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Abstract

Due to the constant increase in the number of GSM subscribers, the capacity of the GSM network must
continually be expanded. A new method for realizing capacity increase is the use of smart antennas. A
smart antenna is an adaptive array antenna that controls its own radiation pattern.

GSM is a mobile phone system based on a cellular network. The number of channels out of the total
number of channels available that can be used in a particular cell is limited by interference from other
cells. Another important characteristic of the GSM environment is the multipath propagation that occurs.

The two main categories of adaptive algorithms are optimum combining algorithms and direction
finding algorithms. Optimum combining algorithms adjust the radiation pattern in such a way as to
optimize the received signal. An example of an optimum combining algorithm is the Least Mean Squares
(LMS) algorithm. A direction finding algorithm can be used to find the direction of the desired signal so
that then a beam can be pointed in that direction. An example of a direction finding algorithm is MUSIC
(MUltiple SIgnal Classification).

Simulations show that the MUSIC algorithm is able to deal better with multipath that occurs in a
GSM situation than the LMS algorithm is. Therefore, the choice is made for using direction finding.
MUSIC is found to be a more reliable algorithm than the UCA-ESPRIT algorithm, another direction
finding algorithm. Simulations show that the MUSIC algorithm can accurately determine the direction.
The gain in the carrier-to-interference ratio relative to an omni-directional antenna is typically around 8
dB and mostly in the range 5-15 dB.

The MUSIC algorithm and the beamforming are implemented on a fixed-point DSP (Digital Signal
Processor). The results of the implementation show neglibible differences with the simulation results. The
total time required for direction finding and beamforming for a single TDMA burst is 3.53ms, less than
the GSM frame time of 4.6ms. The use of measurement data and a system for realtime processing will
test the use of the algorithm in practice.

The implementation of direction finding in combination with a directional beam using DSP technology
has been completed successfully. However, practical tests have yet to be done.
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Chapter 1

Introduction

The GSM (Global System for Mobile communications) system is a digital cellular mobile phone system. It
was officially launched in Europe in 1992. Since then the number of GSM subscribers has been continually
expanding. As a consequence of this, GSM service providers must continually expand the capacity of their
networks. There are various methods to achieve this, such as cell splitting and the use of sector antennas.
An exciting new method for realizing capacity increase is the use of smart antennas. A smart antenna is
an adaptive array antenna that controls its own radiation pattern.

To understand the benefit of smart antennas, consider the situation that the required separation between
base stations using the same channel is decreased. This will result in a capacity increase, as each base
station will be able to use more channels. However, this will also result in an interference increase and
the carrier-to-interference (C/ l) ratio is likely to drop below the necessary level. If however a smart
antenna is used, the gain of the antenna can be made small in the direction of the interferers and large in
the direction of the desired signal. This will compensate for the increase in interference and thus enable a
smaller distance between mobiles using the same channel.

At KPN Research a project is being worked on of which the objective is to develop a smart antenna
system. However, creating a fully adaptive smart antenna base station that will work correctly under all
circumstances is not easily achieved. The main problems are the large number of signals arriving at the
base station and the processing speed of the hardware.

The work dealt with in this report is the elaboration and continuation of the graduation project of
Edwin Weijers [1]. His work focussed on the general setup of a smart antenna system and the choice
of an algorithm, whereas in this report the actual implementation of an algorithm is more important.
The objective is the implementation of an adaptive algorithm in a digital signal processor (DSP). The
implementation of the algorithm must be sufficiently accurate and reliable, while still remaining fast
enough to process the GSM signals in real-time.

In chapter 2 the characteristics ofthe GSM system, that are important for smart antennas, are considered.
In chapter 3 various algorithms are theoretically considered. Next, in chapter 4, the performance of two
algorithms, the LMS and the MUSIC algorithm, is compared by performing simulations. In chapter 5
again two algorithms are compared, namely the MUSIC and the UCA-ESPRIT algorithm. In that chapter
the focus is more on simplifying the implementation to achieve fast processing and the determination
of the gain that can be achieved using an adaptive algorithm. Chapter 6 deals with the implementation
aspects of the algorithm. In chapter 7 a setup for the system of which the algorithm is a part will be
suggested. The points that have to be considered when testing the algorithm in practice are examined in
chapter 7. Finally, in chapter 8 conclusions are drawn about the work in this report. That chapter also
contains recommendations for further work.

9



Chapter 2

The GSM system

2.1 Introduction

Before considering the application of smart antennas for GSM, some general characteristics of GSM will
be given in this chapter. Although there are many details, in this chapter two main subjects are considered.
The first subject examined is the structure of a cellular network, which is important for the understanding
of how interference reduction can result in capacity increase. The second subject considered is the physical
channel. Important characteristics of the physical channel are the modulation method, the frame structure
and the propagation channel modelling. This infonnation is important as it is used for simulations.

2.2 Cellular networks

In practice the planning of the placement of base stations is a complex process. The field strength in the
area surrounding a base station depends on many parameters, such as transmitted power, antenna heights
and building height in the area. The capacity required in a certain area is dependent on the mobile phone
use in the area, which will differ significantly between rural areas and busy towns. When theoretically
considering the structure of a cellular network many simplifications are made.

The most simple way to model the coverage of a base station is to use a circle. When placed next to
each other, these circles will overlap. Therefore, the shape of a cell is often modelled as a hexagonal area.
The reason for this choice is that it is possible to draw multiple cells without any overlap. A frequency used
in a particular cell can not be used in a directly adjacent cell, as this would cause too much interference.
There has to be sufficient distance between the cells where a frequency is reused for the interference level
to be low enough. The distance between frequency reuse cells will decrease as the number of cells in a
cluster decreases. A cluster of cells is a group of cells, all of which use different frequencies. Figure 2.1
shows the structure of a cellular network. The pattern used is one with a reuse factor K = 7. Other often
considered patterns are K = 3 and K = 4. As mentioned in the above paragraph, this is a simplified
situation. In reality the area which a base station covers will generally not be a circle and the size of cells
will differ.

In total there are 124 different available frequencies in the GSM band in the uplink as well as the
downlink direction. If the reuse factor K is 7, each base station will have either 17 or 18 frequencies. If
the reuse factor is 4 resp. 3, each base station will have 31 resp. 41/42 frequencies. As the number of
mobiles that can simultaneously be in contact with the base station is directly proportional to the number
of frequencies, a smaller reuse factor results in a larger capacity.

The total C/ I ratio is calculated using:

C

I

C

11

(2.1)
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o Transmission range of cell nr. I

Cell border

- Clusters of cells using different frequencies

Figure 2.1 Cellular structure

where C is the desired signal power, Ii is the the power of interferer number i and Uis the number of
interferers. The total interferer power can only be calculated by summation because the signals from the
different interferers are uncorrelated. The power of interferer i relative to the desired signal is:

(Ii) (d1i )- = -40 log -
C dB de

(2.2)

The factor 40 in the above equation results from the fact that the attenuation is assumed to be 40 dB/decade,
which is a typically used value. As an example, consider a case with six interferers, all of them a factor
three further away from the base station than the mobile within the cell. Using equation (2.2), ~ = -19.1
dB. The total interference is six times larger than the interference from a single interferer, resulting in
~ = -19.1 + 7.8 dB, or q= 11.3 dB.

2.2.1 Required carrier-to-interference ratio

The C/ I ratio is required to be above a certain value:

(2.3)

where the subscript r stands for required and the subscript s stands for sensitivity. For a satisfactory
quality, GSM requires a (C/ l)s value of 10 dB [10]. The C/ I ratio will have a nominal value and a
statistical variation due to the geography of the terrain (log-normal fading). It is often demanded that the
probability that the C/ I value remains above 10 dB is P = 0.85 [10]. To achieve this the nominal C/ I
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ratio must be a certain amount of dB above the the value of (CI l)s' That results in the equation:

13

(2.4)(C) > (C) x Mo
I r,n I s

where the subscript n stands for nominal. Mo denotes the increase in the nominal ell ratio above the
sensitivity value, to ensure that the required sensitivity is obtained with the desired probability P. Based
on a typical log-normal distribution for urban areas and the desired probability P = 0.85, a value for Mo
for urban areas of 6 (linear), or 8 dB is found. Adding this 8 dB to the 10 dB mentioned above, results in
the following requirement:

(C) > 18 dB (2.5)
I r n

The above equation will be used in this report to determine if the link being considered is of satisfactory
quality.

2.3 Physical channel

2.3.1 Modulation

The modulation technique used for GSM is Gaussian Minimum Shift Keying (GMSK). The most important
feature of GMSK is that it is a constant-envelope variety of modulation, while still using spectrum
efficiently. Constant-envelope modulation techniques are less sensitive to nonlinear characteristics of
amplifiers, which cause spectrum spreading.

First the input bits di E (0, I) are differentially encoded [11]:

di = di EEl di-I

ai = 1 - 2di

When MSK is used, the pulse shape g(t) used for the bit sequence is:

g(t) = rect(tIT)

(2.6)

(2.7)

(2.8)

(2.9)

where the function rect(t I T) is defined by:

rect(tIT) = liT for It I < T 12
rect(t IT) = 0 otherwise

When GMSK is used, the differentially encoded bit sequence is Gaussian filtered. In this filtering, the
factor BT is a parameter, where T is the bit period and B is the 3 dB bandwidth of the filter. GSM uses
BT = 0.3, leading to very efficient usage of the spectrum, at the expense of a fair amount of lSI. The
pulse shape g(t) then is:

g(t) = h(t) * rect(tlT)

where h (t) is the impulse response of the Gaussian filter.
The signal b(t) to be modulated is:

The phase of the modulated signal is:

(2.10)

(2.11 )

cp(t) If it b(u)du
2 -00

= Lai If it-iT g(u)du
i 2_00

(2.12)
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T Coded data S Training sequence S Coded data T

3 57 I 26 I 57 3

Figure 2.2 Structure of a normal burst

and the modulated RF carrier is expressed as:

u(t) = J2Pc cos(2nfot + ({i(t) + ({io) (2.13)

where Pc is the power of the signal, fa is the centre frequency and ({io is a phase offset that is constant
during a burst. The modulated signal u(t) must be filtered to ensure that the signal fits into the 200 kHz
band that is available for each carrier.

By examining equation (2.12), the phase trajectory of a MSK signal can be determined. If the
differentially encoded bit is 1, the phase increases linearly by n /2. If the differentially encoded bit is 0,
the phase decreases linearly by n /2. When GMSK is used, the phase trajectory will be smoother, due to
the filtering. As a consequence of this the first derivative of u (t) will be continuous.

2.3.2 Frame structures

GSM makes use of both FDMA and TDMA. The total available frequency spectrum is divided into 200
kHz channels by the use of FDMA. Each channel has frames containing eight TDMA bursts. There are
various different burst structures. The most common is the normal burst. It is used when a call is in
progress. Other burst structures are used when establishing the link between the mobile and the base.

In figure 2.2 the structure of a normal burst is given. The 26 bit long training sequence in the middle
of the burst is one of a possible eight known bit sequences. A base station and all the mobiles in contact
with that base station transmit the same training sequence. As the mobiles and the base station know
which training sequence to expect, the way the training sequence is received can be used to determine
the channel characteristics (most importantly, the multipath propagation). The knowledge of the channel
characteristics can then be used to demodulate the data bits, even in the presence of a large amount of
multipath. For this purpose all GSM receivers contain an equalizer. The two blocks of 57 coded data
bits contain either signaling data or user data. The two stealing flag (S) bits indicate whether the data is
signaling or user data. At the beginning and end of each burst there are 3 tail bits (T). The tail bit time
covers the period of uncertainty during the ramping up and down of the power bursts.

2.3.3 Channel modelling

The most important characteristic of the channel is the multipath propagation. In general the signal will
be received via multiple paths. Possible paths are direct line-of-sight, reflection on the ground, buildings
and other objects and scattering. Different components will have three varying parameters: the time of
arrival, the direction of arrival and the power value. In general, there will be more multipath components
in built-up areas than in rural areas.

In the GSM Technical Specifications, several models are given. In all models either 6 or 12 multipath
components are assumed to be received by the antenna. For each component the relative time and average
relative power are given. No information is given about the angles of arrival. Very little information about
the angles of arrival is available anywhere, as the angles of arrival are not really important for conventional
GSM base stations. If the mobile station is moving, each multipath component will have a doppler shift.
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2.4 More information
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For more complete information, the book [3] is a comprehensive introduction to GSM. If more detailed
technical specifications are required, the GSM Technical Specifications published by ETSI should contain
the required information. Also, the report [1] contains a description of GSM in appendix A.

Section 3.3 of [3] contains more information about cellular structures. For more information about
modulation, see [3], pp. 135-142 or TS (Technical Specification) GSM 05.04 (Modulation). For more
information about multiple access techniques and frame structures, see [3], pp. 71-86 or TS GSM 05.01
(Physical Layer on the Radio Path (General Description». For multipath models, see annex C of TS GSM
05.05 (Radio transmission and reception).



Chapter 3

Overview of adaptive algorithms

3.1 Introduction

Adaptive algorithms can be used in cellular radio systems such as GSM to improve the quality of the radio
link. The adaptive aspect of the algorithm is that it will adapt the radiation pattern of the antenna array.
Various reasons can be given for using adaptive algorithms, but algorithms for achieving these objectives
can be divided into two main categories. The first category is algorithms which automatically adjust the
weights in such a way that the gain in the direction of interfering signals is minimized. These algorithms
will be referred to as 'optimum combining' algorithms. The second category is algorithms that determine
out of which directions signals are arriving. From these directions, the direction of the desired signal is
determined. These algorithms are referred to as 'direction finding' algorithms. The main beam of the
antenna array is then pointed in the direction of the desired signal.

In the literature information can be found about various projects. Wells [17] suggests a system that
uses the LMS algorithm, a well-known optimum combining algorithm. Ohgane et al. [16] make use of the
CMA algorithm, another optimum combining algorithm. Farsakh and Nossek [18] use direction finding
combined with beamforming to enable SDMA. Anderson et al. [19] consider the feasibility of an adaptive
antenna system using direction finding. Therefore, it follows that the literature shows no clear preference
of either optimum combining or direction finding. Weijers [1] prefers the use of direction finding for
GSM. However, results presented in articles such as [17] and [16] show that large improvements can be
achieved with optimum combining techniques. Therefore, both categories of algorithms are considered.

3.2 Application of adaptive algorithms

The main reason for implementation of an adaptive algorithm for GSM is interference reduction. The
interference reduction is achieved by the fact that the radiation pattern has smaller gain values in the
direction of the undesired signals than in the direction of the desired signal. Although the interference
reduction could be used to improve the resulting speech quality, this is not its intended use. Because the
interference level is reduced, it is possible to decrease the frequency re-use distance, thus increasing the
capacity. The capacity could be increased even more ifuse was made of SDMA (Space Division Multiple
Access). This would mean placing two (or more) mobiles in the same timeslot at the same frequency. For
this to be possible it would be necessary for the radiation pattern of one of the signals to have a significant
minimum in the direction of the other signal within the same timeslot, and vice versa. For an extensive
treatment of these points see [1].

