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Abstract

This report will present the beamformer concept and di�erent equalisation

methods, and investigate their suitability and performance in an electromag-

netically crowded, hostile condition such as that encountered in a Satellite

Universal Mobile Telecommunication System (S-UMTS). The di�erent beam-

forming and equalisation schemes to be presented in this report are:

� Linearly constrained minimum variance beamformer

� General sidelobe canceller (GSC)

� Spatial Filter - GSC

� Adaptive Spatial Lest-Mean-Square (LMS) equalisation

� Adaptive Spatial Constant Modulus Algorithm (CMA) equalisation

� Symbolrate equalisation

� Fractionally spaced (oversampling) equalisation



Chapter 1

Introduction

The increasing demand for user capacity is the greatest challenge for the

network operators today. Since the number of radio-channels allocated to

the mobile system are strictly limited, the cellular concept was adopted to

improve the e�ciency of mobile networks. In this approach the same chan-

nel can be reused in cells that are su�ciently separated (reuse distance), so

that the cochannel interference is below tolerable levels. Terrestrial cellular

networks and the mobile satellite system are expected to converge towards a

future integrated satellite/terrestrial mobile communication network [1], in

order to increase capacity and improve the performance of existing systems.

This integrated system is called the Satellite-Universal Mobile Telecommu-

nication System or S-UMTS for short.

The S-UMTS systems are expected to handle various forms of information

such as speech (voice), image and data. As a result, much higher signalling

rates are required as compared to current standards such as the IS-54/136 in

the United States (24.3 kb/s per user), and the GSM in Europe (22.8 kb/s

per user) [2]. When the signalling rate is increased, the delay spread of the

channel (resulting from multipath propagation) will introduce signi�cant lev-

els of intersymbol interference (ISI) [3]. For TDMA and FDMA systems, the

ISI can be reduced by using an equalisation scheme that is capable of adapt-

ing automatically to the time varying channel characteristics. As a result

there is a great demand with respect to S-UMTS for high performance and

computationally e�cient equalisers. In conventional (non-blind) equalisers,

the optimal weights of the equaliser are estimated by transmitting a prede-

termined data (training) sequence [4]. The training technique reduces the

system capacity (number of users) in mobile communications. For such ap-
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plications, a blind equaliser which can adapt its tap weights without the aid

of a training sequence seems more appropriate.

The organisation of this report is as follows. An introduction to beam-

forming and spatial equalisation is given in Chapter 2. Chapter 3 presents

models for multipath, signal fading and linear array from a signal propaga-

tion point of view. The beamforming concepts and algorithms are explained

in chapter 4; their suitability for S-UMTS is investigated in Chapter 5. The

LMS and CMA spatial adaptive equalisation algorithms are introduced in

chapter 6. The advantages and disadvantages of using the fractionally spaced

version of the equalisers are explained in Chapter 7. In Chapter 8, the di�er-

ent spatial equalisation algorithms are evaluated, and their performance in

terms of symbol error rate is compared. Chapter 9 presents our conclusions.
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Chapter 2

Background to adaptive

beamforming and spatial

adaptive equalisation

techniques

In digital mobile communication systems the use of high speed data trans-

mission widens the frequency bandwidth, which leads to a much higher sus-

ceptibility of system performance due to multipath fading [5]. For this reason

multipath fading compensation techniques must be implemented in order to

realize such a wideband system. Due to the non-stationary behaviour of the

communication channels an adaptive equaliser is often implemented in order

to reduce the e�ect of multipath fading. By introducing several antenna el-

ements at the receiver side it is possible to achieve spatial resolution. This

array con�guration of antennas has the ability to cancel unwanted signals

(or jammers) that are not correlated with the desired signal by directing

nulls towards them (adaptive beamforming). An additional advantage of an

antenna array is its ability to avoid local fading minima. When one of the

antenna elements can not detect the desired signal, the other elements retain

this capability (as aresult of appropriate spatial separation between the ele-

ments) [6]. The most commonly used array con�guration is the linear array

see Fig. 2.1. This array has also been used in this evaluation.

The receiver in this study was placed at the downlink: the number of

antenna elements must therefore be restricted. We have chosen to use two

elements only see Fig. 2.2. There are two basic types of equalisers: conven-
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tional (non-blind) and blind. In Chapter 6, both types will be explained and

evaluated used in a spatial adaptive con�guration.

Source

Figure 2.1: Linear array con�guration.

