The simulations also demonstrate a narrower clutter notch than 
the optimized pre-Doppler filter when a finite sample support is used to train the filters. 
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Figure 33 SINR loss for the STAR Algorithm as a Function of the Filter Order L [ cxliii] 

Further work by Parker [ cxliv] notes that practical STAP implementations rely on reduced-dimension processing, 
using techniques such as principle components or partially adaptive filters. The dimension reduction not only 
decreases the computational load, it also reduces the sample support required for estimating the interference 
statistics. This results because the clutter covariance is implicitly assumed to possess a certain (nonparametric) 
structure. In the paper, Parker and Lee demonstrate how imposing a parametric structure on the clutter and jamming 
can lead to a further reduction in both computation and secondary sample support. The approach is Space-Time 
AutoRegressive (STAR) filtering, and is applied in two steps; first, a structured subspace orthogonal to that in which 
the clutter and interference reside is found and second, a detector matched to this subspace is used to determine 
whether or not a target is present. The paper demonstrates that this approach achieves significantly lower SINR loss 
with a computational load that is less than that required by the reduced-dimension PRI-staggered STAP method. The 
STAR algorithm is shown to maintain excellent performance with very small secondary sample support, a feature that 
is particularly attractive for circular array STAP when the clutter statistics depend on range. 

The paper includes results from an extensive set of simulations based on a circular array of 54 elements uniformly 
spaced around a circle of 5.93m diameter. Only m = 20 of the elements are used for transmit and receive during one 
CPI.  

The antenna elements were assumed to have a cosine-shaped response with a -30 dB backlobe for both the azimuth 
and elevation dimensions. The airborne platform was simulated as moving with a velocity of 100 m/s above a 4/3 
earth model at an altitude of 9000m. The operating frequency of the radar was taken to be 435 MHz, the radar 
bandwidth and sampling frequency was 3.75 MHz, the pulse-repetition frequency was 300 Hz, and N= 18 pulses were 
transmitted during each CPI. Data was generated for 9325 range gates between 20-400 km with a clutter-to-white-
noise power ratio of 45 dB. The results show the loss of Signal to Interference Noise Ratio (SINR) in various order m’ 
and numbers of Ns secondary data vectors.  
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Figure 34 SINR Curves Compared with Optimum for Ns = 30 at Range 50 km, with no Jammer Present [ cxliv] 

 

 

Figure 35 STAR Performance as a Function of L for Different Numbers of Elements at Range 50 km, with no 
Jammer Present [ cxliv] 
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 Ns = 30 Ns = 100 

Figure 36 SINR Curves as a Function of Range Jammer Present [ cxliv] 

Adaptive Beamforming  

Wan [ cxlv] analyses the characteristics of co-channel interference in high-frequency surface wave radars using linear 
frequency modulated interrupted continuous wave transmissions. Co-channel interference affects all range bins, 
including all positive and negative frequencies. As negative frequency range bins contain only external interference 
information, a new adaptive coherent side-lobe cancellation algorithm is proposed which is based on subarrays that 
use negative frequency range bin samples to estimate the interference covariance matrix and correlation vector. The 
paper presents experimental results confirming the viability of the technique using data recorded by the Ocean State 
Monitor and Analysis Radar located near Zhoushan in Zhejiang, China. 

Fabrizio [ cxlvi] experimentally evaluates the IC performance of different adaptive beamforming schemes applicable to 
high frequency over-the-horizon radar systems. The effectiveness of operational adaptive beamformers in the HF (3–
30 MHz) environment is quantified. Realistic interference models are described and experimentally evaluated in terms 
of their ability to predict the observed IC performance that is not well represented by traditional models. Adaptive 
beamforming algorithms with robustness against “jammer motion” are also described and their effectiveness is 
experimentally demonstrated using interference data collected by 32 narrowband receivers of the very wide aperture 
(2.8 km) Jindalee research and development radar OTH radar uniform linear array located near Alice Springs in 
Northern Territory, Central Australia.  