One of the main problems in realizing an SDMA system is that it is difficult to determine which mobile
is which when two mobiles use the same timeslot. In the current GSM system, they will both have to use
the same training sequence as there are not enough different training sequences. Another problem is that

17
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reaching the required (C/ l) ratio requires very low sidelobes in the radiation pattern. Therefore, in this
report, SDMA will not be considered. Note, however, that SDMA is an interesting possibility for future
development.

For implementation in a GSM base station the adaptive algorithm must be fast enough to follow the
mobile and it must be able to cope with all kinds of multipath signals. In general, it can be said that the
algorithm must adapt itself to a changing environment (e.g. new and terminated calls) at the speed with
which the environment changes. The improvement, in particular the interference reduction, must be large
enough to make the new system worthwile.

3.3 Antenna arrays

An antenna array is a group of antennas, the output signals of which are combined in some way. For
achieving a certain radiation pattern, the signal from each element is amplified and/or phase shifted, after
which all the signals are added together. By examining the signals from each element it is also possible to
determine the directions of arrival of waves incident on the array. If just one signal arrived at the antenna
and there was no noise, the only difference between the signals from the different antenna elements would
be the time delay. The wave arriving is assumed to be a plane wave, and the time delay between two
elements is simply the extra distance the wave has to travel to the furthest away element, divided by the
speed of light. This is graphically presented in figure 3.1. In practical situations the output signals will also
contain noise and there will be possibly more than one signal arriving at the array. Different signals will
generally come from different directions. To be able to perform calculations on this setup, it is necessary
to mathematically model it, using vectors and matrices.

All signals here will be expressed by their complex amplitude:

s(t) = A(t)ej¢(t)

The physical signal r(t) which s(t) describes is:

r(t) = Re[s(t)e)wt] = A(t) cos(wt + ¢(t»

The signal s(t) can also be written as:

s(t) = x(t) + jy(t)

(3.1)

(3.2)

(3.3)

where x(t) = A(t) cos(¢(t» is the in-phase (l) component and y(t) = A(t) sin(¢(t» is the quadrature
(Q) component. One advantage of expressing a signal with complex amplitude is that a time delay of r
seconds can be achieved by multiplying the complex baseband signal with e-)WT:. However, as will be
proven now, this is only an approximation.

In GSM, the signal r(t) has the form of equation (3.2). However, A(t) is taken to be independent
of time, as the signal is not amplitude, but phase modulated. In reality, A(t) may vary due to a varying
transmission channel, but in simple theoretical situations it is mostly considered as a constant. First,
consider what happens to the signal when it is time delayed r seconds:

A cos[wt +¢(t)] ---+ A cos[w(t - r) +¢(t - r)]

Now consider what happens when the complex amplitude is multiplied by e-)WT::

Converting this to a physical signal results in:

Re[Ae)</>(t)e-)WT:e)wt] = A cos[w(t - r) + ¢(t)]

(3.4)

(3.5)

(3.6)
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-- Radio-wave rays

...... Equi-phase plane

Figure 3.1 Path length differences of a circular array
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This is a good approximation ofatimedelay r,as long as ¢(t) :::: ¢(t -r) (small bandwidth approximation),
which requires either r to be sufficiently small or ¢(t) to be sufficiently slowly varying. Basically, by
the multiplication with e- jan only the carrier is time-delayed, whereas the information containing phase
¢(t) is left unchanged. Now consider, for instance, a circular array with a diameter of 1 meter. The time
difference between an incident wave arriving at the closest element and the furthest away element will then
be 3.33 ns. GSM has a bit period Tb = 3.69 J.lS. The difference is a factor 1000, so the approximation
that ¢(t) is the same for all elements is definitely allowed. Note that the phase of the carrier will differ
significantly between the elements as the wavelength of a 900 MHz wave is 0.33 m.

Therefore, this approximation can be used without a problem when considering time delays between
different elements in an array. When considering multipath signals this approximation must not be used,
as the time differences are then significantly larger. Time differences of more than a bit period will then
occur, and the approximation is no longer useable.

Describing the signals by their complex amplitudes, the reception of multiple signals and noise will
now be examined. First, consider the case of just one signal U J(t) arriving at the antenna array, in the
presence of noise:

(3.7)

The vector x(t) contains the signals x;(t) (i = 1, ... , M) where M is the number of array elements and
x;(t) is the output of the ith array element. The vector a(OJ) contains the complex multiplication factors
for the time delays between the different elements, in the case of the signal arriving at angle OJ. By
multiplying the signal U J (t) with these complex factors, the signals in the x(t) vector will contain this
signal with the right time delay for each element. The fact that the antenna element signals differ only
by a time delay is based on the assumption that the antenna used can be considered isotropic. Dipoles
are generally used for GSM base stations. Although dipoles are not isotropic, when only considering the
horizontal plane, the radiation pattern can be considered isotropic. However, if the elevation angle is also
important, it must not be forgotten that the radiation pattern of a dipole is dependent on the elevation angle.
The function a(O) can be calculated based on the placement of the array elements, or it can be measured.
Obviously, for an adaptive algorithm to work in all directions (over 360°), a(O) must not have the same
value for two different values ofO. Finally, the vector n(t) contains the noise signals nj (t) (i = 1, ... , M)
at each element.

In the case of two signals arriving at the antenna array the received signal vector x(t) becomes:

(3.8)
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Figure 3.2 Structure of an adaptive antenna array

For the case of K signals arriving at the array, it is convenientto put the a«h) (k = I, ... , K) vectors into
the columns of a matrix A:

x(t) = Au(t) + n(t)

where u(t) is the vector containing the signals Ui (t) (i = 1, ... , K).
The array output signal, meaning the signal processed by the weights, has the following form:

y(t) = w Hx(t)

(3.9)

(3.10)

The weight vector contains the weights Wi (i = 1, ... , M). These complex weights amplify and/or phase
shift the signal. In a non-adaptive antenna array these weights will be fixed, in a adaptive antenna array
these weights will be calculated based on the received signals. The objective is to obtain the weights,
which optimize y(t). The superscript H denotes the complex transpose, as it will do throughout this
report. In figure 3.2 a diagram of the situation is given. A three element array is used as an example,
but any number of elements is possible. The received RF signals from the antenna elements are first
converted to digitally sampled baseband signals. These baseband signals Xi(t) are the same signals as
described in equations (3.7), (3.8) and (3.9). The received signals Xi (t) are used to calculate the weights
Wi (This is generally written as: the received signal vector x(t) is used to calculate the weight vector w).
By multiplying the signals with the corresponding weights and summing the results, equation (3.10) is
implemented. Whenever a signal is referred to as specifically 'the received signal', it is this signal y(t)
that is being referred to.

3.4 Optimum combining

In this section the following two well-known algorithms will be considered:

• The Least Mean Squares (LMS) algorithm

• The constant modulus algorithms
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The objective of this algorithm is to minimize the difference between the received signal y(t) and a
reference signal d(t). The reference must be a part of the desired signal, so that y(t) approximates the
desired signal as close as possible.

The error is the difference between the received signal y(t) (equation (3.10» and the reference signal
d(t). The mean-square error (MSE) is [7]:

(3.11)

where r = E[d*(t)x(t)] and R = E[x(t)xH(t)]. E[x] is the expectation value ofx. For a signal sampled
at S points it is calculated using the following equation:

1 s
E[x] = SLx[n]

n=]

(3.12)

The LMS algorithm minimizes the mean-square error. This works as follows: the gradient of the
MSE (~w (E [62(n)]) points in the direction of increasing error. Therefore, the opposite direction is the
direction of decreasing error. The LMS algorithm succesively corrects the weight vectors in the direction
of decreasing error. This method, called the method of steepest descent, leads to the minimal MSE. The
following recursive relation is used:

(3.13)

The gain constant JL controls the convergence characteristics of the random vector sequence w(n). By
taking the derivative of (3.11) to w, the following equation results:

The recursive relation then becomes:

(3.14)

w(n + 1) = w(n) + JL[r - Rw(n)] (3.15)

For the LMS algorithm a reference signal d(t) is necessary. Obviously, it would be useless if the
complete signal had to be known, as this is what has to be obtained. However, a bit sequence contained in
the signal must be known for the algorithm to work.

The larger the value of JL, the faster the convergence. However, to obtain stability it is necessary that
[6]:

where

2
O<JL<

Pt

M

Pt = L E [IXi(t)12
]

i=l

(3.16)

(3.17)

which basically says that Pt is the total power received by the array. To obtain a more acceptable weight
variance, JL is usually restricted to the range:

1
O<JL<

Pt

When examining LMS the following points should be considered:

(3.18)
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• LMS creates minima in the direction of undesired signals, therefore significantly reducing the level
of these interfering signals. However, this is only true if the number of interfering signals is less
than the number of antenna elements. In other situations the algorithm still attempts to minimize
the error. How good this works will follow from the simulations.

• One single recursive step is simple and the algorithm is therefore simple to implement

• The algorithm requires a bit sequence contained in the signal to be known a priori. In GSM the
midamble code is known beforehand and this could be used.

• Unwanted signals can suddenly appear in any possible direction, most likely due to new calls being
established. The radiation pattern could have a large value in the direction of this new signal. This
will cause severe interference. It is therefore necessary to adapt the radiation pattern within one
frame period. This puts high demands on the signal processing hard- and software.

An alternative method is to calculate the weights that achieve the smallest MSE directly. The smallest
MSE is achieved when equation (3.14) is set to zero, as that indicates that the error is minimized. Thus:

-2r+2Rw =0

That is equivalent to:

This method is known as DMI (Direct Matrix Inversion). It has two major problems:

• Increased computational complexity

(3.19)

(3.20)

• Numerical instability resulting from the use of finite precision arithmetic and the requirement of
inverting a large matrix

3.4.2 Constant modulus algorithms

Many modulated waveforms have a constant amplitude (constant modulus), such as FM, PSK and GMSK.
By using an algorithm that controls the weights in such a way that the signal is constant amplitude, the
desired signal is received optimally.

When two or more signals are incident on an antenna array and these signals have constant modulus,
this does not necessarily mean that the signals received by the antenna elements will be constant modulus.
This is due to the fact that the resulting amplitude at a certain point in time is not the sum of the amplitudes
of the individual signals. The phase differences between the signals also influence the amplitude. The
changing phases of the signals cause them to have changing phase differences, so that the resulting
amplitudes of the signals received by the elements will change.

The algorithm will lock onto one of the incident signals. By receiving one main signal and attenuating
all other signals, the received signal will become constant amplitude. It can not be determined beforehand
which of the signals the algorithm will lock onto. To ensure that the desired signal is obtained, the
algorithm is executed several times, each time with different start values. Eventually the desired signal
will be obtained.

One of the most well-known constant modulus algorithms is simply called the Constant Modulus
Algorithm (CMA). This method minimizes the difference between a constant modulus of one and the
amplitude of the received signal. The error E must express the deviation of the signal from constant
modulus. A possible equation to use for this is [7]:

(3.21)
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In the above equation, the desired characteristic is that the signal has a constant amplitude of 1. In the
same way as with the LMS algorithm the error can be minimized by using a recursive relation:

1
w(n + 1) = w(n) + 2JL [-.tlw (E[E(n)])]

where
.tlwE[E(n)] = -4E[(1 - ly(n)1 2

) y(n)x(n)]

An alternative is to handle the problem analytically. First, calculate:

Y = w(i)X

(3.22)

(3.23)

(3.24)

where y is the signal vector, w(i) is the weight vector at step i and X is the received signal matrix. By
processing the signal vector using the following method [8],

_ p _ [ y(l) y(n) ]
YCM - CM(Y) - ly(l)I"'" ly(n)1

(3.25)

the signal vector y CM will be constant modulus, independent of the signal vector y. However, y C M will
not be a signal that lies in the space spanned by the rows of X (in other words: it is not possible to select
a vector w so that YCM = wHX).

The projection of YCM into the row space of X must then be calculated, to create a new signal y. The
first step is to calculate the weights that are necessary to create the projection of YCM into the row span of
X:

(3.26)

where the superscript t denotes the pseudo-inverse. The pseudo-inverse is the inverse of a non-square
matrix. The next step is to use this weight vector to calculate the new signal y:

y = w(i + l)X (3.27)

The signal y then goes through the same processing as the previous y vector. This iterative process
eventually leads to y itself becoming (or approximating) a constant modulus signal. This algorithm is
known as the Gerchberg-Saxton algorithm [8].

The main advantage of constant modulus algorithms is that they do not require any knowledge of the
received signal, except that it is constant modulus. As the signal does not have to contain any bits known
beforehand, in total less bits are necessary. The bit rate can then be reduced, which will result in a more
efficient use of the spectrum. However, GSM contains a training sequence anyway, so in the situation
considered here no advantage can be achieved.

3.5 Direction finding

In an adaptive antenna system direction finding can be used to determine the directions of arrival (DOA)
of the incident signals. A beam can then be pointed in the direction of the desired signal (and possibly
zeros can be created in the direction of interfering signals). In this section the direction finding will be
considered.

To start with, recall equation (3.9), which models the situation:

x(t) = A u(t) + n(t) (3.28)

Using x(t) the direction of arrival of all signals arriving at the antenna array must be determined (or at
least approximated accurately enough). If all columns of the matrix A are known, all the vectors a(Bd
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are known and consequently all the directions of arrival (h are known. To obtain an understanding of how
x(t) can be used to determine the directions of arrival, a case with 3 antenna elements (M=3) and 2 signals
(K =2) will be considered. Also, all scalars, vectors and matrices in equation (3.28) will be taken to be real.
Although they are actually complex, considering them as real numbers makes it possible to geometrically
interpret equation (3.28). In the case that there is no noise present, the signal can be expressed as:

(3.29)

The angles el resp. e2 are the azimuth angles of arrival of signal I resp. 2. As U1(t) and U2 (t) are not
known, the directional mode vectors a(el) and a(e2) can not directly be determined from x(t). However,
consider the two-dimensional subspace spanned by the vectors a(el) and a(e2)' From equation (3.29)
it follows that x(t) always lies within this subspace. As Ul(t) and U2(t) vary, x(t) will move around in
the subspace. Once two linearly independent samples of x(t) are known, it is possible to determine the
subspace. The objective is to determine where aCed and a(e2) lie in this subspace. To determine this
knowledge is used of the possible values of these vectors: the values of these vectors are limited to the
possible values of the continuum of all possible mode vectors aCe). In the three dimensional space aCe)
is a 'rope' when plotted for all possible values of e. This rope intersects the 2 dimensional subspace
twice. This means that there are only two vectors a(e[) and a(e[ [) that lie in the 2 dimensional subspace.
Therefore, these vectors must be the vectors a(e]) and a(e2). In figure 3.3 the situation is graphically
displayed. In the presence of noise, x(t) will no longer remain within the 2 dimensional subspace. It will
then not be possible to exactly determine this 2 dimensional subspace and its intersection with the vector
aCe).