Source

Spatial
Equaliser

Interferer

Figure 2.2: A spatial adaptive equaliser.
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Chapter 3

Mutipath Propagation and

Diversity Techniques

The proposed frequency band for the UMTS Satellite down link is from 2170

MHz to 2200 MHz. In NEWTEST the bandwidth has been divided into four

frequency bands, each cell thus has a bandwidth of 7.5 MHz. Each cell has

seven channels with a bandwidth of 1.071 MHz.

Thanks to the multipaths, the received signal energy level can vary signi�-

catly, thereby severely reducing the capacity of the channel. This phenomena

is called "frequency selective fading". An e�ective technique for reducing the

e�ects of signal fading is to use antenna diversity (multiple antennas/arrays

of antennas) in the receiver. The most commonly used array con�guration is

the linear array. This chapter presents models for multipath, frequency se-

lective fading and linear array and discusses these from a signal propagation

point of view.

3.1 Multipath propagation and frequency se-

lective fading

A transmitted signal is probably subject to reections from buildings, moun-

tains or other reectors. This leads to the received signal becoming distorted

or even temporarily suppressed. This so-called multipath channel will be

investigated using a transmitted narrowband signal de�ned as:

s(t) = Re[sl(t)e
j2�fct] (3.1)
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where sl(t) is the complex baseband equivalent, and fc is the carrier fre-

quency. Associated with each path are a propagation delay and an attenu-

ation factor. Both the propagation delays and the attenuation factors vary

slowly with time as a result of changes in the channel environment. The

received bandpass signal may thus be expressed in the following form

x(t) =
X
n

�n(t)s(t� �n(t)) (3.2)

where �n(t) is a time-varying attenuation factor for the signal received on

the n:th path and �n(t) is a time-varying propagation delay for the n:th path.

Substitution of s(t) from Eq. 3.1 into Eq. 3.2 yields

x(t) = Re

��X
n

�n(t)e
�j2�fc�n(t)sl(t� �n(t))

�
ej2�fct

�
(3.3)

It is apparent from Eq. 3.3 that the equivalent lowpass received signal is

rl(t) =
X
n

�n(t)e
�j2�fc�n(t)sl(t� �n(t)) (3.4)

and the equivalent lowpass channel is described by the time-varying impulse

response

c(� ; t) =
X
n

�n(t)e
�j2�fc�n(t)�(� � �n(t)) (3.5)

where c(� ; t) denotes the channel impulse responce at dealy � and at the time

instant t [5].

Now, let us consider the transmission of an unmodulated carrier at fre-

quency fc, thus sl(t) = 1. The received signal for this case is reduced to

rl(t) =
X
n

�n(t)e
�j2�fc�n(t) =

X
n

�n(t)e
�j�n(t) (3.6)

where �n = 2�fc�n(t). The received signal thus consists of the sum of a

number of time-variant vectors (phasors) with amplitudes �n(t) and phases

�n(t).

The amplitude attenuation factor �n(t) varies slowly and must change

su�ciently to cause a signi�cant change in the received signal. Since the

carrier frequency 1=fc is quite high, small delay di�erences give rise to large

phase changes. The multipath propagation channel embodied in the received

signal rl(t) results in signal fading. The frequency selective, fast fading phe-

nomenon is primarily a result of the time variations in the phases �n(t).
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That is, the randomly time-variant phases �n(t) associated with the vectors

�ne
�j�n result on occasion in the vectors adding destructively. When this

occurs, the resulting received signal rl(t) is very small, or practically zero. At

other times, the vectors f�ne
�j�ng add constructively, making the received

signal large. Thus, the amplitude variations in the received signal, so-called

signal fading, are due to the time-varying multipath characteristics of the

channel.

When the channel's impulse response c(�; t) can be modelled as zero-mean

Gaussian process, the envelope, jc(�; t)j will be Rayleigh distributed. This

occurs when the receiver cannot distinguish between a direct-path signal and

the reections. This kind of channel is called the Rayleigh fading channel.

In situations when there is a strong line-of-sight signal, c(�; t) cannot be

modelled as zero mean. Where this is the case the channel envelope has a

Rice distribution, and the channel is named Ricean fading channel.

3.2 Spatial diversity

By placing the receiving antenna in di�erent locations, di�erent signal levels

will be received. Independent branches may thus be obtained by using two

or more adequately spaced receiving antennas. It is shown in [6] that a sepa-

ration of approximately half a wavelength is required for the autocorrelation

function between the received signals to be close to zero. The probability

that the receiver is exposed to signal fading can thus be signi�cantly reduced

by using spatial diversity (antenna diversity) when the antenna elements are

separated by half a wavelength or more.