P.8 FIXED LINKS 

Interference Mechanisms 

Principally interference in the fixed links bands is with other fixed links systems. With usually relatively few other 
interfering systems there is potential for IC to be based on a secondary antenna system or by low complexity multi-
signal detection. 

Interference with other services can occur, notably the satellite service. In general in the UK these bands are carefully 
planned and appropriate co-ordination distances are set so that, for example, the probability of significant interference 
is reduced to an acceptable level not exceeded except for a very low percentage of the time, maybe 0.01%. 
Interference between fixed links and the satellite service can be a result of rain scatter and co-ordination distances 
can be large. As a result there is potential for increased sharing if the W/U ratio is reduced, even if only by a few dB. 
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The main interference mechanisms are: 

• Fixed Link to another Fixed Link (These bands are strictly planned and this is usually the result of 
anomalous propagation or a failing of the planning models) 

• Interference from satellite uplinks in the shared bands (again, well planned and site shielding limits 
these cases to anomalous propagation) 

• Interference from out of band emissions from co-sited equipment on the same tower (this is becoming a 
real issue with more site sharing) 

• Interference from UWB and devices like anti-collision radars 

• Interference from systems operating outside the UK (a significant problem on the South and East coasts 
of the UK) 

With the exception of the radar and UWB interference, these interference sources tend to be from a limited number of 
sources that are fixed in location. It is therefore possible in many cases to use antenna nulls and/or additional sense 
antennas to reduce interference. In the case of main lobe coupling single antenna IC techniques will be required.   

Published Information 

There is very little published work on IC applied to fixed links systems and no references were found describing an 
actual application. This is partly because of the licence regime that specifies very high levels of availability and W/U 
ratio. The high interference protection margins, which are typically 30-40 dB, do give good scope for increasing 
spectral efficiency through IC. 

One area where work has been done is in the cancellation of interference from the orthogonal polarisation when using 
dual polar co-channel transmission to double capacity. For fixed links applications it is usually horizontal (H) and 
vertical (V) polarisations rather than left and right handed circular polarisation. The H and V channel responses of 
links using both polarisations are well correlated and analogue techniques have been used. Digital implementations 
are however more common and usually take the form of a cross-coupled tapped delay line filters, for example [ cxlvii]. 
The use of iterative decoding in IC receivers for fixed links applications has been considered in [ cxlix]. 

 

Figure 37 Cross Polar Cancellation 

 

A product, from Millimetrix Broadband Networks [ cl] is an example of cross-polar interference cancellation (X-PIC) 
being used to improve frequency re-use. This is the Unity DP622 38 GHz RF Outdoor Unit is designed for high 
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capacity fixed links applications with up to 256 QAM and 622Mb/s. The receiver includes Millimetrix own ASICs for X-
PIC with a claimed gain of over 30dB in all bands up to 38GHz. The product does not go into any details about how 
the technology actually works. Provigent’s PVG310 system [ cli] does the same task. 

 

Figure 38  Provigent Cross-Polar Interference Cancellation System 

Another product using X-PIC is the Siemens SRT 1C Synchronous Radio Trunk for STM – 1 [ clii]. This product uses 
an 11 tap cross-polar interference canceller with a claimed 20 dB improvement. It also uses an IF space diversity 
combiner to overcome multipath.  

The use of multiple antenna diversity is a well-known technique in the fixed links bands. The major reason is often to 
provide diversity against multipath propagation, however there are several systems that use sensing antennas in an 
interference-cancelling loop. 

Expanding outside the area of fixed links a little, a paper by Bristow [ cxlviii] describes an IC system suitable for 
narrow band UHF telemetry systems based on a dual antenna configuration using a sensing antenna pointed in the 
direction of the interfering signals. This system attained a suppression of up to 40dB at around 460MHz. 