Consider the same situation as above, but now with only one signal. If there is noise present, the
direction of the vector x(t) will not be exactly the same as the direction of aCe]), as it would be in the
noiseless case. It is possible that the signal vector will be zero or pointing in the same direction as aCe]),
but in general it must be assumed that the direction ofx(t) will be affected by noise. Therefore, finding the
intersection of the signal subspace with the array manifold a(e) is no longer straightforward. When using
complex numbers, in the case of two signals and three antenna elements, noise also prevents the array
manifold from intersecting the signal subspace. This may not be clear from the geometrical interpretation,
but due to the values actually being complex, there are no intersections.

However, the requirement of finding the intersections can be changed to finding the point where
the array manifold comes closest to the the signal subspace. Providing the noise level is not too high,
satisfactory results will still be achieved.

The two dimensional subspace is termed the signal subspace. The method of finding the intersections
of the vector aCe) with the signal subspace can be applied for complex values with any number of antenna
elements and signals. However, the number of signals must be smaller than the number ofantenna elements
(K < M). If, for example, there were 3 signals in the 3 dimensional example considered above, the vector
aCe) would be completely contained in the signal 'sub'space.

As mentioned, in the presence of noise the signal subspace can not be exactly determined. However,
there are techniques to approximate it. Schmidt [4] has shown that the signal and noise subspaces can be
determined by making use of the signal correlation matrix. The derivation of this technique, called the
MUSIC algorithm, now follows.

The correlation matrix R of the vector x(t) is:

R = E[x(t)x H (t)]

_ AE[u(t)uH (t)]A H + E[n(t)nH (t)] = ARuAH + a2RO (3.30)

It is assumed that the incident signals and the noise are uncorrelated. The incident signals represented
by the vector u(t) are possibly totally uncorrelated, in which case the matrix R u is diagonal. If however
u(t) contains one or more completely correlated pairs, R u will be singular. Completely correlated signals
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Continuum of direction-of-arrival vectors a(0)

Figure 3.3 Geometric interpretation of direction finding
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are defined as signals that only differ in amplitude, not in time delay. Completely correlated pairs can be
caused by multipath propagation. This causes a problem, but first the case of no completely correlated
pairs will be considered. In general there will be arbitrary degrees of pair-wise correlation and the diagonal
elements will always be larger than zero. As a consequence of this R u will be positive definite, which
means that the eigenvalues will all be larger than zero.

The eigenvalues and eigenvectors of the matrix R will be determined. It can be proven that the
eigenvectors corresponding with the K ( =number of signals) largest eigenvalues span the signal subspace.
The proof of this is given in the following paragraphs.

First, examine R s = ARuAH. Write this as:

Rs=AB (3.31)

where B = R uA H. What this equation shows is that the columns of R s are all linear combinations of the
columns of A. Therefore, the rank of R s will be at most K, the same as the rank of A. The rank of R s

will be exactly K if the rank of B is at least K. Therefore the next step is the proof that the rank of B is K.
The rank of R u is K (the number of signals) as long as there are no completely correlated signals. As

the columns of B are linear combinations of the columns of R u the rank of B will at most be K. The rank
of B will be exactly K if the rank of A H is at least K. The rank of A H is K (Note that A and A H only
have rank K as long as no two signals have the same direction of arrival). Thus, it is proven that the rank
of R s is the same as the rank of A.

The following expression can be used here [5]:

rank R s + nullity R s = M (3.32)

The nullity of R s is the number of solutions x to the equation Rsx = O. It is easily seen that this is
the same as the number of eigenvectors associated with A = O. If N is the multiplicity of the eigenvalue
A= 0, the number of incident signals K can be determined by:

K=M-N (3.33)
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The matrix ARuAH has M columns and rank K. Therefore it has N = M - K eigenvalues equal to
zero. The further K eigenvalues are larger than zero, due to the fact that all eigenvalues of R u are larger
than zero. All the eigenvalues of R are Amin = 0- 2 larger than the eigenvalues of ARuAH. This can be
proven as follows. The eigenvalues of ARuAH are calculated using:

IARuAH - ARol = 0

The eigenvalues of R are calculated using:

IR-ARol =0

Say, R has eigenvalues Ai = ai. Equation (3.34) can be written as:

(3.34)

(3.35)

(3.36)

Therefore, ARuAH has eigenvalues Ai = ai - 0- 2. So, the eigenvalues of R are 0- 2 larger than the
eigenvalues of ARuAH.

Thus, R has N eigenvalues equal to 0- 2 and K eigenvalues larger than 0-
2. The number of incident

signals K can be determined by counting the number of eigenvalues larger than 0-
2. The knowledge ofthe

number of signals arriving at the antenna array can then be used to calculate the directions of these signals.
The M eigenvectors of R in the metric of R o must satisfy Rei = Ai ROei (i = 1, ... , M). R =

ARuAH + AminRO, so that:
ARuAH ei = (Ai - Amin)Roei

When Ai = Amin, then ARuAH ei = 0 or:

(3.37)

(3.38)

What this equation says is that the eigenvectors associated with Amin are orthogonal to the space spanned
by the columns of A. This means that the N dimensional subspace spanned by the N noise eigenvectors
is the noise subspace and the K dimensional subspace spanned by the incident signal mode vectors is the
signal subspace. These two subspaces are disjoint.

3.5.1 The MUSIC algorithm

The expression for the ordinary Euclidean distance (squared) d2 from a vector Y to the signal subspace is:

(3.39)

Use can be made of IJd2 because it will be large when the distance from the signal subspace is small.
Thus, calculate IJd2 for points along the a(O) continuum as a function of 0:

(3.40)

In an ideal situation, the points where a(O), the continuum of all possible mode vectors, intersects the
signal subspace are desired. In the presence of noise, the function PM v (0), termed the MUSIC spectrum,
has peaks where a(O) comes close to the signal subspace.

When examining the MUSIC algorithm, the following points should be considered:

• It is not necessary to update the direction of the beam every frame. The only requirement is that the
mobile is always in the area covered by the beam.
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• As long as the main beam is pointing in the right direction, signals arriving from directions outside
the main beam will be reduced by at least the difference between the level of the main lobe and the
highest side lobe level.

• If multipath occurs and two signals arrive with no time difference, MUSIC does not work. This
problem can be solved with spatial smoothing [9], this does however increase the number ofnecessary
antenna elements. Although theoretically a problem only occurs when there is no time difference,
problems will also occur when the time difference is very small. This is due to the fact that the
numerical calculations become inaccurate.

• When there are more signals than antenna elements, the MUSIC algorithm does not work correctly
and wrong DOA's will possibly be found. If this is also a problem when the collection of signals
contains multipath versions of the same signal will follow from the simulations.

3.5.2 The ESPRIT algorithm

An alternative eigenvalue-based method to MUSIC is ESPRIT. An advantage of ESPRIT compared to
MUSIC is that it is computationally less complex, as no search is necessary to find the peaks in the spatial
spectrum. In this section the ESPRIT algorithm [13] will be considered. Several steps in the ESPRIT
algorithm are similar to steps in the MUSIC algorithm. Other steps are typical of the ESPRIT algorithm.

The ESPRIT algorithm requires the array to be built up out of two subarrays. Both arrays have the
same type of antenna elements. The elements within each subarray are in the same position relative to
each other. The only difference between the two subarrays is that one array is displaced by a vector D.
from the other subarray. The vector x(t) contains the array output of the first subarray:

x(t) = Au(t) + nx(t) (3.41)

This notation was used throughout this chapter, so it contains nothing new. Note that, as before, it is
assumed the matrix A is full rank. The vector y(t) contains the array output of the second subarray:

where

and

y(t) = A<I>u(t) + ny(t) (3.42)

(3.43)

WQ .
Yk = -D. smek (3.44)

c
This equation uses basically the same notation as equation (3.41), the only difference is that the array
response is A <I> instead of A. The extra factor <I> accounts for the displacement of the second subarray.
If the matrix <I> is known, then the directions of all K signals are known. The total array output can be
written as:

where

and

z(t) = [ ;~:~ ] = Au(t) + nz(t) (3.45)

(3.46)

(3.47)

In the ESPRIT algorithm, the matrix A is used to obtain estimates of the diagonal elements of <I> without
having to know A.
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The correlation matrix R z of the vector z(t) is:

- -H 2
R z = ARuA +a I (3.48)

The K eigenvectors corresponding to the K largest eigenvalues span the signal subspace, in the same way
as with the MUSIC algorithm. The columns of matrix E s are the K signal eigenvectors, so that the space
spanned by the columns of Es is the same space as spanned by the columns of A.

Since R{Es} = R{A}, a unique, nonsingular matrix T must exist so that:

Define:

The matrix E s can then be written as:

Define the matrix E xy :

- [AT]E s = AT = A<1>T

Ex = AT

E y = A<1>T

E xy = [Ex lEy]

(3.49)

(3.50)

(3.51)

(3.52)

(3.53)

Since the columns of Ex and E y span the same space, the rank of E xy will be K. As the rank of Exy is
smaller than the number of columns, Exy will have a null-space F:

ExyF = [ExlEy] F = 0

Defining:

and then combining equations (3.50), (3.51), (3.54) and (3.55) results in:

ATFx + A<1>TF y = 0

(3.54)

(3.55)

(3.56)

The above equation must be used to determine the diagonal elements of <1>. The matrices Fx and F y can
be calculated, but it must be possible to determine the diagonal elements of <1> without any knowledge of
the matrices A and T.

Defining:

then equation (3.56) can be written as:

T\}J = <1>T

(3.57)

(3.58)

From the above equation it follows that the eigenvalues of \}J are equal to the diagonal elements of <1>.
Therefore, if the matrix \}J is known, the directions of arrival can be determined.
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Calculating W Determining Exy should be no problem. The question however is how W can be
determined. Given Exy, the following two equations are sufficient to determine W (see equations (3.54)
and (3.57)):

E xy [ ~; ] = 0

W = -Fx[Fyr l

(3.59)

(3.60)

The null-space F of the matrix Exy can be calculated using the following method. First, calculate the
eigendecomposition of E~yExy. The K eigenvectors corresponding to the K smallest eigenvalues must
then be used to form the matrix F. After forming F, the determination of W is straightforward.

The eigenvalues of W are equal to the diagonal elements of <I>. The diagonal elements of <I> are
<I>k = e jYk (k = 1, ... , K) where (see equation (3.44)):

The angles Ok can be determined by using:

Yk = wall sin Ode (3.61)

(3.62)

ESPRIT is faster than MUSIC, due to the fact that it is not necessary to calculate a spectrum and find
the peak in that spectrum. As the above equation shows, the direction is found directly. A disadvantage of
ESPRIT is that it is less accurate than MUSIC.

3.5.3 Coherent signals

In this section it will be considered what happens when the two signals are coherent. To start with, consider
a situation with two incident signals, with no noise:

(3.63)

Now, consider the case that U2(t) = au 1(t), where a is a complex multiplication factor, intended to achieve
time delay:

(3.64)

The vector x(t) will now remain within a 1 dimensional subspace (a line). This space is spanned by one
vector, [a(OI) + aa(02)]. There will be no intersection of this subspace with a(O). Obviously, this is a
problem, as it will not be possible to find two intersections of a(O) with the signal subspace. The problem
occurs for all signals which differ only by a complex multiplication factor.

However, it must be noted that the 'equal' sign in equations (3.63) and (3.64) should actually by an
'approximately equal' sign. The equality only holds if u 1(t) = U 1(t - r), for the time delays r considered
here. If merely u 1(t) ~ U 1(t - r) then multipath components can not exactly be created by multiplication
with a complex factor. They can then be considered as different signals, even though they may only deviate
from the multiplication approximation very little. It will then be possible to create a two-dimensional
subspace using x(t) at different points in time.

Now the consequences of coherent signals will be considered when making use of eigenvalue methods.
Eigenvalue methods only work when the signal correlation matrix R u is non-singular. Therefore, the
question is in which situation R u becomes singular. Consider the case where there are two sources, the
first has variance a[, the second has variance at. The correlation matrix can then be written as:

(3.65)
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Figure 3.4 Angle definitions as used in section 3.6

If the correlation coefficient p lies on the unit circle, this indicates that the signals only differ by a constant
factor in amplitude and a constant offset in phase. In that case the matrix becomes singular and MUSIC
will not be able to handle the situation. However, as mentioned above, time delayed multipath signals are
only approximated by a constant phase difference. When considered accurately, p will not lie on the unit
circle when the two considered signals differ in time delays. If however there is no time delay, p will be
exactly one, and the matrix will be singular.

If Ul (t) = Ul (t - r) (exactly), then this means that the complex baseband signal has the same value
at time t and time t - r. If this holds for all t the baseband signal has a constant value. In general,
multipath signals which arrive with different time delays will be no problem. Only if the time difference
is very small ( < 0.1 fLS) and there are only two multipath components coming from different directions,
will there be a problem. Also, if the baseband signal has a constant value there is a problem, as a delayed
signal has the same value as a non-delayed signal. This is merely pointed out for completeness, as it is not
a situation that will occur in practice.

3.6 DCA-ESPRIT

The ESPRIT algorithm does not work with circular arrays. However, the Uniform Circular Array (UCA)
ESPRIT algorithm [14] does work with circular arrays. With this algorithm it is also possible to determine
both azimuth and elevation angle simultaneously.

As the UCA-ESPRIT algorithm involves a large number of steps, the derivation of the algorithm soon
becomes confusing to oversee. Therefore, in this chapter the main steps will be given and in appendix A
several additional expressions can be found.

3.6.1 Phase mode excitation

UCA-ESPRIT makes use of so-called phase mode excitation. Making use of this technique, it is possible
to transform the received data to make it appear as if the signals are coming from a different type of
array than a circular array. The idea is that the array response will be transformed so that an ESPRIT-like
algorithm can be used and so that it is possible to determine azimuth over 360° and elevation angle over
the range 0° ... 90°. In contrast with other parts of this report, in this section ¢J denotes the azimuth angle
and () denotes the elevation angle (see figure 3.4).
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To start with, consider the array response of a circular array:

[

eji; cos(t/J-}1)) ]

eji; cos(t/J-Yd

!!(B) = !!(l;, ¢) = .
eji; COS(~-YM_[)
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(3.66)

where l; = (2rrr jA.) sinB, Ym = (2rrmj M) and M is the number of array elements.
The array response !!(B) will be multiplied by a matrix F~. This results in a new array response ae(B):

(3.67)

The expression for ae(B) can be shown to be [14] (see also appendix A):

(3.68)

where
(3.69)

and
(3.70)

The azimuthal variation of ae(B) is similar in form to the uniform linear array response. The elevation
dependence is in the Bessel functions Jp (l;) (p = - P, ... , -1, 0, 1, ... , P). P is the highest mode order
of the phase mode excitation.

Define the beamforrner F{! :
(3.71)

(3.72)

where
1 .

W = I"'iV [v(a_p): :v(ao): :v(ap)]
v P'

and P' = 2P + 1. Using the beamformer F{! instead of F~ results in a real-valued beamspace array
response b(B):

(3.73)

After this short introduction to the use of phase-mode excitation, its use for deriving UCA-ESPRIT will
be considered in the following section.