One common array con�guration is a linear array see Fig 3.1 which will

be presented in this section from a signal propagation point of view. By

assuming a point source, it will be shown how the linear array a�ects the

received signal. The linear array acts as a FIR (Finite Impulse Response)

�lter in the spatial domain where there is a narrowband incoming wave front.

The antenna elements sample the incoming waves at the spacing distance.

Between each antenna element in the linear array an incident waveform from

an angle � experiences a time delay � . This � can be determined using the

following equation:

� =
d

c
sin � (3.7)

where d is the antenna element spacing, c is the speed of light and � is the
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Figure 3.1: Propagating wavefront from a point source.

angle of arrival (AOA) of the wavefront. Each sensor samples the incoming

wavefront. Where the incoming wavefront is single, a signal x(t) is received

at the �rst element. The next element will receive the same signal � seconds

later, i.e. x(t � �), and so on. This time delay corresponds to a shift in

the phase of the signal when observed by each antenna. The phase shift,

�, or the electrical angle observed at each antenna due to the AOA of the

wavefront may be found from

� =
2�d

�0

sin � =
!0d

c
sin � (3.8)

Here, �0 is the wavelength of the signal at the frequency f0 as de�ned by:

�0 =
c

f0
(3.9)

Hence, a bandpass signal s(t) that crosses the sensor array and exhibits a

phase shift � between uniformly spaced consecutive antenna elements can be

characterised by the baseband vector xl(t), de�ned as:

xl(t) = s(t)ld(�) (3.10)
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where

d(�) =

2
66666664

1

e�j�

e�2j�

...

e�(K�1)j�

3
77777775

(3.11)

The d(�) is aK�1 vector and is also kown as the steering vector. In the above
model the assumption has been made that the inverse signal bandwith is large

compared to the travel time across the array (the narrowband assumption).

This is true in our case, where the inverse bandwith is approximately 0:13�s,

while the travel time across the array is, at the most, a few ns. Thus by

combining Eq. 3.2 and Eq. 3.10 the received signal from a linear array in a

multipath environment may be expressed as:

x(t) = Re

��X
n

�n(t)e
�j2�fc�n(t)sl(t� �n(t))d(�n)

�
ej2�fct

�
(3.12)

where x(t) is a K � 1 vector and d(�n) is a K � 1 steering vector for each

multipath component. The baseband equivalent is given by :

rl(t) =
X
n

�n(t)e
�j2�fc�n(t)sl(t� �n(t))d(�n) (3.13)
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Chapter 4

Adaptive beamforming

algorithms

In this chapter several adaptive beamforming algorithms are presented and

their suitability is analysed for the Satellite-UMTS scenario. The beamform-

ing methods presented here employ geometrical models to form constraints

in the spatial domain both in order to obtain the target signal and to form

nulls to suppress the undesired signals (jammers). Such methods are: the

linearly constrained minimum variance beamformer; the general sidelobe can-

celler, and the spatial �ltering general sidelobe canceller. These methods are

explained below.

4.1 Linearly constrained minimum variance

beamformer

The linearly constrained minimum variance (LCMV) beamformer see Fig.

4.1, forms a hard constraint on the beamforming �lter weights [7]. The con-

straint controls the column sums of the �lter weights, where each column

sum equals a desired value. Such stringent constraints prohibit the adaptive

�lters from cancelling the target signal. The target signal is thus �ltered in

the time domain by the �lter given by the column sums. The optimisation

minimises the output power from the beamformer under a linear constraint,

which prevents the output becoming zero. The optimisation can be made

adaptive by using the Frost algorithm [7]. The beamformer requires knowl-

edge of the target signal location and the array geometry. The beamformer
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The Frost
Algorithm

Figure 4.1: The Linearly constrained minimum variance beamformer.

is sensitive to multipath and errors in the assumed model characteristics [8].

It cannot directly handle jammers that are correlated with the target signal,

although a spatial smoothing technique has been suggested in order tohandle

this problem [9]. A number of methods for making the LCMV more robust

to model mismatch have been introduced in the literature [9] - [13].