P.9 BROADBAND FIXED WIRELESS ACCESS 

Interference Mechanisms 

BFWA systems currently operate under three kinds of spectrum licence. Fully licenced systems operate in well 
regulated spectrum where the locations of base stations are planned and co-ordination is carried out with other band 
users with the aim of avoiding interference. An example is the 28GHz Band. Light Licensed systems tend to operate 
in spectrum that has other users with the result that unavoidable interference is more likely and little or no protection 
is offered to an operator. An example is the 5.8 GHz band, which is shared by MoD, radars, satellite systems and 
Outside Broadcast (OB) video links. The current interference mechanism requires the BFWA system to vacate any 
channel that is in use by a radar. Light licensed spectrum is not formally planned but, for example, base station 
registration is required at 5.8 GHz. Unlicensed spectrum is even more of a free for all and is generally unplanned, for 
example the 2.4GHz spectrum used by IEEE802.11b, video links, Bluetooth, wireless security devices, microwave 
ovens etc. Surprisingly systems like IEEE802.11 have MACs that been designed to live with interference and to co-
operate with other band users. Hence an IEEE802.11b LAN will work in the presence of a microwave oven (not inside 
the oven) by exploiting the duty cycle characteristics of the oven that only produces RF on half cycles of the 50Hz 
mains supply.  

Areas of interest are the interference between competing BFWA deployments (intra-system), interference within a 
BFWA system (inter-system interference) and interference with other band users (external interference). Interference 
from BFWA to other band users is considered out of the scope of this study. The principle interference mechanisms to 
BFWA are: 
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• BFWA system to Adjacent BFWA system 

• ISM band user to BFWA system (anything from CW to low duty cycle pulsed) 

• Radar to BFWA system (high energy pulse interference) 

• Video/security link to BFWA system (usually a CW source) 

• WLAN to BFWA system (similar to BFWA except interferer tends to be local) 

Published Information 

There is very little published information relating to IC for BFWA systems and there is considerable overlap with 
WLAN technology as many operators appear to be providing BFWA using low cost WLAN equipment. There has 
been much research on interference mitigation and interference avoidance, much of which is outside the scope of this 
study. For example techniques like DFS, ATPC, CSMA and the mesh networks. 

IC has until recently not been extensively developed in the UK as in general the high frequency 28GHz systems 
employed narrow beams at the customer end and demand link availability over 99.99%. This necessitates the use of 
high rain fade margins, short links with subsequently high protection margins.  Currently not enough links have been 
deployed to cause a significant interference problem.  

The original lower frequency operator, where IC might have been required, failed commercially.  However, the 3.4 
GHz band was later auctioned off. Whether this spectrum is extensively used for BFWA as additional spectrum for 3G 
services when spectrum trading is permitted is currently uncertain. 

As a result of the above, much BFWA activity has centred on the use of the 5 GHz bands and even the 2.4GHz band. 
As these bands are shared by many systems, IC has become an important feature of new chipsets and hardware. A 
key feature is low cost, which effectively limits the techniques to those that can be implemented in low cost silicon and 
rules out more traditional analogue techniques. Multiple and complex antennas are deployed at base stations but 
customer equipment is limited to a single antenna structure. 

WiMax/IEEE802.16 

The IEEE 802.16 standard is likely to be the dominant standard for BFWA deployments. There are many variants, 
most notably one standard for frequencies less than 10GHz and another for frequencies in the range 10-66GHz, but 
in essence this is a point to multipoint standard that uses TDM/TDMA for multiple access with adaptive OFDM 
modulation and adaptive power control within a cell. Channel bandwidths are around ~3 to ~30MHz with data rates up 
to ~70Mb/s. Single carrier variants are also defined in the standard. Cells are usually sectored with customers using 
directional antennas, though this is not a requirement. The network is controlled by the base station which, in initial 
implementations, assumes it is in complete command of the spectrum.  

As a result, these systems do not consider other spectrum users and do not yet work well in the presence of 
broadband interference. There is immunity to narrow band interference through the use of OFDM. IC is therefore 
highly advantageous, especially at the base station. 