3.6.2 The UCA-ESPRIT algorithm

Standard ESPRIT makes use of a property of the structure of the array, namely the fact the array consists
of.two subarrays, differing only by a constant displacement vector. UCA-ESPRIT derives its name from
the fact that it is also based on the structure of the array response. However, it is based on a different
property than the property the standard ESPRIT algorithm uses.

Consider another new beamformer F:! = CoF~. Defining:

Co = diag {(_I)M, ... , (_1)1, 1, 1, ... , I}

then

ao(B) = F:!!!(B) = CoF~!!(B) = ..fMJi;-V(¢)

where Ji;- = diag {Lp(l;), ... , LI(l;), Jo(l;), JI(l;), ... , Jp(l;)}.

(3.74)

(3.75)
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The array response ao has a structure that can be used to derive an ESPRIT-like algorithm. Define the
selection matrices ~(-I), ~(O) and ~(l) that pick out the first, middle and last Pe = (2P - 1) elements
from ao (8):

a(i) = ~(i)ao(8)

Then it can be proven ([14] and appendix A) that:

ra(O) = f-la(-l) + f-l*a(1)

where f-l = sin8e j <I> and r = (J...jrrr)diag {-(M - 1), ... , -1,0, 1, ... , M - 1}.

Using equation (3.77), the following equation can be derived:

r A (0) = A (-1)<1> + A (1)<1>*

where <I> = diag {f-ll, ... , f-ld} and
A (i) = ~ (i) A o

The selection matrices ~ (i) (i = -1, 0, 1) pick out the first, middle and last P e rows of A o.

(3.76)

(3.77)

(3.78)

(3.79)

Calculation method Let So span R{Ao } (So is the signal subspace determined with eigenvalue decom
position). Based on equation (3.78) and S(i) = ~ (i)So, the following equation can be derived:

rs(O) = S(-I) \II + Dis(-I) \II*

- (-1)*
where use is made of S(l) = DIS

Rewriting the above equation, the equation to be solved can be written as:

E\II = rs(O)

where E = [S(-I):DiS(-I)*] and \II = [\IlT:\IlHf.

The solution to equation (3.81) is:

Due to the fact that:
T\II = <l>T

(3.80)

(3.81)

(3.82)

(3.83)

the eigenvalues of \II are the diagonal elements of <1>. From this point on the determination of the angles
is similar to ordinary ESPRIT.

Real beam-space So far the beamformer F{! defined in equation (3.71) has not been used for UCA
ESPRIT. It is not absolutely necessary, but it is useful as it enables the real-valued eigenvalue decomposition
of the signal correlation matrix.

Making use of the beamformer F{! leads to the signal subspace S. Using the relationship

F;: = CoWF~

the signal subspace So that results from using the beamformer F;: can be calculated using:

(3.84)

(3.85)

Using this method the eigenvalue decomposition of the signal correlation matrix can be performed using
real values, while the eventually resulting signal subspace still has the desired form.



Chapter 4

Comparison of adaptive algorithms

4.1 Introduction

In this chapter the LMS and MUSIC algorithms are compared. Both algorithms are applied in three
different simulated situations. The algorithms are compared in their most basic forms. Not until one
particular algorithm has been chosen, will ways to improve its performance be considered. The LMS
algorithm is considered to be representative for optimum combining algorithms, the MUSIC algorithm
is considered representative for direction finding algorithms. The main objective of the simulations is to
determine how much the C/ I ratio improves by the use of adaptive algorithms. Note that many MUSIC
simulations can be found in (1). The difference between the MUSIC simulations in this chapter and in
[1] is that some parameters are different and that here attention is paid to the gain achieved by using an
adaptive algorithm.

4.2 Signal generation

Although GSM makes use of GMSK modulation, for the simulations MSK is used. The only reason for
this is that MSK is easier to create. The burst structure of GSM is used and the data bits are randomly
generated. All signals have different training sequences and data bit sequences. The signals can be setup
to arrive with any amount of multipath components. For each signal the main values (direction of the
mobile, the power level and delay time) are first specified. The direction of arrival relative to the mobile,
the relative power levels and delay times are then specified for all multipath components. The reason that
the main parameters for each signal are given initially and then the relative values for all components is that
it is easier to change the main value of, for instance, the power level, than it is to change each individual
component. This is handy when the position of the mobile is changed to a distance further away from the
base station. The power level will change, but the relative power levels used for the initial situation are
still a realistic representation of values typically occurring for the new situation.

A signal Uj (t) is received by the array as a(Oj)uj (t) where a(O) is the array manifold and OJ is the DOA
of the signal Uj (t). The array manifold vector of a circular array with diameter d and number of elements
M has vector elements [1]:

(4.1)

with m = 1, ... , M. The positioning of the elements is shown in figure 4.1. To each antenna element
Gaussian noise is added. The end result of the signal generation is a matrix containing all element signals.
The number of rows is equal to the number of elements and the number of columns is equal to the number
of samples.

33



34

4/•

3.

5·

CHAPTER 4. COMPARISON OF ADAPTIVE ALGORITHMS

.1

•6

(4.2)

Figure 4.1 Numbering of the antenna elements relative to the azimuth angle ()

4.3 GSM implementation of adaptive algorithms

4.3.1 GSM implementation of LMS

In this section the way the LMS algorithm is to be implemented in a GSM system will be considered.
However, not all details are considered, such as call setup and handover methods. The method suggested
here is intended more as a basic setup than as an exact description of the method to be used. The method
given here is the method used for the simulations, although the simulations are not perfonned in real-time.

First, one burst of data is received. The data is stored in a matrix where the row numbers correspond
with the antenna element numbers and the column numbers correspond with the sample numbers. At a
sample rate of one sample per bit, the amount of samples will be slightly larger than the amount of bits in
a burst, to take varying time delays into account. The correlation matrix is calculated using only the 26
bits sampled at the arrival time of the training sequence I . This results in a 8 x 8 matrix R. In general, for
calculating the correlation matrix R = E[x(t)xH (t)] the following equation can be used:

1 b+L-1

Rij = L L xt(tn)Xj (tn)
n=b

where Rij is the element at position (i, j) and [b, b + L - 1] is the interval over which the correlation
matrix is calculated. In this case the interval will be the length of the training sequence, which is 26
bits. The correlation vector r is calculated using the training sequence as reference and using the received
values at the arrival time of the training sequence as x(t) values.

Initially, all weights are set to 1. Using equation (3.15):

w(n + 1) = w(n) + JL[r - Rw(n)] (4.3)

the weights are continually updated. After 4.615 ms, the time of one frame, a new data matrix is available.
Using this matrix, a new Rand r are calculated. The updating of the weights then starts again. However,
now the weights are not set to one initially, but the values calculated so far are used as new start values.

The value of JL is limited to (see equation (3.18)):

1
0< JL < - (4.4)

Pt

1Although the arrival timing of the training sequence is known here, in practice the timing will vary
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To make the convergence as fast as possible JL = Ais taken. After the weights have converged sufficiently,
they are used to process the signal matrix to receive the desired signal. The best moment to retrieve the
desired signal from the signal data is the moment the next burst has been received, so that from that moment
the weights can be adjusted to suit that specific burst. At the same moment the downlink signal can be
created to send to the antenna elements. Note that when retrieving the desired signal, the complete burst
is retrieved. This in contrast to the weight calculation, where only the training sequence part of the signal
is used.

4.3.2 GSM implementation of MUSIC

To summarize, the steps required for determining fh (k = 1, ... , K) are:

• Collect data, form R

• Calculate eigenstructure of R

• Decide on number of signals K

• Evaluate PMU«() versus ()

• Pick K peaks of PMU«()

At this point, K DOAs are known. From these DOAs it must be determined which is the DOA of the
desired signal. This can be done based on the training sequence. The desired signal has a known training
sequence. So, if the training sequence part of the received signal correlates with the training sequence
known at the base station, the desired signal has been found. In the simulations in this chapter, the
number of signals is known beforehand. Also, the choice of the peak is based on the a priori knowledge
of the directions of the signals. Obviously, this is not available in a practical situation and for the full
implementation of MUSIC it is necessary that these parameters are determined based on the signal data.

The beam-forming is achieved by pointing the main lobe of a fixed pattern at the DOA of the desired
signal. The weights are calculated using the following equation:

(4.5)

where ()d is the DOA of the desired signal. The signals from each antenna element differ in phase by
aj «()d) , where i is the number of the antenna element. By multiplying all signals with ar «()d), all elements
have the same phase. When the signals from all the elements are added, the total signal is eight times
the amplitude of a single signal. If possible, the weights will be updated every frame. However, this
is not absolutely necessary, as the mobile is likely to remain somewhere within the beam for more than
one frame. This is not garantueed, and it will be necessary to confirm that the DOA of the signal from
the mobile remains in the beam for more than one frame, as it is possible that the direction may change
significantly due to the changing multipath environment.

4.4 Simulations

4.4.1 Main simulations

In this section three different situations are considered. The situations are chosen so as to examine the
strengths and weaknesses of the two algorithms. The second situation is the most realistic simulation of a
GSM environment. In table 4.1 the parameters that are the same for all simulations are given. The value
given for the S/ N ratio should be clarified, as there are multiple signals with different power levels. To be
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TABLE 4.1 FIXED SIMULATION PARAMETERS

SfN ratio
Number of antenna elements
Array type
Array diameter
Number of samples per bit
LMS iterations
Desired signal level
Interfering signal level

15 dB
8

circular
A
1

1000
OdB

-19 dB

able to give a single S/ N value, a reference signal level of 0 dB is used. So, in this case, the noise has a
relative power level of -15 dB.

In all tables showing the simulation results, D is the desired signal and Vi are the undesired signals.
In these simulations all signals arrive from a horizontal direction. The power level of the desired signal
is always set to 0 dB. The levels of the undesired signals are always -19 dB. This is a realistic decrease
compared to the desired signal for a signal arriving from a cell where the same frequency is re-used, in the
case that the interfering mobile is a factor three times further away from the base station than the desired
mobile is. All signals have the same time delay (but multipath components of one signal have varying
time delays). In the second and third situations considered here the multipath components arrive from a
range of directions.

When a signal is received through multiple paths, the question is how to calculate the total power.
The total power can be calculated by taking the sum of the individual components, but this is not entirely
correct, as the power of an arbitrary signal y(t) = 51 (t) + 52(t) is not simple the power of 51 (t) plus the
power of 52(t). However, to avoid complex calculations to determine the total power, the power of the
signals is simply determined by adding the power of individual components. The power values of the
individual multipath components are given relative to the power value given in the table. Generally, the
relative value of the strongest multipath component will be 0 dB, and all other components will be equal
to or below this level. The power levels and delay times of the individual signal components are given in
appendix C.

The LMS algorithm is left to run for 1000 iterations. The algorithm does not necessarily fully converge
after this number of iterations. The reason the number of iterations is limited is that the time available
for the calculations is also limited. In real-time implementation, the LMS algorithm will be able to run
for one frame time, 4.615 ms. The question thus is whether a 1000 iterations is a realistic number that
can be achieved in 4.615 ms. When the algorithm is implemented in C on a 90 MHz Pentium PC, 80
ms is required for a 1000 iterations. So, to be fast enough, this would require a DSP that can handle the
algorithm a factor 20 faster. That would require an extremely fast DSP or multiple DSP's.

Note that table 4.5 on page 38 contains an overview of the simulation results.

Situation At This is a simple situation, intended to demonstrate the basic properties of the MUSIC and
LMS algorithms. The desired signal arrives from a direction of 60° and the undesired signals arrive from
the directions 135° and 270°. These directions are chosen so that when the main lobe of the MUSIC
radiation pattern points to 60°, there is a side lobe maximum in the direction of 135° and a minimum
in the direction of 270°. This is intended to demonstrate the dependence on the side lobe pattern of the
interference reduction. None of the signals have any multipath components. Figure 4.2 on page 41 contains
the resulting MUSIC spectrum, figure 4.3 contains the radiation pattern resulting from the direction finding,
and figure 4.4 contains the LMS radiation pattern. The arrows in the figures indicate the directions of
arrival. Table 4.2 contains the numerical results.
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TABLE 4.2 REsULTS FOR SITUATION Al

Change in power levels

MUSIC LMS

37

DOA Power (dB) Abs. (dB) ReI. to D (dB) Abs. (dB) ReI. to D (dB)

60° 0
135° -19
270° -19

+18.1
+10.1

-2.4
-8.0

-20.5

-0.3
-13.5
-18.7

-13.2
-18.4

Observations:

• LMS specifically fonns minima in the direction of the undesired signals. The two minima are
approximately equal in value.

• The amount of attenuation of the undesired signals by MUSIC depends on the fixed shape of the
radiation pattern. Signals in the direction of a minimum are attenuated more than those in the
direction of a side lobe.

Situation A2 This is a situation with 4 interfering signals. All signals have 6 multipath components.
The power levels and delay times are based on the values of the typical urban area 12 tap models from
the GSM specifications. There are two such models. Of these models the first 6 taps are used and the
values are varied slightly to create varying multipath components for all 5 signals. As there are no models
available of the angular spread of multipath signals, the directions are chosen randomly. In some cases
the directions are limited to a certain range. In other cases there are also components from completely
deviating directions. In the column 'DOA' of table 4.3, the range of angles of the multipath components is
given. If there are also multipath components present that are not within this range, these components are
given separately. Figure 4.5 on page 42 contains the resulting MUSIC spectrum, figure 4.6 contains the
radiation pattern resulting from the direction finding, and figure 4.7 contains the LMS radiation pattern.
The horizontal lines indicate the range from which the multipath components arrive. The only significant
difference between the MUSIC radiation pattern here and the pattern in situation 1 is that the direction of
the main lobe is 62° instead of 60°. Although the shape of the pattern is roughly the same for all directions,
it will not be exactly the same. This is due to the fact that the antenna array looks different when viewed
from different (azimuth) angles. The numerical results are given in table 4.3.

Observations:

• The LMS algorithm does not work

Situation A3 This situation differs from situation A2 by only one aspect. The only difference is that the
desired signal does not have any multipath components. It is not given multipath components, because
the LMS algorithm has problems with this, as was seen in situation A2. The idea behind this simulation
is to test how good the LMS algorithm would work if a method was to be found to solve the problem of
multipath in the desired signal. Figure 4.8 on page 44 contains the resulting MUSIC spectrum, figure 4.3
on page 41 contains the radiation pattern resulting from the direction finding, and figure 4.9 on page 44
contains the LMS radiation pattern. The numerical results are given in table 4.4.