4.2 General sidelobe canceller

The General Sidelobe Canceller (GSC) [14] reformulates the LCMV beam-

former so it is unconstrained. The GSC algorithm can be divided into two

parts: one �xed upper beamformer which forms a �xed beam in the desired

direction; and a lower part consisting of a block matrix and an adaptive

cancelling structure. The blocking matrix see Fig. 4.2, prevents the target

signal reaching the adaptive cancelling structure. The input signals to the

adaptive �lters consist of undesired signals only, which can be cancelled from

the upper part. The algorithm assumes that the desired signal has a known

direction of arrival (DOA), and that the assumed a priori model is correct.

In order to handle imperfections in the DOA estimation and to some extent

the model errors, a Spatial Filter-GSC [10] can be used. Other methods for
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Lobe
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Beam
forming

Blocking

LMS

Cancelling structure

Matrix

Figure 4.2: General sidelobe canceller structure.
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handling this situation are the eigen-vector constraints [11] and the derivative

constraints [12].

4.3 Spatial �lter - GSC

The idea of the Spatial Filtering GSC (SFGSC) [10], see Fig. 4.3, is to

introduce a �lter design approach to the problem as opposed to a constrained

optimisation approach. The following tasks should be performed:

� Design an upper beamformer that enhances the desired signal/signals;

that is the desired signal/signals and their DOA are known with reason-

able accuracy. Ensure that the design is such that the desired signals

fall into the passband of the beamformer.

� Design the lower beamformers in such a way that they have a stopband

in the desired direction. The lower beamformer suppresses the desired

signal/signals below a certain level so that the adaptive canceller sup-

presses the jamming signals only.
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Figure 4.3: Spatial Filter general sidelobe canceller structure.

14



Chapter 5

Adaptive beamforming

algorithms

The SFGSC will work satisfactorily when the following two conditions are

ful�lled:

� The interferer and the desired signal are spatially separated so that

the desired signal is not present in the input signal to the adaptive

canceller.

� There is no correlation between the interferer and the desired signal,

i.e. there is very little multipath propagation. The essential parame-

ter is the spatial spread of the desired signal; when this falls into the

protected lobe, no suppression is achieved.

5.1 Suitability of beamformer algorithms for

the NEWTEST S-UMTS Proposed Sys-

tem

In the NEWTEST project, we employ a satellite system (down link scenario)

in which the strongest interferer is sent from the same satellite: there is thus

no spatial separation. This system also su�ers from multipath propagation

problems. The LCMV, GSC and SFGSC or similar beamforming schemes,

will not work in their original form in these situations and, have therefore
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been excluded from this report. In the next chapter we investigate the suit-

ability of spatial adaptive equalisers for this scenario.
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Chapter 6

Spatial adaptive equalisation

algorithms

A spatial adaptive equaliser utilises the spatial domain in order to obtain di-

versity in the receiver. This can be achieved by using several omni-directional

antennas. This chapter presents several spatial adaptive equaliser algorithms,

and discusses their bene�ts and drawbacks.

6.1 Conventional (non-blind) spatial adaptive

equalisers

One of the best known adaptive algorithms is the Least-Mean-Squared (LMS)

algorithm. The performance of this algorithm is highly dependent on the

quality of the desired signal [15]. When the LMS equaliser has access to a

high quality desired/training signal good performance resluts are obtained.

Fig. 6.1 shows, a spatial adaptive LMS equaliser is shown. De�ne x[k] and

w[k] as a 2-dimensional received signal vector and weight vector, respectively.

At time t = kTs(k = 1; 2; : : :), where Ts is the sampling period, x[k] and w[k]

can then be written as:

x[k] =
h
x1[k]x1[k � 1] � � �x1[k � L+ 1] x2[k]x2[k � 1] � � �x2[k � L+ 1]

iT
(6.1)

w[k] =
h
w11[k]w12[k] � � �w1L[k] w21[k]w22[k] � � �w2L[k]

iT
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w1

w2
x2

x1

y

d

Figure 6.1: Spatial LMS adaptive equaliser.

where L denotes the �lter length and T is a transpose operator. For complex

signals, both x[k] and w[k] are represented by a complex vector. The output

signal of the LMS spatial equaliser y[k] is then given by:

y[k] = w
H [k]x[k] (6.2)

where H denotes the transpose and complex conjugate. The weight update

equation is de�ned by:

w[k + 1] = w[k] + �(d[k]� y[k])�x[k] (6.3)

where � denotes the complex conjugate and d[k] is the training/desired signal.