Within the IEEE802.16 working groups there is some interest in Successive Interference Cancellation (SIC) and other 
advanced signal processing techniques, such as that shown in Figure 39, to achieve greater capacity and throughput. 
. 
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Figure 39 Advanced Processing for WiMAX (Source – Beamreach Contribution IEEE 802.16.3p-01/28) 

The paper by Luo [ cliii] presents an application of a new signal processing technique, called the Autocorrelation 
Matching method, to outdoor 802.11b wireless LAN operation. This works by inserting three steps in the wireless LAN 
signal processing procedure.  

• Filtering the transmitted sequence with a specially designed filter (called a pre-filter) before the 
spreading process at the transmitter  

• Matching the autocorrelation function of a composite signal constructed from multiple received signals 
with that of the desired signal after the de-spreading process at the receiver 

• Filtering the composite signal with a filter that is the inverse of the pre-filter 

The simulation results in the paper indicate the technique can provide several dB of suppression, but the paper 
provides few details of the test conditions. 

The paper Gameiro [ cliv] looks at the problems of providing broadband access to the home through the transmission 
of narrowband services using part of the frequency band assigned to a broadband service. In other words, 
transmitting over the top of another service for a local link without suffering from the interference. Presumably the low 
power argument used by UWB also applies to the effect on the other service. This paper does indicate how it is 
possible to cancel interference based on the cyclostationary nature of the information bearing digital signals. A simple 
receiver is described allowing coexistence with a high interference rejection capability for the narrowband signals. 

A paper by Ghosh [ clv]  considers the application of IC in BFWA deployments. It suggests that with techniques like 
BLAST is should be possible to double system capacity by the more aggressive frequency re-use enabled through IC.  

Navini Networks [ clvi] have patented and produced base stations that are intended for MANs using pre-
WiMax/IEEE802.16e technology. This system uses Multi-Carrier Synchronous Beamforming technology that allows 
self-install customer premises equipment (CPE) to be deployed with non-line-of-sight coverage and significantly, with 
interference mitigation. This interference mitigation is achieved through spatial diversity and through space-time 
processing. Precise details on the performance and operation of the system are not available. 

Cohda Wireless [ clvii] have developed IC technology suitable for 2G, 3G, 802.11 and 802.16 according to their 
publicity material. Performance claims are given for multiple antenna IEEE 802.11a applications demonstrating that 
higher throughputs can be achieved at lower Eb/No than a conventional receiver, as shown in Figure 40. No details of 
the actual algorithms used to achieve these gains are given. 
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 Conventional Receiver Cohda Wireless Receiver 

Figure 40 Performance of IC in BFWA 
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APPENDIX Q CANDIDATE SCENARIO DEFINITION 

Q.1 CELLULAR GSM / 3G OVERLAY SCENARIO 

This scenario requires the implementation of GSM Interference Cancellation within UMTS FDD terminals to allow 
UMTS FDD to be deployed in the same frequency band as GSM. The benefit that this provides is additional flexibility 
to the cellular operator during the transition from 2G to 3G.  

The frequency bands where this could happen are GSM 900 (880 to 915 MHz and 925 to 960 MHz) and/or GSM1800 
(1710 to 1785 MHz and 1805 to 1880 MHz). Allocations in particular are in either 5 MHz or 6 MHz blocks as shown 
below in Figure 41 for GSM 900 and in Figure 42 for DCS1800. 

 

uplink

880.1 MHz 914.9 MHz

downlink
925.1 MHz 959.9 MHz

 

 

Figure 41 UK GSM900 Allocations 
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5.8 MHz 5.8 MHz 30 MHz 30 MHz

uplink
1710.1 MHz

1781.7 MHz

downlink1805.1 MHz
1876.7 MHz

 

Figure 42 UK GSM1800 Allocations 

 

The scenario considered is where the capacity required on the GSM network has peaked and is now falling whilst the 
demand for 3G spectrum is increasing in urban hotspots. The network operator identifies a 5 MHz block of spectrum 
in the GSM 1800 band for a UMTS FDD overlay in an urban area. Fewer users can be supported on the GSM 
network because of the interference into both BSs and MSs but this isn’t a problem because of the falling demand 
and the interference into the UMTS FDD network (both BSs and MSs) is removed by IC. The number of GSM carriers 
per sector and number of these that are interferers may vary. 