Observations:

• There is a difference between the MUSIC and LMS perfonnance, but in general the perfonnance in
this type of situation is comparable.
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TABLE 4.3 RESULTS FOR SITUATION A2

Change in power levels

MUSIC LMS

DOA Power (dB) Abs. (dB) ReI. to D (dB) Abs. (dB) ReI. to D (dB)

D 50 ... 80° 0 +17.6 -7.5

UI 25 ... 40°/125°/145° -19 +9.4 -8.2 -0.4 +7.1
U2 100 ... 130° -19 +7.1 -10.4 -2.9 +4.7
U3 230 ... 290° -19 +2.5 -15.1 -1.2 +6.4
U4 120 ... 150°/235°/330° -19 +8.0 -9.6 -1.0 +6.5

TABLE 4.4 REsULTS FOR SITUATION A3

Change in power levels

MUSIC LMS

DOA Power (dB) Abs. (dB) ReI. to D (dB) Abs. (dB) ReI. to D (dB)

D 60° 0 +18.1 0.0
UI 25 ... 40°/125°/145° -19 +11.5 -6.5 -6.1 -6.0
U2 100 ... 130° -19 +7.2 -10.9 -3.1 -3.0
U3 230 ... 290° -19 +1.3 -16.7 -16.8 -16.7
U4 120 ... 150°/235°/330° -19 +8.4 -9.7 -4.5 -4.5

TABLE 4.5 OVERVIEW OF SIMULATION RESULTS

Gain in C/ I

Situation Al Situation A2 Situation A3

LMS
MUSIC

+15.4 dB
+10.7 dB

-6.3 dB
+10.2 dB

+5.5 dB
+9.7 dB
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4.4.2 Other simulations

39

Besides the simulations considered in the above section, other simulations were also executed. These
simulations were used to examine different properties of the two algorithms.

Time response A simulation was done where the results were not only considered at the end, but also at
points during the simulation.

LMS handling of multipath These simulations were performed to consider what happens when there
are more signal components than antenna elements, but there are only 2 different signals and a large
amount of multipath components.

The results of these simulations are included in the next section.

4.5 Evaluation

4.5.1 Evaluation LMS

From the simulations, the following can be concluded about the LMS algorithm:

• Multipath components of undesired signals are sometimes cancelled by combining them in such a
way that the sum of them is zero. This only works when the time difference between the multipaths
is significantly smaller than a bit period and the difference in DOA of the multipath components is
significantly large2.

• Multipath components of desired signals are combined in such a way, that the power of the desired
signal is as large as possible. As above, this only works when the time difference between the
multipaths is not too large and the difference in DOA is large enough.

• When the number of incident signals is larger than the number of antenna elements, it is not possible
to create zeros in the directions of all the unwanted signals. If some of the unwanted signals are
multipath components of the same signal, it is possible they will be combined to cancel each other,
as mentioned above. If there are still too many signals, zeros will only be created in the direction of
the interferers with the highest power levels.

• LMS has great difficulty with handling multipath in the desired signal. A problem occurs when
two multipath components arrive with a DOA difference that is so small that it is impossible for
LMS to point a minimum in the direction of one component and a maximum in the direction of the
other one. The LMS algorithm has a problem with this as two components with large delay do not
match the reference signal. The algorithm will then attempt to shape the radiation pattern in such
a way that the multipath is eliminated, but this will not work. Having multipath components in the
received signal is however not a problem for GSM, as it is designed to be able to handle large delay
multipath. The attempts of LMS to eliminate multipath are therefore unnecessary.

• The ability of LMS to put zeros in the direction of undesired signals is not practically feasible, as
there are too many signals consisting of multipath components in practice. Therefore, one of the
advantages of LMS, that it creates zeros in the direction of undesired signals, is not applicable. As
the results of situation A3 show, the resulting gain in C/ I for LMS is not any better than the resulting
gain when MUSIC is used. In fact, when nothing is done to prevent multipath from being a problem
for LMS, as in situation 2, MUSIC performs significantly better than LMS.

2Most often, two multipath components with a large difference in DOA will also have a large time difference, due to the
differences in their paths.
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By studying the time response of LMS the following can be concluded:

• First zeros are formed in the directions of unwanted signals. This is done fairly fast. At this point
the pattern generally has zeros in the directions of unwanted signals, a small peak in the direction of
the wanted signals, and sidelobes in between the zeros.

• After this the pattern slowly adjusts itself. In general, the peak in the wanted direction does not
change while the sidelobe levels slowly decrease.

4.5.2 Evaluation MUSIC

From the simulations, the following can be concluded about the MUSIC algorithm:

• As long as the direction is found correctly, the radiation pattern will be formed as desired.

• MUSIC still manages to find correct directions, even when a large number of multipath components
are present.

4.6 Simulation conclusions

Based on the simulations in this chapter, MUSIC is chosen as the algorithm to be examined further. The
reasons for this choice are:

• The creation of zeros in the direction of unwanted signals by LMS does not work as well as expected.
This is mainly due to the large number of signals arriving at the antenna array.

• LMS has a problem with multipath components in the desired signal.

• The MUSIC spectrum still has peaks in the directions of incident signals, even if the number of
signals is much larger than the number of antenna elements.

The choice of MUSIC is not the final choice for the algorithm to be used. In the following chapter MUSIC
and ESPRIT will be compared. In further theoretical examinations and simulations, attention will be paid
to determining the number of signals and selecting the right peak. The optimal way to shape the radiation
pattern will also be considered. Also, MUSIC will be compared to ESPRIT, with the objective to compare
computation time and accuracy.
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Figure 4.6 MUSIC radiation pattern for situation A2
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Figure 4.7 LMS radiation pattern for situation A2 (normalized)
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Figure 4.8 MUSIC result for situation A3
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Figure 4.9 LMS radiation pattern for situation A3 (normalized)



Chapter 5

Direction finding in a GSM environment

5.1 Introduction

In this chapter the implementation of MUSIC and UCA-ESPRIT will be considered further. At the end
of the previous chapter various points were mentioned that needed to be considered. When using MUSIC
(and also UCA-ESPRIT) it is necessary to determine the number of signals present and to determine the
direction of the desired signal. MUSIC usually gives peaks in the direction of all signals. However, in a
cellular network, the signal from the mobile in the cell surrounding the base station is the most important.
If its direction is found, that is sufficient for beamforming. In this chapter a method will be considered
with which it is possible to find only the direction of the desired signal.

Direction finding combined with beam-steering was in the previous chapter found to be the best method
for an adaptive antenna array. Which of the two suitable algorithms, MUSIC or UCA-ESPRIT, is the best
will be determined in this chapter.

5.2 Objectives

In this chapter, MUSIC and UCA-ESPRIT are considered as practically as possible. This leads to the
following objectives:

• Simulate a realistic GSM environment. Each cell contains only one mobile using a particular
frequency and timeslot. There are six interfering mobiles located in frequency re-use cells.

• As far as the signal processing is concerned, a complete system will be considered. The system can
be thought of as a processing unit that has inputs for all signals coming from the antenna elements
and an output for the resulting complex baseband signal. Signalling control, such as call setup, is
not considered in this chapter.

• MUSIC and ESPRIT are compared on two points:

- Computation time

- Accuracy (and the consequences of this for the gain in C/ l)

Therefore, these two properties will be optimized. Basically, a desired accuracy is chosen, after
which the time in which this can be achieved is minimized. The desired accuracy in a case where
there is only one signal component (i.e. the signal arrives through only one path) would be an
accuracy of ±3°. When there are multiple multipath components, it is difficult to determine which
direction is the 'correct' direction in which to point the main beam of radiation pattern. If it points
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in a direction which includes most of the significant multipath components, the direction found will
be considered satisfactory.

5.3 Effects of neglecting interferers

In a situation where there is one desired signal and there are several interferers, in total a large number of
signals are incident on the antenna array. MUSIC requires that the amount of uncorrelated signals incident
on the array is smaller than the amount of antenna elements for the result to be correct. However, this
need not be a problem, as long as the desired signal is significantly larger than the undesired signals. The
undesired signals can then be considered negligible, and by setting the number of signals K to one, the
direction of the desired signal will be found. The proof of this is given in the following sections.

5.3.1 Finding the direction of the desired signal

Consider the same kind of situation as in section 3.5, where MUSIC was first considered. There are M
antenna elements and K signals. However, unlike in section 3.5, here the eigenvectors ei (i = 2, ... , M)
span what will be referred to as the interference subspace. Ej is a M x (M - 1) matrix whose columns
are the M - 1 interference eigenvectors. The MUSIC spectrum is then calculated in the following way:

For PMU(() to have a peak in the direction of the desired signal es, it is necessary that

M M

LaH (es)ei «L aH (eo)ei
i=Z i=Z

where eo is all e for which

(5.1)

(5.2)

(5.3)

!::i.e is chosen so that eo is outside the width of the peak around es. For equation (5.2) to be true, all products
a H (es)ei (i = 2, ... , M) must be small, as one large value will make the denominator of equation (5.1)
large and the peak will be lost. If:

(5.4)

then the direction es will be correctly found, as e~ei = 0 ViE (2, M). The fact that the eigenvector el is
orthogonal to all other eigenvectors is based on two properties. To start with, all eigenvectors spanning the
noise subspace are orthogonal to the vectors spanning the signal space. Also, the eigenvectors spanning
the signal space are orthogonal, because the matrix R is hermitian and the eigenvalues corresponding to
the signal eigenvectors are not equal.

5.3.2 Eigenvector properties

The next step is to determine if and under which conditions, equation (5.4) is sufficiently accurate. Consider
a noiseless situation with two signals. The space spanned by the eigenvectors el and ez (corresponding
to Al and Az) of the matrix R is the same as the space spanned by the vectors a(e1) and a(ez). That was
proven in section 3.5. However, the relationship between the signal eigenvectors and array response in the
signal directions was not examined. In general terms this relationship can be expressed as:

(5.5)



5.3. EFFECTS OF NEGLECTING INTERFERERS

As R = ARuA H, the following equation holds:

ARuAHe(l,Z) = A(I,z)e(l,z)

From now on the subscript (I,Z) will be omitted were it is obvious it is applicable.
Using equation (5.5) and recalling that A = (a(OI) la(Oz)), the vector e can be written as:

Substituting equation (5.7) into equation (5.6) results in:

ARuAH A ( ~ ) = AA ( ~ )

As long as A is full rank, which is true as long as both signals do not have identical directions, then:

47

(5.6)

(5.7)

(5.8)

(5.9)

Signal number 1 has power PI and signal number 2 has power pz. The two signals are assumed to be
completely uncorrelated. This is not realistic, but it does significantly simplify the calculations and in
practice the correlation is small. The signal correlation matrix R u is:

(5.10)

(5.11)

The following expression will also be used:

A
H A = (~ bI*)

where b = aH (Oz)a(Od. If 01 = Oz then b = 1, otherwise jbl < 1. Substituting (5.10) and (5.11) into
(5.9) results in:

This can be written as:

The requirement that:

results in:

(
PI - A b* PI ) ( c ) = 0

bpz PZ - A d

det ( PI - A b*PI ) = 0
bpz pz - A

(5.12)

(5.13)

(5.14)

(5.16)

(5.15)
PI + pz ± J(PI + pz)z - 4 (1 -lbIZ) PIPZ

A(I,Z) = 2

Using equation (5.13) the following expression can be calculated:

A(I,Z) - pz
c(I,Z) = b d(l,z)

PZ

The eigenvalues are sorted according to size, so that AI ::: AZ. For IbI = 0: AI = PI and for IbI = 1:
Al = PI + PZ, so that:

(5.17)
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If PI» P2 then AI » P2 and CI » d I. Therefore:

(5.18)

As both el and a(81) have absolute values of 1, CI must (approximately) lie on the complex unit circle.
Therefore:

(5.19)

This is the same as equation (5.4), with 8s = 81• Although in this section this equation is only proven
for two signals, it is assumed that it can also be used for more signals. It is then necessary that PI » Pi
(i = 2, ... , K) where Pi is the power of signal i. So, if the power of the desired signal is significantly
larger than the power of the interfering signals, the direction of the desired signal will be found be using
equation (5.1). In cellular networks, the power of the desired signal will nearly always be significantly
larger than the power of the interfering signals, as the interfering signals come from frequency re-use cells.

Due to shadowing by a large building the power of one of the interfering signals could become equal to
or larger than the power of the desired signals. For an omni-directional antenna, that would mean that the
(C/ I) ratio would become less than zero. When using a smart antenna with a directed beam, the (C/ I)

would increase, but it is doubtful if it would increase enough to enable a good link. A direction finding
algorithm that does not work in such a situation wouldn't be a problem, as even if it did work the result
would not be satisfactory.

5.3.3 Optimized calculation

In the previous section, equation (5.4) was used to show that the MUSIC algorithm with K = 1 can
successfully be used to determine the direction of arrival of the strongest signal. However, instead of using
MUSIC, it is more efficient to make use of equation (5.4) directly. The product

(5.20)

will be maximal when 8 = 8s . By calculating PI (8) for all 8 and then finding the maximum, it is possible
to determine the direction of arrival.

If the maximum value is close to 1.0, than that will indicate that the result is reliable. The value can
also be much smaller than one. That would indicate that the eigenvector and the array response vector
show a large difference in direction. Such a situation could occur when there are multipath components
arriving from a large range of angles.

5.4 Optimal radiation pattern

The ideal radiation pattern is a pattern which has a gain of 0 (linear) in the directions of the interferers.
The width of the main lobe must be optimally adjusted, so as to contain all the main multipath components
of the desired signal within it, without containing too many interfering signals. A wide enough lobe is
also necessary, because there are not necessarily signal components in the precise direction MUSIC finds.
There will however always be components surrounding this direction. The ideal pattern must in practice
be approximated.

5.4.1 Weight selection

For determining the optimal weights, use will be made of equation (3.20):

(5.21)



5.4. OPTIMAL RADIATION PA1TERN

where
r = E[d(t)x(t)] = E[d(t)Au(t)]

The signal d (t) = U 1(t) is the desired signal. Neglecting noise, the expression for R is:

R= ARuAH
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(5.22)

(5.23)

Equation (5.21) is a method to use the received signals from the antennaelements and a reference signal
to determine the optimum weights. Here it will be used different, as it will be used to create a radiation
pattern, with a maximum in the direction of the desired signal, and with as low as possible sidelobes.

The vector a(Od is the array response vector of the desired signal. The columns of the matrix A are
the vectors a(Oj) (i = 1, ... , L + 1), where L is the amount of desired zeros. Mostly the vectors a(Oj)
(i = 2, ... , L + 1) are the array response vectors of the undesired signals. However, if the amount of
undesired signals is equal to or larger than the number of antenna elements, it will not be possible to create
zeros in the directions of all the desired signals. Therefore, it is concluded that the optimum way to create
a radiation pattern is to create a main lobe with an optimum width. Outside the main lobe the gain must
be as low as possible. Also, it is preferable that the level of the side lobes is approximately equal, so that
all undesired signals are attenuated by approximately the same amount. To achieve this, the following is
assumed here:

{
I for i = j

E[uj(t)uj(t)] = 0 for i #- j

As a results of this, the matrix R u will be the unity matrix and therefore:

R = ARuAH = AAH

Another consequence of the fact that the different signals are uncorrelated is:

r = E[d(t)Au(t)] = a(OI)

The resulting equation for calculating the weights is:

(5.24)

(5.25)

(5.26)

(5.27)

If 01 is given values 1,2, 3, ... , 360 degrees, the weigths for each angle will be calculated. The weights
can be stored in a memory.