The LMS algorithm described in Eq. 6.3 has a rather slow convergence rate

[16]: the normalised version of LMS, the NLMS algorithm, is thus normally

used, see Eq. 6.4.

w[k + 1] = w[k] +
�(d[k]� y[k])�x[k]

x
H [k]x[k]

(6.4)

Henceforth, the spatial adaptive LMS equaliser will be controlled by the

NLMS algorithm.
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6.2 Blind spatial adaptive equalisers

The main problem with the LMS (non-blind) equaliser is that its performance

is highly dependent on the quality of the training/desired signal [15]. Blind

techniques avoid this disadvantage by exploiting some a priori information

about the signal characteristics (statistics). Among the various blind equali-

sation algorithms, the Godard (CMA) algorithm [4] is one of the best known

and simplest blind adaptive equalisation algorithms. This algorithm was also

independently developed and extended by Treichler and co-workers [17]. Fig.

6.2 shows the basic architecture of the CMA spatial adaptive algorithm. The

CMA

w1

w2
x2

x1

y

Figure 6.2: Spatial CMA adaptive equaliser.

output signal of the CMA spatial equaliser y[k] is given by:

y[k] = w
H [k]x[k] (6.5)

where the input vector to the equaliser x[k] and the equaliser weight vector

w[k] are the same as de�ned for the LMS algorithm, see Eq. 6.1. By using

the assumption that the transmitted signal has a constant envelope, the

array output y[k] should also have a constant envelope. The multipath fading

causes amplitude uctuations in the received signals, however. The objective

of CMA is to restore the array output y[k] to a constant envelope signal on the

average. This is accomplished by adjusting the weight vector w[k] in order

to minimise the cost function J , which provides a measure of the amplitude

uctuations. Since we have one signal y[k] at the output of the spatial array,

the cost function J is given by:

Jpq = E

��
jy[k]jp � 1

�q�
(6.6)
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where E is an ensemble average operation. The cost function J can be

minimised by using a gradient search algorithm. The parameters p and q

control the sensitivity and the convergence behaviour of the CMA algorithm.

Smaller p and q usually provide higher noise tolerance and stability, but the

convergence is slower. To ensure convergence and reasonably small tap-gain

uctuation, (p; q) are set to (1,2) or (2,2). By replacing the ensemble average

operation with an instantaneous value in the cost function J , we obtain the

update equation of w[k] as:

w[k + 1] = w[k]� �a"p[k]
�

x[k] (6.7)

"1[k] = y[k]�
y[k]

jy[k]j
(6.8)

"2[k] = y[k]
�
y[k]2 � 1

�
(6.9)

where �a is the step-size constant and where the "1[k] and "2[k] replaces the

usual error signal in the LMS algorithm.

The update equation of wk is similar to that used in the LMS algorithm.

There is one important di�erence however, in that the CMA requires no

reference signal for estimating the function "p[k]. It is also clear from the

de�nition of J and the CMA weight update equation that the algorithm is

insensitive to phase uctuations. Conventional (non-blind) algorithms e.g.,

the LMS employ the mean square error (MSE) cost function to compensate

both the amplitude and phase of the signal by the use of a reference signal

which is a replica of the transmitted signal. However, due to the phase insen-

sitivity of the CMA, the carrier phase must be recovered after the adaptive

processing. The phase recovering algorithm proposed by Godard [4] is a �rst

order phase locked loop (PLL) as shown in Fig. 6.3.

The algorithm can be expressed as:

�[k + 1] = �[k]� ��Im[aky[k]e
�j�[k]

i
(6.10)

where Im denotes the imaginary part of the expression, �� is a real positive

step size parameter and ak is an estimate of the transmitted symbol. In

the presence of a frequency o�set, a second order PLL is necessary to lock

with a zero mean steady state phase error. It should be noted that a good

estimate of ak is needed to recover the phase. As a result, the equaliser must

wait before switching into the decision directed mode until the eye in the eye

diagram has opened up to enable a good symbol estimate. It should also

20
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Figure 6.3: Spatial CMA adaptive equaliser with a phased locked loop circuit.

be noted that the equaliser coe�cients that minimise the dispersion function

closely approximate those which minimise the mean squared error. The eye

is open when the MSE approaches -15 dB [8]. At this point, convergence can

be speeded up by switching the equaliser into the decision directed mode.

6.3 The Normalised CMA (NCMA) algorithm

The main drawback of the CMA algorithm is the relatively slow convergence.