 

BS

MS

BS

MS

GSM UMTS

Wanted

Interfering

 

 

Figure 43 Wanted & Interfering Signals 
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Scenario Assumptions 

• The overlaying takes place at GSM1800 MHz 

• The operator is overlaying his own spectrum, i.e. the same operator is running both the 2G and 3G 
networks 

• The BSs of the two networks are co-located 

• The GSM system is frequency hopping 

Q.2 BROADBAND FIXED WIRELESS ACCESS  

Background 

In order to provide high capacity services within an urban environment, a high density of BFWA cells will be required. 
For example a 20MHz channel for an IEEE802.16a system will deliver up to 72Mbps shared between the users. For 
such a density in an urban environment, non-line of sight (NLOS) conditions are likely to be the dominant propagation 
mechanism. In the 3.4GHz band 15 licences were auctioned by Ofcom for use in the UK.  Guidelines on coordination 
between licensees is provided in [ clviii]. However, it is implied that frequency re-use will be required, but division of 
the spectrum will reduce the shared capacity within each cell. By employing IC techniques, it is envisaged that the 
requirement for frequency re-use will be reduced, and will ease the coordination between operators. 

As previously noted, there is also interest at 5.8GHz for BFWA, and techniques developed at 3.4GHz would be 
equally applicable, for equivalent interference conditions. 

Scenario Characteristics 

A summary of the technical characteristics for this scenario are given in Table 4. 

Parameter Value Notes 

Air interface IEEE802.16a Suitable for NLOS 

Modulation OFDM, adaptive sub-carrier 
modulation (4,16,64QAM) 

 

Duplexing TDD and FDD allowed  

Frequency channels 3480-3500 (uplink for FDD) 

3580-3600 (downlink for FDD) 

20MHz channels, can be 
subdivided 

[ clviii] assumes 5MHz channels 

EIRP +14dBW/MHz  6dB ATPC [ clviii] 

Required interference protection 6-8dB From [ clviii] 

Service bit error rate 10-6  

Service availability 99.9% If not 99.99% 

Table 4 BFWA Scenario Parameters 
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Additionally, no synchronisation between cells will be assumed. Due to the licensed nature, interference will only exist 
from other 802.16a transmissions, constrained to the bands given above. The scenario covers Bristol city centre, with 
cell sizes ranging up to 1km, both high and low mounted antennas can be considered.  

Benefits 

The potential benefits of employing IC within this BFWA scenario are: 

• By enabling lower re-use factors, higher capacities are available within a cell 

• Cells can be more densely deployed 

• Higher order modulation can be supported over a greater area of the cell, particularly at the cell edges 

• Less coordination is required between operators, and by Ofcom (supporting light touch regulation)   

Q.3 FIXED LINKS 

Frequency assignment and planning for fixed microwave links is done on a first come first served basis, with 
allocation of frequencies starting at the lower end of the band. When allocations to a particular channel can no longer 
be made due to interference constraints, a new frequency is assigned.  The band is declared ‘congested’ when the 
highest frequency in the band can no longer be assigned. This pragmatic assignment procedure can lead to a very 
inefficient use of the frequency band. Interference constraints dictate whether new assignments can be made; 
consequently if a link equipped with IC can operate at a lower signal to interference ratio than a conventional link then 
it could be assigned, providing the link does not cause interference to existing links. For example, there may be a 
possibility to assign one-way links in congested bands if the interference problem is at the receive end of the link, but 
not two-way links with transmitters at both ends of the link if it would cause interference to an existing link. In this 
case, re-assignment of existing links would be necessary to permit receivers equipped with IC to improve spectral 
utilisation of the frequency band. However, often this may not be possible because equipment is designed to operate 
on a specific carrier frequency and so carrier frequencies cannot be easily changed. The possibility for IC to allow 
assignments to be made in bands where it is currently difficult, or not possible, to make assignments could be 
explored using a database of actual link assignments, rather than considering a random deployment. An example 
frequency band where assignments are difficult to make is the 7.5GHz band and the Fixed Link scenario is based on 
the database supplied by Ofcom for this band. 