The choice for the value of 01 is obvious: OJ corresponds with the direction found by the direction
finding algorithm. The choices for the other OJ are however less straightforward. These choices determine
the width of the main lobe and the height of the sidelobes. The technique used is the placing of zeros over
the range of angles which fall outside the main beam. By placing zeros closer to the main beam direction
01 the beam will become narrower. The distance between the zeros will determine the number of zeros
necessary to cover the required range. A wider main beam will result in lower sidelobes relative to the
main lobe. A narrower main beam will result in higher sidelobes. The width of the main lobe must be
chosen so as to suppress interferers outside the main beam as much as possible, while not receiving too
many interfering signals in a too wide main beam.

Although the maximum number of zeros that can be created is 7 when the number of antenna elements
is 8, the result of trying to create a larger number of zeros was also considered. It was found that, although
the radiation pattern then didn't necessarily have zeros in the directions entered into the equation, the
resulting radiation pattern then had a good combination of low sidelobes and a not too wide main beam.
After experimentally comparing different values, the now following values were found too be optimal.
The angles relative to 01 will be expressed as t10j (i = 2, ... , L + 1). The total set of values t10j is all
values that satisfy:

{
(40+ 10k) 0

0 w~thk=0, ,14
(-40 - 10/) wIth / = 0, , 13

(5.28)
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Figure 5.1 Optimal radiation pattern for B1 = 1800

The result of the above choice is the radiation pattern shown in figure 5.1. The zeros of the radiation
pattern do not correspond very well with the values of ()j, but the radiation pattern has low sidelobes, which
is desired. The resulting specifications of the pattern are:

• The main beam has a -3 dB beamwidth of 44°.

• The main beam has a -18 dB beamwidth of 90°.

• Outside the main beam of width 90° the sidelobe levels remain below -18 dB.

• In other directions than 180° the shape of the pattern will vary and the sidelobes will possibly be
higher.

5.5 Simulations

Using the technique described in section 5.3.3 for the MUSIC algorithm and the technique described in
sections 3.6 and 5.3.1 for the UCA-ESPRIT algorithm, and calculating the weights using the method
described in section 5.4, several simulations will be perfonned. The simulations have two objectives. The
first objective is to detennine if the techniques used are reliable enough to be used in practice. The second
objective is to detennine what kind of C/ I gain can be achieved by the use of these techniques.

5.5.1 Selected simulations

The setup of these simulations is generally the same as the simulations in chapter 4. However, there are
several differences:

• The maximum amount of interferers is 6. This is based on the fact that each cell has 6 frequency re-use
cell interferers that are significant. The positions of the mobiles are multiples of 60° (approximately),
corresponding to the theoretical cellular structure of a network. In a realistic cellular network, the



5.5. SIMULATIONS

TABLE 5.1 SIMULATION PARAMETERS SITUATION B1, B2 AND B3

Situation B1 Situation B2 Situation B3
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Mobile position
Elevation angles
Std. dev. angle spread mobile
Std. dev. angle spread interferers
Interferer off
Interferer level -19.1 dB -19.1 dB -19.1 dB

TABLE 5.2 SIMULATION PARAMETERS SITUATIONS B4, B5 AND B6

Situation B4 Situation B5 Situation B6

Mobile position 110° 180°, 100° 180°
Elevation angles 90° 90° 90°
Std. dev. angle spread mobile 20° 10°
Std. dev. angle spread interferers 20° 10° 10°
Interferer off 120°
Interferer level -19.1 dB -19.1 dB -19.1 dB

positions of mobiles will generally not be multiples of 60°. The average direction of the incident
multipath components need not necessarily be equal to the direction of the mobile, although this
will generally be true.

• As not all channels are in use all the time, interferers can be 'on' or 'off' .

• The power decrease is either -19.1 dB, the same as in chapter 3, or -12 dB. This assumes that
the interferers are a factor three resp. two further away from the base station than the mobile
transmitting the desired signal. The stronger interfering level is added to test if the algorithms still
work satisfactorily with such interferers. The chosen power decrease values do not take slow fading
into account. In these simulations there is also a time delay between the desired and interfering
signals, to simulate the fact that the interfering signals come from further away. A delay of 10 J-LS is
always used, which corresponds with an extra distance of 3 km.

Situation Bl The first simulation is a situation where the standard deviation of the angular spread of
the multipath signals is not too large. The mobile is not placed close to a direction corresponding to the
direction of an interferer.

In table 5.3 the results are given. The spectrum resulting from the MUSIC simulation is given in
figure 5.2 on page 56. The radiation pattern is given in figure 5.3. To be precise this is the radiation
pattern for the MUSIC simulation, but as both simulations only differ by one degree, there is no noticeable
difference between the radiation patterns for both algorithms. Also, as the directions found by the two
algorithms differ only by one degree, the difference in achieved gain is minimal. UCA-ESPRIT requires
slightly less computation time. The time expressed in FLOPs is the time for the complete calculation,
including the calculation of the correlation matrix. The calculation of the correlation matrix takes up a
large part of the calculation time (approx. 2.6 x 104 FLOP). The actual calculation of the direction after
calculating the correlation matrix is 3.3 x 104 FLOP for the MUSIC algorithm and 1.7 x 104 FLOP for
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TABLE 5.3 RESULTS FOR SITUATION B 1

MUSIC simulation UCA-ESPRIT simulation

Direction found
Calculation time (FLOP x 104)

(ClI)o
(CIl)sA
Gain in (CI I)

1620

5.859
11.4 dB
19.7 dB
+8.4 dB

161 0

4.470
11.4 dB
19.9 dB
+8.6 dB

TABLE 5.4 REsULTS FOR SITUATION B2

MUSIC simulation UCA-ESPRIT simulation

Direction found
Calculation time (FLOP x 104)

(ClI)o
(CIl)sA
Gain in (CI I)

2420

5.857
11.3 dB
16.9 dB
+5.6 dB

229 0

4.447
11.3 dB
16.7 dB
+5.4 dB

the UCA-ESPRIT algorithm. This shows that as far as actually finding the direction is concerned, UCA
ESPRIT is clearly faster, but overall the difference is not so large. Details of the interference reduction
can be found in appendix B.

Situation B2 In this second simulation multipath signals with a larger spread of angles are used. The
consequences this has for the accuracy and the gain will be considered.

In table 5.4 the results are given. In figure 5.4 on page 57 the spectrum result of the MUSIC simulation
is given. The resulting radiation pattern is given in figure 5.5. The results show that the gain is smaller,
due to the fact that some of the multipath components are on the edge of or outside the main beam, and
therefore these components are attenuated more.

The MUSIC spectrum in figure 5.4 shows two peaks. This is a result of the large standard deviation of
the DOA of the signal from the mobile. Although there is a clear difference between the directions found
by the two algorithms, the gain in C/ I does not differ much. This is because, due to the large angular
spread, beams pointed in both directions are well within the range of directions of arrival.

Situation B3 This simulation tests the elevation dependence of the two algorithms. MUSIC assumes
the signals arrive with elevation angle () = 90°. If signals arrive from different elevation angles, this could
have consequences for the accuracy of the MUSIC algorithm. UCA-ESPRIT finds both the azimuth and
elevation angles, so it should have no problems handling signals from other elevation angles than () = 90°.

The elevation angle of 30° is no problem for the UCA-ESPRIT algorithm. The MUSIC algorithm does
find the correct direction, but in figure 5.6 on page 58 it can be seen that the peak in the 156° direction
is only slightly higher than the other peaks. Although the UCA-ESPRIT algorithm also determines the
elevation angle, the radiation pattern is always pointed horizontally. The reason for this is that it is assumed
that the multipath components will always come from a range of elevation angles. If the beam is pointed
horizontally it will receive components from as many elevation angles as possible. As the parameters
(except the elevation) were the same as those used for situation B1, the numerical results are nearly the
same.
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TABLE 5.5 RESULTS FOR SITUATION B4

MUSIC simulation UCA-ESPRIT simulation
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Direction found
Calculation time (FLOP x 104)

(C/l)o
(C//)SA
Gain in (C / I)

122°
5.860

12.1 dB
30.2 dB

+18.1 dB

123°
4.350

12.1 dB
30.2 dB

+18.1 dB

TABLE 5.6 RESULTS FOR SITUATION B5

MUSIC simulation DCA-ESPRIT simulation

Direction found
Calculation time (FLOP x 104)

(C//)o
(C/I)SA
Gain in (C / I)
Second signal

189°, 112°
21.97

-0.2 dB
16.2 dB

+16.4 dB
-20.5 dB

184°, 109°
4.704

-0.2 dB
17.7 dB

+17.9 dB
-24.3 dB

Situation B4 In the previous simulations there were always interfering signals coming from all directions.
This limited the gain in C/ I, as interfering signals arriving from the same direction as the mobile could not
be suppressed. Therefore, in this simulation, a situation will be considered where there is no interfering
signal arriving from the direction of the mobile. The direction of the mobile is taken to be 110° and the
switched off interferer is the one in the direction 120°. The objective is to determine what kind of increase
in gain results from this situation.

The results in table 5.5 show that the gain achieved is clearly larger than the gain when all interferers
are active.

Situation B5 In this situation there are two desired signals. Such a situation would occur if SDMA was
used. Although SDMA is not being considered at the moment, it will be in the future. Therefore it would
be convenient if the chosen algorithm at this point could easily be upgraded for SDMA use. The number
of signals K is set to 2. For the calculation of the MUSIC spectrum PMU (e) the basic expression is used.

Figure 5.7 on page 58 shows the MUSIC spectrum. The direction are found correctly. UCA-ESPRIT
shows a slight error. In table 5.6 the numerical results are given. The reduction in power level of the
second signal is -20/-24 dB. This is quite a large reduction, which is due to the fact that the spread of
angles is not large and that the signals arrive from a direction where the radiation pattern has a minimum.
The MUSIC calculation time is significantly larger than for other simulations, because for the calculation
the PMu (e) equation is used, instead of PI (e). UCA-ESPRIT requires only a small amount of extra time.

Situation B6 In this situation the desired signal consist ofonly two multipath components. The difference
in angle between the components is large. The first component is +31 ° relative to the mobile (211°). The
second component is -55° relative to the mobile (125°). The relative power levels of the components
are -3 and -4 dB. This, combined with the fact that there are only two components, explains the fact that
(C/1)0 is low.

Figure 5.8 shows that MUSIC has (small) peaks in the direction of both components. The direction of
the highest peak is chosen. UCA-ESPRIT finds a completely wrong direction. The numerical results are
given in table 5.7.
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TABLE 5.7 RESULTS FOR SITUATION B6

MUSIC simulation UCA-ESPRIT simulation

Direction found
Calculation time (FLOP x 104)

(CIl)o
(CIl)SA
Gain in (CI l)

127°
5.856

4.4 dB
12.7 dB
+8.3 dB

157°
4.204

4.4 dB
5.9dB

+1.5 dB

TABLE 5.8 VARIOUS SIMULATION RESULTS

Mobile Interferers Gain in (CI l) (dB)

Azim. Eley. Std. dey. Eley. Std. dey. Power (dB) On/off (t)o (dB) MUSIC UCA-ESPRIT

180° 90° 20° 90° 30° -12 All on 4.2 5.4 5.4
150° 80° 20° 70° 20° -19.1 All on 11.4 7.8 7.8
60° 90° 10° 90° 10° -19.1 60° off 12.2 16.3 16.3

320° 60° 40° 90° 40° -12 All on 4.3 4.3 2.9
150° 90° 2° 90° 2° -19.1 All on 11.3 9.6 9.6

320°1 90° 20° 90° 20° -19.1 All on 6.7 6.5 6.0

5.5.2 Other simulations

In this section multiple simulations are considered to obtain as much knowledge of the performance of the
algorithms as possible. The results in table 5.8 are presented in a compact form, to give a good overview
of the results.

5.6 Simulation conclusions

The results show that for the setup used here the difference between the performance of the MUSIC and
UCA-ESPRIT algorithms is generally negligible or small. The difference is that UCA-ESPRIT is slightly
faster. However, MUSIC is considered more reliable in difficult situations, such as when the multipath is
spread over a wide range of angles. The reliability of the algorithm is important, because it is necessary
that the algorithm works (virtually) always. Therefore MUSIC is chosen as the algorithm to be used.

Important conclusions for the MUSIC algorithm are:

• MUSIC finds the direction correctly over a wide range of elevation angles. Only if the elevation
angle is smaller than approximately 30° will problems occur.

• The height of the peak in the MUSIC spectrum using the PIce) expression is a good indication of
the reliability of the result. If the height of the peak is lower than, for instance, 0.5, the results should
be considered unreliable.

• When there are two desired signals, the calculation of both directions takes significantly longer. The
MUSIC algorithm still maintains its accuracy, whereas the UCA-ESPRIT algorithm becomes less
accurate.

The other objective of the simulations in this chapter was to determine the amount of gain in the CI I
ratio that can be achieved. The simulation results lead to the following conclusions:
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• In situations where there are interfering signals coming from all directions, the gain in C/ I that is
achieved is generally between 5 and 9 dB. This is the kind of gain that is to be expected, as the
number of interferers is reduced from 6 to 1. This gives a factor 6 or 8 dB interference reduction.

• If the mobile is in-between two interfering signals, the gain will be slightly larger (9-10 dB instead
of 8 dB).

• Consider a situation where the multipath components of the desired mobile are spread out over a
wide area, and the multipath components of the interferer in the same direction as the mobile are
spread out over a smaller angle. Pointing a beam in the direction of the mobile will then result
in more of the components of the interfering signal to be received than components of the desired
signal. This results in a gain in C/ I of approximately 5-6 dB.

• In a situation where there is no interfering signal arriving from the same direction as the signal from
the mobile, a larger gain will be achieved. Generally the C/ I gain in that situation will be between
lOand 20 dB.

• When the desired signal has only a few multipath components and the interfering signals consist
of a large number of multipath components, this results in a smaller C/ I ratio for both the omni
directional and smart antenna case. However, such variations in the C/ I ratio are taken into account
in determining the necessary 18 dB C/ I ratio as given in chapter 2. It is a nominal value, that is
chosen so that situations with too low C/ I ratios do not occur too often.
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Chapter 6

Algorithnl implementation

6.1 Introduction

To obtain an idea of the way the algorithm will be implemented in real-time in a DSP, the routines
programmed in Matlab were first implemented in ANSI C on a Pc. The conversion from a Matlab to
a C program will have several consequences. Implementation in C will mean that matrix and vector
multiplications will have to be performed step by step. Numerical calculations for eigenvectors will be
necessary. Weight and array response data will have to be stored in memory. All calculations will be
optimized for speed, while still maintaining sufficient accuracy. The implementation will also be used to
obtain an impression of how much time is necessary for the calculations. In figure 6.1 the main steps of
the algorithm are shown.

The implementation is part of the preparation for the implementation of the algorithm in a DSP. The
programming of the DSP is also considered in this chapter.