This becomes increasingly signi�cant as wireless applications involving rapid

changes in channel characteristics become more common. In order to improve

the speed of convergence of the CMA algorithm, a normalised version of the

algorithm (NCMA) is suggested. In the NCMA, the algorithm is divided

(normalised) by the envelope of the input signals (i.e. L1 norm of the input

vectors). This yields the following normalisation factor:

�ki =
1

L

X
k

jxi[k]j (6.11)

The NCMA weight update equation is now given by :

w[k + 1] = w[k]� �
0

a"p[k]
�

x

0

[k] (6.12)

where w[k] is de�ned as previously. The input vector x
0

[k] is however now

de�ned by:

x

0

[k] =

"
x1[k]

�k1

x1[k � 1]

�k1
� � �

x1[k � L + 1]

�k1

x2[k]

�k2

x2[k � 1]

�k2
� � �

x2[k � L+ 1]

�k2

#T
(6.13)
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The conventional CMA algorithm and its normalised version NCMA have

been compared under the following conditions:

� QPSK baseband modulated signals sampled at symbol rate.

� The channel distortion �lter is given by the following z-transformH(Z) =
1

1�:9z�1 .

� A channel coloured gaussian noise with � = 10�6 has been added to

the signal.

Fig. 6.4 shows that the NCMA has much faster convergence than the con-

ventional CMA algorithm. This result has been achieved with the channel

model described above, and the case 1 algorithm. This results justify the

decision to use the NCMA algorithm instead of the CMA in the equaliser.

Henceforth, the Spatial Adaptive CMA equaliser will be controlled by the

NCMA algorithm.

Fig. 6.5 compare the normalised versions of the LMS and CMA algo-

rithms. The comparison was carried out under the same conditions as those

in Fig. 6.4. This �gure clearly shows that the NLMS algorithm achieves

a much faster convergence than the NCMA algorithm; this result was ex-

pected since the NLMS algorithm uses a training signal while the NCMA

has no access to such a signal.
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Chapter 7

Fractionally spaced equalisers

The optimal receiver for a digital communication system, assuming a linear

channel and additive white Gaussian noise (AWGN), is a matched �lter. This

�lter should be matched to both the transmitted signal and the channel, and

that requires good knowledge of the channel. It is thus common to have a

receiver only matched to the signal form only, and to include a symbol rate

clocked equaliser. This assumes that there is good timing between the trans-

mitter and the receiver. These requirements may be relaxed when using a

fractionally spaced equaliser [18], in which case the received signal is sam-

pled several times per symbol. The fractionally spaced equaliser has some

advantages over the symbol rate equalisers [18]:

� There is no need for a matched �lter.

� Sampling at a higher rate than the symbol rate makes it easier to

extract timing and carrier information from the received signal.

� Fractionally spaced equalisers perform better than symbol rate equalis-

ers in extremely noisy environments.

One drawback of the fractionally spaced equaliser as compared with the

symbol rate equalisers is that the former has a higher computational load

due to a higher sampling rate.
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Chapter 8

Evaluation of spatial adaptive

equalisers

This chapter presents an evaluation of the spatial adaptive equaliser algo-

rithms. A simpli�ed S-UMTS down link channel model, shown in Fig. 8.1,

has been used in this study in order to test the adaptive equaliser algorithms.

The di�erent functional blocks in Fig. 8.1 are explained below:

Comparison

I

Q
SRRCF Non-

linearity
Channel Equaliser Decision

Figure 8.1: The simpli�ed down-link S-UMTS channel model.

� The I-Q function creates the in-phase and quadrature components of

the signal to be transmitted through the channel.

� The SRRCF block �lters the I and Q components through a Square

Root Raised Cosine Filter (SRRCF), and over-samples the signal with

a factor 8.

� The non-linear block simulates the e�ects of non-linear Travelling Wave

Tube (TWT) ampli�ers.
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� The channel model includes the e�ect of multipath propagation, Doppler

shift and up/down link noise on the transmitted signal.

� Di�erent equalisation schemes are applied to the channel output.

� A symbol decision is made for each symbol time point. This is then

compared to the original transmitted signal, and the Symbol Error Rate

(SER) is calculated.

This simpli�ed model is useful for test purposes. The model is a modi�ed

version of the Newtest WP2 channel model (the complete satellite down link

channel model is described in details in NEWTEST project D2n1, D2n2

deliverables [19], [20]). The simpli�ed satellite down link channel see Fig.