Q.4 WIRELESS LANS 

The predominant standard for WLANs is the IEEE 802.11 series operating in unlicensed bands at 2.4GHz and 5GHz. 
There are two key issues concerning the use of IC within WLAN receivers; operation in unlicensed bands with many 
different interference sources and the multiple access protocol. The multiple access protocol for IEEE 802.11 is based 
upon Carrier Sense Multiple Access (CSMA). If a device capable of interference cancellation of other IEEE 802.11 
signals were used, which transmitted despite having received an IEEE 802.11 signal, then if the destination receiver 
was not capable of interference cancellation there would most likely be a collision. In some cases despite the 
transmitter perceiving that the channel is clear, a collision may occur at the receiver because the wanted transmitter 
cannot receive the interfering transmitter (the so-called ‘Hidden Terminal’ Problem). In this situation IC may have 
some benefit. Further, when infrastructure is deployed in a cellular fashion, then IC would have some considerable 
benefit for terminals at the cell edges. 

IEEE 802.11n is an extension of the existing standard to permit much higher bit rates, currently two proposals are 
being considered, and both use MIMO for the air interface. Interoperability with IEEE 802.11a/b/g equipment will 
mean that the basic operation of the MAC layer is preserved, and increased throughput will be achieved through the 
use of MIMO. A receiver capable of receiving a MIMO signal will incorporate IC, as MIMO transmission involves co-
channel transmission of different data streams. IEEE 802.11n equipment will certainly also support IEEE 802.11a/g, 
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consequently the increased processing requirements to handle the higher bit rates could be used to support IC for 
IEEE 802.11a/g modes to improve performance in some circumstances and enhance capacity in these modes of 
operation. 

Summary 

• IEEE 802.11n terminal with support for IEEE 802.11a/g modes 

• IC applied for IEEE 802.11 a/g modes to overcome ‘Hidden Terminal Problem’ 

Q.5 BROADCAST 

Four separate broadcast scenarios have been considered: Analogue/Digital switchover, to solve cross-border 
interference, applied to DVB-T and DVB-H to improve co-channel re-use. Of the scenarios the application to DVB-T 
and DVB-H was considered to have the most potential. In applying IC to DVB-H the motivation is to allow frequencies 
to be re-used more efficiently allowing greater content to be broadcast within the available spectrum. Depending upon 
the take-up of DVB-H there is a significant Economic benefit, and no legacy issues. However provision for IC must be 
in the standard for it to have any impact upon spectral efficiency and as the standard is relatively mature it is unlikely 
to be adopted. In DVB-T it is thought that although there is a considerable installed base of receivers without IC, 
relatively few receivers may require retro-fitting to improve co-channel re-use given the high protection ratios required 
in DVB-T against co-channel interference. Furthermore there is the precedent of Channel 5 re-tuning analogue video 
recorders to prevent interference from the Channel 5 signal. Consequently given sufficient incentive the broadcaster 
may incur the one-off cost of retro-fitting digital television receivers with ones incorporating IC. DVB-T is now relatively 
straightforward to implement in current technology, and the additional complexity of IC would not be a significant 
issue, whereas at the time when DVB-T receivers were first being developed it would be doubtful that the added 
complexity of IC could be tolerated. Furthermore chip set manufacturers would be hard pressed to meet timescales to 
market and unless IC was seen as a necessity in the initial implementation, then it would not be implemented. 

Q.6 RADAR 

Radar systems use a significant amount of spectrum in the region of 1-10GHz. Being able to release any of this 
spectrum to other services, or permit more extensive sharing could be of significant benefit and increase spectral 
utilisation. The technical feasibility of IC within radar receivers is unclear and there is a considerable legacy issue. 
Improvements in the spectral efficiency of radar systems can be sought through improvements to the waveform 
design, or filtering of existing signals to reduce out of band emissions, and therefore reduction of guard bands may be 
an alternative short-term solution to IC. 
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