6.2 Implementation technique

6.2.1 Floating point to integer conversion

Received data values are generally smaller than 10 and sometimes smaller than 1. If such floating point
values were to be converted to integer values by rounding off the data, much accuracy would be lost.
Therefore, the data values are first multiplied with a scaling factor before they are converted to integer
values. The integer types used are signed 16-bit. Care must be taken to ensure that the scaling does not
result in overflow of the integer values. In table 6.1 the scaling factors for various data values are given.
The table also contains the typical range of values for a particular data set, before scaling. The range
values are used to calculate the maximum possible value a set of data can have. These maximum values
are all within the -32768 ... 32767 range of 16 bit integer. The maximum value for the spectrum will
often be approached closely, but it will never be exceeded. The other maximum values will generally not
be approached, but it is possible (although not very likely) that they will be exceeded. The best way to
prevent problems in such a situation would be to scale down the data matrix X before performing any
calculations. The first three sets of data are created in Matlab and are also scaled in Matlab before being
stored on disk. The scaling of the last three sets of data is determined by scaling in the C program.

In a DSP implementation the weights for all directions and the array response for all directions will
be stored in a memory. For each value 2 words are necessary. The 2 words are necessary for storing
the I and Q components as 16-bit integers. For each direction there are 8 weights, corresponding to 8
antenna elements. Due to the 2 degree steps, there are 180 different directions. This results in a total of
2 x 8 x 180 = 2880 words necessary for storing the weights and the array response (which gives a total
of 5760 words).

61
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x

y

Figure 6.1 Diagram representing the algorithm used

TABLE 6.1 SCALING OF DATA

Data Scaling factor Typical range (float, abs.) Max. value (integer, abs.)

Data matrix X 512 0 ... 10 5,120
Array response a(8) 128 la(8)1 = 1
Weights w(8) 512 0 ... 1 512

Corr. matrix R 128 0 ... 100 12,800
Eigenvector e 128 lei = 1
Spectrum PI 16,384 0 ... 1 16,384
Signal y 2,048 0 ... 10 20,480
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6.2.2 Matrix and vector computations
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In the C program extensive use is made of loops, to cycle through all the elements of either a row or
column of a matrix, or a single vector. Often another loop is used to cycle through the rows or columns of
a matrix, resulting in nested loops.

Complex numbers are split into real and imaginary parts, and the expressions for calculating them are
written out. For example, consider the multiplication of two complex vectors x and y:

Z =x·y

The calculation of Z can be split up in these two steps:

Zi = Xi . Yi

N

Z = LZi
i=1

Splitting equation (6.2) into real and imaginary parts results in:

Re(Zi) = Re(xi) . Re(Yi) - Im(xi) · Im(Yi)

Im(Zi) = Re(xi) . Im(Yi) + Im(xi) . Re(Yi)

In a computer program, equations (6.4) and (6.5) will be placed in a loop to calculate all Zi.

6.2.3 Calculation of the correlation matrix

(6.1)

(6.2)

(6.3)

(6.4)

(6.5)

For the calculation of the data matrix not all of the samples are used. The signal was sampled at 153 points
in time. However, only 50 points are used. By decreasing the amount of samples, the accuracy does not
decrease noticeably, but the calculation time does decrease. Samples or. 50 to 99 are used.

Define the matrix Xc which contains L rows which are copies of the rows b, ... ,b + L - 1 of the
data matrix X. As samples or. 50 to 99 are used, b = 50 and L = 50. The expression for calculating the
correlation matrix R of the data matrix Xc is:

1 H
R= -Xc·XL c

As the matrix R is hermitian, it has the following property:

(6.6)

(6.7)

So, one half of the matrix must be calculated completely. For the other half of the matrix the conjugate of
the element at position R jj can be used for the element at position Rij.

The values are divided by 512 x 512 and then multiplied by 128 (this is achieved by dividing the values
by 2048). The factor 512 x 512 compensates for the scaling of the data matrix X. The multiplication by
128 prevents the values from becoming too small. The result is that the matrix is scaled by 128.

6.2.4 Numerical calculation of eigenvectors

It is necessary to numerically determine the eigenvector corresponding to the largest eigenvalue of R. To
do this the power method of Mises [12] is used.

Consider a matrix A of order n, with eigenvalues Ai and eigenvectors ej (i = 1, ... , n). The
eigenvalues are sorted, so that IAII 2: IA21 2: '" 2: IAn I. The eigenvectors have unitary length. Suppose
that IA]I > IA21. Define the sequence:

AVm_1
v m = ----.,;.-

IAvm-Ji
(6.8)
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Then:
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(6.9)

Equation (6.9) will now be proven. As the matrix has order n, it will have n linearly independent
eigenvectors. Therefore the initial vector Vo can be expressed as:

(6.10)

The only requirement for selecting a vectorvo is thatc[ =I O. Ase[ is not known this can not be guaranteed.
After the first step, the result is:

(6.11 )

In general:
(6.12)

where Pm is a normalizing constant. Recalling that A[ > Ai (i = 2, ... , n), consider the following limit:

(6.13)

The expression between the square brackets in the above equation will approach u[ as m increases. The
expression in front of the brackets will approach 1 as m increases, as the eigenvector e[ has unitary length.

In the implementation, 10 iterations are used. Running the program with several different sets of data
shows that in general the eigenvector is accurate enough after only 2 to 4 iterations. However, as the
number of iterations necessary depends on the starting value and the difference between the eigenvalues,
a safe margin in the number of iterations is considered necessary.

6.2.5 Spectrum calculation

For calculating the spectrum the following equation is used:

/ 1 H 1
2

PI (B) = a (B)e[ (6.14)

This equation differs from equation (5.20) in that the expression is squared. The reason for this is that
when calculating the absolute value the last step is taking the square root of the value obtained so far. For
calculating Pi this is not done, as the only information of importance is the angle for which the scalar
product is maximal. Not taking the square root saves time during the calculations.

6.2.6 Signal retrieval

The final step of the algorithm is the actual processing of the full data matrix to obtain the desired
signal. This is achieved by simply multiplying the data matrix with the weight vector for the direction
corresponding to the maximum in the spectrum:

(6.15)

The sample rate used here of one bit per sample is not enough for correct demodulation of the bit
sequence. At a higher bit rate the number of samples for one burst will be larger than the 153 samples
considered here. This will mean the beamforming will be computationally more demanding. For the
direction finding, there is no problem with using only 50 samples of the signal with the higher sample rate.
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TABLE 6.2 CALCULATION TIMES

Subroutine Time (ms)

Correlation matrix 1.4
Eigenvector 0.7
Spectrum + peak (2° steps) 1.2

Total 3.3

6.2.7 Results
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The Ansi C program was run on a 90 MHz Pentium Pc. The results for the time required for the subroutines
and the total time are presented in table 6.2. Comparing the directions found by the C program to the
(floating point) Matlab results, there is no significant difference. The difference is never more than two
degrees.

6.3 DSP assembler implementation

6.3.1 Software setup

The next logical step, after programming the algorithm in C, is the programming of the algorithm in a DSP.
There are two possible programming languages to choose from: C and assembler. Although programming
in C is simpler, assembler programs are faster. The directness of programming in assembler makes it
possible to create program code that is optimal for a particular situation. A C compiler converts the C
instructions to a set of assembler instructions, which are not always optimal. It is not possible to give a
single figure that describes the difference in speed, as it depends very much on the type of code, the C
compiler used and the type of processor. However, to give an impression of the difference, a factor two in
speed difference is common.

Nearly all the calculations for the algorithms used here are built up out of one or more scalar products.
For example, the multiplication of the scalar product of an (arbitrary) vector with an (arbitrary) matrix:

(6.16)

The vector x H is multiplied with the columns of the matrix A (which are vectors). A loop is necessary for
the calculations of the scalar product of the two vectors. This loop is nested inside another loop that cycles
through the columns of the A. To sum up, the possibilities of multiplication are: vector with vector, vector
with matrix, matrix with matrix. Besides this, often one of the vectors or matrices is complex conjugated.

The assembler code for these different situations will be the same type of construction, but the details
of the implementation will differ. On a DSP, the 'core' of the program consists mainly of 'multiply and
accumulate' instructions and of repeat instructions. By repeating 'multiply and accumulate', as well as,
'multiply and subtract' instructions, a very efficient structure is created for calculating the scalar product
of two vectors.

Detailed information about the assembler implementation can be found in appendix D and E.

6.3.2 DSP hardware and tools

The chosen DSP is the Texas Instruments TMS320C5x. It is a 16-bit fixed point DSP. A fixed point DSP
was chosen as for the algorithm used here it is not necessary to have the precision of a floating point DSP
to find the correct direction. The C5x series DSP's are available in versions with speeds ranging from 20



66 CHAPTER 6. ALGORITHM IMPLEMENTATION

to 50 MIPS. Based on the number of calculations necessary, it is calculated that a 20 MIPS C5x DSP can
find the direction and retrieve the baseband signal within the time of one frame. Although it is not the
fastest DSP series available from Texas Instruments, based on this it is chosen for the implementation of
the algorithm.

In the final implementation the DSP is likely to be placed on a custom designed board. As such a
board is not yet available, a development board from Texas Instruments is used. The 'Evaluation Module'
(EVM) is a board with the following key features:

• 20 MIPS C50 DSP

• 64K external SRAM

• AID and D/A converter

• 16-bit bidirectional PC host-communications port

• I/O expansion bus for application use

Included with the EVM is the software necessary for programming and debugging. The 'Assembly
Language Tools' software consists of an assembler, a linker and several tools. The 'C Source Debugger'
is a debugger that works with both C and assembler programs.

The software that has to be programmed consists of:

• Direction finding software

• Beamforming software

• Software for communication between the PC and the EVM

The communication between the PC and the EVM consists mainly of the PC sending bursts of GSM data
to the EVM module for it to process. The bursts sent by the PC consist of simulated data generated by
MATLAB. However, it is also possible to use actual measurement data.

6.3.3 DSP programs

In appendix D and E the assembler programs for the direction finding and beamforming are described in
detail.

6.3.4 Results of assembler implementation

In table 6.3 the timing results of the DSP implementation are given. An instruction cycle corresponds with
the unit for calculating MIPS (Millions of Instructions Per Second). So, a 20 MIPS processor performs
20 million instruction cycles per second (this is pointed out to avoid confusion with a clock cycle, which
corresponds to the 40 MHz clock of the DSP used here). Although an instruction cycle is mostly the same
as the execution of one instruction, there are instructions that take longer than one instruction cycle to
execute. The execution time is calculated by dividing the number of instruction cycles by the number of
MIPS.

The time necessary for beamforming is also included in table 6.3. The program code was tested using
153 samples per burst (of 148 bits). A more realistic value for the number of samples necessary is 306.
The number of instruction cycles for that case was calculated by multiplying the number of instruction
cycles for 153 samples by two. The necessary number of samples is determined by how many samples
the Viterbi decoder requires. The Viterbi decoder has the baseband signal as input and the decoded bit
sequence as output.
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TABLE 6.3 INSTRUCTION CYCLES
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Subroutine

Correlation matrix
Eigenvector
Spectrum + peak (2° steps)

Total

Beamforrning (153 samples)
Beamforrning (306 samples)

Total incl. beamforrning (306 samples)

Nr. of instruction cycles Time (ms)

16,351 0.82
14,628 0.73
16,330 0.82

47,309 2.37

11,624 0.58
23,248 1.16

70,557 3.53

Now, consider a test situation where one burst per frame is used. As the frame time is 4.6 ms, the burst
can be processed every frame. However, it must not be forgotten that the data must be sent to the DSP
before it can be processed. How much time this requires, is not clear. The current setup is one where the
data is sent from the PC to the EVM card in the Pc. The sending of a block of data from the PC to the
EVM requires 22 ms. It is possible that this could be speeded up by a more efficient transmission protocol.
Also, the transmission from external hardware to the EVM through the I/O expansion bus could possibly
run faster.



Chapter 7

Evaluation of the system

7.1 Introduction

In this chapter several points are considered:

• System setup

• Directional or omni-directional

• Capacity increase

• Practical testing

• Other smart antenna projects

7.2 System setup

Besides the algorithm itself, it is also important to consider the system in which the algorithm will be used.
The digital signal processing system will be part of a smart antenna GSM base station. Information about
the analog and digital hardware of the adaptive antenna system can be found in [2].

In figure 7.1 the system setup for the algorithm is shown. The received data is sent to the DSP for
processing, while it is also stored in a buffer. After the weights have been calculated, the data in the buffer
is sent to the beamformer. In this way a system is created where the input is eight baseband signals from
eight antenna elements and the output is one baseband signal which is the input for the demodulator. The
output signal will be delayed in relation to the input signal. The delay time is determined by the time
necessary for the weights calculation and the beamforming. This should be less than 4ms, so the delay
should not be a problem.

7.3 Directional or omni-directional

In the next three sections, it is determined when this directional system can be used and when it is necessary
to switch to an omnidirectional system.

7.3.1 Uplink

On the uplink, all signals are directed from the mobile to one single base station, so directional reception
can always be used. So, for the uplink, it will not be necessary to switch between directional and
omni-directional reception.
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Figure 7.1 System setup for the adaptive algorithm

7.3.2 Downlink

On the downlink, some signals are directed from the base station to a single mobile. These are called
point-to-point signals. Other signals are directed from the base station to all mobiles in contact with or
attempting to make contact with the base station. These are known as point-to-multipoint signals.

All point-to-multipoint channels on the downlink are part of the base channel. The FCCH (Frequency
Correction CHannel), SCH (Synchronization CHannel) and BCCH (Broadcast Control CHannel), which
are used for synchronization with the network, are all point-to-multipoint. The PCH (Paging CHannel)
is also point-to-multipoint. The final channel on the base channel, the AGCH (Access Grant CHannel),
could be used directionally, as it is transmitted to one particular mobile. That mobile has just transmitted a
'Channel request' message using the RACH (Random Access CHannel) and if the 'Channel assignment'
message is transmitted directly, the direction found will still be correct. However, as it is not necessary
for this signal to be transmitted directionally and all other channels on the downlink of the base channel
are transmitted omni-directional, the complete downlink part of the base channel will be transmitted
omni-directional.

7.3.3 Algorithm failure

If the peak in the calculated spectrum is below a certain threshold, it is advisable to switch to an omni
directional setup. Such a failure of the algorithm could occur if there are multipath signals coming from
a too wide range of angles (e.g. a range of 100°). If the beam is pointed in a wrong direction, the link is
sure to be lost. If an omni-directional system is used, the link may possibly remain acceptable.

7.4 Capacity increase

The improvement of the C/ I -ratio compared to a omnidirectional antenna means that it is possible to
decrease the distance between base stations while maintaining the same C/ I. The question is what
decrease is possible and what increase in capacity that results in.

The simulations in chapter 5 show that the gain in C/ I is often around 8 dB. In the example in
section 2.2, it was shown that a situation with six interferers, all of them a factor three further away from
the base station than the mobile station within the cell, results in a theoretical C/ I -ratio of 11.3 dB (using
an omnidirectional antenna). This corresponds with a network with a re-use factor of K = 4. As shown
in chapter 2, for satisfactory quality reception a C/ I ratio of 18 dB is necessary. Therefore, using a factor
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three distance difference, an omnidirectional antenna will not be adequate to achieve satisfactorily quality.
However, assuming that using a smart antenna system results in an 8 dB increase, the C/ I ratio becomes
19.3 dB, and the quality will be satisfactory.