8.1 used here for testing the adaptive antenna algorithms is a more open

system which gives access to the signal before and after it is transmitted. In

this way, it is possible to calculate the SER. The channel can simulate up to

three multipaths. The simulation parameters that can be selected are:

� Number of multipaths

� Delay and delay spread

� Mobile speed

� Signal to Noise Ratio (SNR)

� The distance between the antenna elements.

By changing the above parameters we obtain di�erent channel environments.

In order to achive a good assessment of the performance of the adaptive al-

gorithms, a di�cult channel (i.e., a channel with severe multipath fading

problem) has been simulated and tested. In all simulations the up-link SNR

has been �xed to 15 dB and the TWT ampli�ers have been assumed to be

operating at their saturation point. In this way, the worst possible case for

the non linearity e�ects has been simulated. The speed of the vehicle and

the down-link SNR was varied in the di�erent simulations. The LCMV, GSC

and SF-GSE beamforming schemes will not work in this situation as already

pointed out in Chapter (5.1) due to the multipath propagation and the lack

of spatial diversity. Simulation results that show the performance of the

NCMA and NLMS equalisers in a multipath, noisy S-UMTS channel will be
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presented. Two versions of the equalisers have been simulated: the sym-

bol rate sampling and the fractionally spaced sampling equaliser. Results

will be provided for single-channel as well as dual-channel equalisers. An

over-sampling factor 8 has been used in all the fractionally spaced equaliser

simulations. The SER value has been calculated after the di�erent algorithms

have converged and 200 erroneous decisions occurred. The NCMA algorithm

used in these simulations is the case 1 (p = 1 ) algorithm, because it is more

resistant towards noise than case 2. Fig. 8.2 shows that the fractionally

spaced NCMA equaliser is not sensitive to the speed of the vehicle and that

the di�erence becomes more notable for SNR higher than 15 dBs. The ad-

vantage of using the fractionally spaced NCMA equaliser as opposed to the

symbol rate equaliser is shown in Fig. 8.3. The improvement in SER-value

is at the expense of a higher computational load. The advantage of using

two antennas as opposed to a one is shown in Fig. 8.4. The di�erence is

accounted for the fact that a fading dip is less likely to occur at two elements

at the same time. Finally, Fig. 8.5 compares NCMA and NLMS equalisers

(fractionally spaced). It is clear from this �gure that the NLMS algorithm

outperforms the NCMA. This was expected since the NCMA is a blind al-

gorithm while the NLMS requires a predetermined training signal. Another

di�erence between the algorithms is that the NCMA algorithm needs 5 times

more training data to converge than the NLMS algorithm does.
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Figure 8.2: A fractionally spaced NCMA simulations when the speed of the

mobile is altered.
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Figure 8.3: A fractionally spaced NCMA vs. symbol rate NCMA equaliser

(v = 100km=h).
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Figure 8.4: A fractionally spaced NCMA equaliser using two antennas com-

pared with the one antenna solution (v = 100km=h).
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Figure 8.5: A fractionally spaced NCMA equaliser compared with a fraction-

ally spaced NLMS equaliser (v = 300km=h).
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Chapter 9

Conclusions

This report has presented di�erent beamforming and equalisation algorithms.

These include the GSC and SF-GSC beamformers, as well as the adaptive

NLMS and NCMA equalisers. The GSC and SF-GSC schemes were found

to be unsuitable for the NEWTEST satellite system (at the down-link) in-

vestigated here as they are highly sensitive to multipath propagation and

also because there is a lack of spatial diversity between the transmitted sig-

nal and the other unwanted signals (jammers). However, both the spatial

NLMS and NCMA equalisers (in particular the fractionally spaced version

of the equalisers) have performed well. As expected, the NLMS algorithm

outedperform the NCMA algorithm by achieving a lower SER level and a

faster convergence rate.

The NCMA is nonetheless a very useful algorithm for an S-UMTS system

for two reasons: Firstly, the NCMA is a blind algorithm. It can thus adapt

to the channel without the use of a training sequence, thereby reducing the

system overhead resources and increasing the capacity. Secondly, the NCMA

algoritm can still achieve a resonable SER level (in the range of 10�4� 10�5)

for a down-link SNR above 15 dBs. An alternative option is to use the Spatial

NCMA equaliser as a pre-equaliser to open up the decision eye. Follow-up

algorithms can then be used to suppress the SER value still further.
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