A GSM cellular network with omni-directional antennas requires a re-use factor of K = 7. A GSM
cellular network with smart antennas using the technique presented in this report requires a re-use factor
of K = 4. This is a capacity increase of 75%. Also, due to the higher gain of the antenna array, both
the mobile and the base station will have to transmit less power (this assumes that the smart antenna base
station is surrounded by other smart antenna base stations). However, as was mentioned in chapter 2, a
cellular network based on identical cells and clusters is a theoretical model. The consequences of using a
smart antenna system in a realistic network would require more detailed examination.

7.5 Practical testing

The simulations in chapter 5 showed that the MUSIC algorithm in the form used in that chapter can
successfully be used for direction finding. However, the real test for the algorithm is its use in practice.
Differences could occur in the signals received, as well as the way they are received by the antenna
elements.

7.5.1 In practice

When testing the algorithm in practice there are several differences between the simulations and the actual
measurement results that can be expected. These points are of importance to the performance of the
algorithm:

• In the simulations values were chosen for the angular spread, the delay time and the number of
multipath components. Values for these parameters could occur in practice that were not considered
in the simulations.

• In practice, the array response of the antenna array will not perfectly match the mathematically
calculated response. The best method to prevent problems occuring as a consequence of this is to
measure the array response. The measured response can then be used by the algorithm.

• So far, it has been assumed that the direction will be updated every frame. This is done, because it
is possible that the signal will suddenly come from a totally different direction. For instance, in the
case that the mobile moves behind a building. However, measurements may show that it may not
be necessary to update the direction every frame.

• It has been assumed that the desired signal will be stronger than the undesired signals. It will have
to be verified in practice that situations where an undesired signal becomes stronger than the desired
signal are a rarity.

• The peak in the spectrum becomes lower as the elevation angle at which the signals arrive deviates
more from 90°. If this deviation becomes too large, the direction will not be found correctly. It is
however not expected that there will be any problems with this.

The following points may also influence the results of the algorithm:

• Antenna elements are dipoles, so they are not isotropic. In a horizontal plane, the gain is the same in
all directions. In a vertical plane, the gain decreases in directions pointing downwards and upwards.
Therefore, signals not arriving from a horizontal direction will be received less strongly.

• As there is only a small distance between the antenna elements, there may be some form of mutual
coupling.
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7.5.2 Application of the measurement data

Initially, the data obtained from the measurements will be stored on disk. In that way, the data can be used
at any time. To test the system in real-time, the received data will have to be sent straight to the DSP. On
the EVM, the I/O expansion bus or the serial port can be used for this. The transfer of data between the
PC and the EVM is not very fast. For a real-time system the transfer of data to the DSP will have to be
speeded up.

7.6 Other smart antenna projects

The development of smart antenna systems is a very active area of research. It is interesting to compare
the work presented in this report with results from other research projects.

Often use is made of optimum combining techniques. Optimum combining is a useful method for
preventing inter-symbol interference (lSI) due to multipath. However, GSM makes use of a training
sequence and a Viterbi algorithm to prevent problems with lSI. That leaves fast fading prevention and C/ I
improvement as uses for optimum combining. Considering the limit to the number of antenna elements,
it is not possible to shape the pattern in any way desired. Combining of the multipath components in such
a way that fading is prevented is not guaranteed to always be possible.

Strandell et al. [15] present an antenna system using the SMI (Sample Matrix Inversion) algorithm.
The practical side of this work is very interesting. However, the algorithm has so far only been tested in
simple situations. The performance of the system in situations with multipath has not yet been examined.
In the paper a simulation is presented where there are only two signals (without any multipath). Using the
SMI algorithm a zero is formed in the direction of the second signal (which is considered the interfering
signal). That then results in a gain in C/ I of more than 30 dB. However, as it is such a simple situation
being considered, the large gain in C/ I is not as spectacular as it may seem.

The Smart Antennas Research Group (SARG) does a lot ofmathematically orientated work on adaptive
antenna techniques. Fundamental research leads to the improvement of existing techniques and the
development of new techniques and is therefore an essential part of the development of smart antenna
systems. However, when a practical system has to be realised, simplifications have to be made to create
a system that can be implemented. It is also necessary to consider hardware restrictions and the actual
propagation environment. For example, AJ. van der Veen and A. Paulraj [8] propose a technique using an
analytical constant modulus algorithm. Although it improves on the performance of the standard constant
modulus algorithm, it does increase the computational complexity.

Ohgane et al. [16] test the use of CMA based on measurements. The signals in these measurements
are received by an antenna array placed on the roof of a van. This results in a wider angular spread, as
most of the scattering occurs in the local vicinity of the mobile. A significant part of the improvement
resulting from the algorithm is due to the reduction of lSI. As the array is placed on the roof of a van, the
multipath environment is that of a mobile phone, as base station antennas are generally placed at larger
heights.

Farsakh et al. [18] make use of direction finding to determine the delays, the DOA's and the complex
amplitudes of all dominant propagation paths. It is then suggested that these parameters can be used for
beamforming. The parameters are all used so as to obtain the optimal beam shape. However, dealing with
propagation paths separately increase the computational complexity.

The work in this report had two important preconditions: the system is intended to be used for GSM
and the computation time is important for the implementation. The fact that GSM is used means that lSI
due to multipath is already handled by the Viterbi decoder. The large number of multipath components
and the restriction in the number of antenna elements leads to optimum combining algorithms not being
able to combine the signals optimally. Another big restriction is the case when there is an interfering
signal coming from the same direction as the desired signal. That interfering signal can then not be
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suppressed. Using a more simple algorithm as presented in this report results in a system that is easier to
implement. Such a system still gives significant improvement and is worthwile. Once a final system has
been developed, further development can be done to improve the performance.

Also, due to its more simple and straightforward approach, the system presented in this report can be
implemented more easily using DSP technology. This was an important precondition that often is not so
important in other work.



Chapter 8

Conclusions and recommendations

8.1 Conclusions

From the simulations in chapter 4, it is concluded that, although optimum combining techniques are in
theory capable of achieving optimal results, practical considerations make the use of direction finding and
the pointing of a beam a better choice. The reason for this is that in a GSM environment many signal
components arrive at the array and that optimum combining methods then have problems combining these
signals optimally. The large number of signals is a result of the fact that each mobile, either desired or
interfering, transmits a signal that is received as multiple multipath components. The interfering signals
come from a range of directions and the optimum combining algorithm is incapable of creating zeros
in all the directions necessary. Also, when a desired and an interfering signal component come from
approximately the same direction, it will not be possible to separate these two components. This and the
previous restriction are caused by the fact that the number of antenna elements is limited.

The MUSIC algorithm used in the form presented in chapter 5 is found to be the optimal algorithm
for direction finding purposes. It has the right combination of computation time and accuracy. Using a
radiation pattern with a main beam pointed in the desired direction and low sidelobes is an effective way
of achieving gain in the (C/ I)-ratio.

Using the adaptive system suggested in this report, it is possible to create a network with a re-use factor
of K = 4. One of the main limiting factors is the fact that interfering signals can and often will arrive
from the same direction as the desired signal. The main beam of the radiation pattern will be pointed into
the direction of the desired signal. Interfering signals arriving from approximately the same direction as
the desired signal will also be received within the main beam and therefore these interferers will not be
suppressed. No matter how low the sidelobes are, the (C/ I)-ratio will never increase above a certain limit.
The limit to the C/ I value is the difference in dB between the desired signal and the interfering signal
within the main beam.

The gain achieved is mostly in the range 5-10 dB, with 8 dB being a typical value. If the desired signal
arrives from a direction from which no interfering signals arrive the gain will be above 10 dB. A gain of
15 dB or above is then possible.

Overall, the use of direction finding in combination with a directional beam implemented using DSP
technology appears to be a feasible and realistic technique. As far as simulated situations are concerned, the
developed software meets the objectives given in the introduction (chapter 1). The algorithm is sufficiently
accurate and reliable. The DSP implementation has been optimized for speed.

8.2 Recommendations

• The DSP software is only a part of the complete smart antenna system and the simulated situations
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are only simulations. When examining the use ofthe algorithm in practice, possible differences with
the simulations will have to be examined. Several points to be considered are given in section 7.5.1.

• The interfacing of the DSP section to the rest of the hardware must be implemented. Software
already exists for transferring data, but the exact implementation depends on the hardware that the
DSP is connected to. The transmission of data to and from the DSP must be sufficiently fast so that
a single burst can be processed within the time of one frame.

• The use of Space Division Multiple Access (SDMA) is an interesting possibility for the future. If
a large cluster size is used, it will be possible to place two mobiles in the same timeslot at the
same frequency without too much degradation in quality due to interference. Two things must be
remembered:

- A reliable method must be found to distinguish the two mobiles from each other, keeping in
mind that in total only eight training sequences are available.

- It must be possible to switch the mobile to a different frequency and/or timeslot when the
signals from the two mobiles come from directions that are close to each other.

• A study into the network planning aspects when using smart antennas implemented in the way
described in this report would be useful. Such a study would consider the following factors:

- Propagation environment

- Number and position of interferers

- Position of mobile

It would be necessary to detennine how the gain achieved depends on the situation. It is important
that the gain is high in situations that occur often, but it is also important that the required gain is
achieved in a satisfactorily large percentage of cases. Some sort of statistical modelling would be
necessary.
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Nomenclature

*
ell
CMA
DOA
ESPRIT
FDMA
GMSK
GSM
lSI
LMS
MUSIC
SDMA
SMI
TDMA
UCA

Transpose of a vector or matrix
Complex conjugate transpose of a vector or matrix
Complex conjugate
Carrier-to-Interference ratio
Constant Modulus Algorithm
Direction Of Arrival
Estimation of Signal Parameters via Rotational Invariance Technique
Frequency Division Multiple Access
Gaussian Minimum Shift Keying
Global System for Mobile communications
Intersymbol Interference
Least Mean Square
Multiple Signal Classification
Space Division Multiple Access
Sample Matrix Inversion
Time Division Multiple Access
Uniform Circular Array
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Appendix A

UCA-ESPRIT expressions

Thefollowing expressions are used in equation (3.68)

C d· {._p ·-\·0 ·-1 ._p}
V = lag J , ... ,J ,J, J , ... , J

1·· .
_ _[eJPl1l, eJPY1, .•• , eJPYM-l]

M

= 2-[1, ej2rrp/M, ... , ej2rrp(M-I)/M]
M

Properties used for deriving equation (3.77)

2m
Jm-I(O + Jm+I(l;) = TJm(~)

phase [a(O)] = phase [e j <1>a(-I)] = phase [e- j<1>a(l)]
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AppendixB

Details of B simulations

TABLE B.1 DETAILS OF INTERFERENCE REDUCTION SIMULATION B 1

Power change (dB)

Interferer nr. MUSIC simulation UCA-ESPRIT simulation

1 (60°)
2 (120°)
3 (180°)
4 (240°)
5 (300°)
6 (360°)

-19.4
-5.5
-3.7

-20.6
-22.1
-24.4

-19.0
-5.0
-4.1

-21.5
-22.9
-24.4

TABLE B.2 DETAILS OF INTERFERENCE REDUCTION FOR SIMULATION B2

Power change (dB)

Interferer nr. MUSIC simulation UCA-ESPRIT simulation

1 (60°)
2 (120°)
3 (180°)
4 (240°)
5 (300°)
6 (360°)

-23.1
-28.9

-2.9
1.0

-15.6
-19.0
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-22.6
-27.6

-3.2
1.0

-15.7
-19.1
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TABLE B.3 DETAILS OF INTERFERENCE REDUCTION FOR SIMULATION B4

Power change (dB)

Interferer nr. MUSIC simulation UCA-ESPRIT simulation

1 (60°) -8.9 -11.0
2 (120°)
3 (180°) -12.4 -9.5
4 (240°) -23.0 -19.2
5 (300°) -22.0 -21.5
6 (360°) -18.0 -18.7



Appendix C

GSM multipath models

In appendix C of GSM specification 05.05 several propagation models are given. In table C.l (of this
report) two typical cases for an urban area are given. The simulations in this report are based on these
models. Sometimes these models are used exactly, but in most cases slight variations are used. These
variations are chosen in such a way that the general properties of the models do not change. For instance,
the range is left the same.

TABLE C.l TYPICAL CASE FOR URBAN AREA (TUx) (12 TAP SETTING)

Tap number Relative time (J.Ls) Average relative power (dB)

(1) (2) (1) (2)
1 0.0 0.0 -4.0 -4.0
2 0.1 0.2 -3.0 -3.0
3 0.3 0.4 0.0 0.0
4 0.5 0.6 -2.6 -2.0
5 0.8 0.8 -3.0 -3.0
6 1.1 1.2 -5.0 -5.0
7 1.3 1.4 -7.0 -7.0
8 1.7 1.8 -5.0 -5.0
9 2.3 2.4 -6.5 -6.0
10 3.1 3.0 -8.6 -9.0
11 3.2 3.2 -11.0 -11.0
12 5.0 5.0 -10.0 -10.0
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AppendixD

DSP assembler programming

D.I DSP architecture

In figure 0.1 the structure of the Central Arithmetic Logic Unit (CALU) is shown. It is a simplified
representation only showing the most important blocks. Parts such as pre- and postscalers have been
omitted. Although the CALU is not the only part of the DSP, it is the part that is used the most.

In table 0.1 a list is given of the most used registers in the software described in appendix E. The
auxiliary registers are general purpose registers that are mostly used as either pointers to data or loop
counters. The P register is the register where the result of a multiplication is stored. The T register is the
place where one of the two operands for a multiplication is placed prior to the multiplication.

D.2 General.information

The core of most of the routines consists of multiplications and additions/subtractions. For the multiplica
tion, generally two auxiliary registers (ARx) are used to point to two sets ofdata. After each multiplication,
the two registers ARx are updated to point to the next two elements to be manipulated. The result of each
multiplication is either added to or subtracted from the accumulator. Generally there are multiple nested
loops. The result of one inner loop is often stored in a memory location pointed to by another auxiliary
register. This auxiliary register is then updated once during each outer loop, to point to the location where
the next result must be stored.

The most often used instructions for multiplying are MPYA (mnemonic for Multiply and Accumulate
Previous Product) and MPYS (mnemonic for Multiply and Subtract Previous Product). The ideal instruc
tion for multiplying and accumulating is the instruction MAC (mnemonic for Multiply and Accumulate),
as it does not require one of the numbers for the multiplication to be loaded into the T register before
multiplication (the MPYA and MPYS instructions do require this). If MAC is used, the program code will
be fast. It is however not always possible or optimal to use MAC, so often MPYA and MPYS are used.

TABLE D.I LIST OF COMMONLY USED REGISTERS

ACC
ARx
BRCR
INDX
PREG
TREGO

32-bit accumulator
Auxiliary registers x = 0, ... , 7
Block repeat counter register
Index register, specifies increment sizes
32-bit product register
Temporary register for multiplicand
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Figure D.I Simplified structure of the Central Arithmetic Logic Unit

For the inner loop either the RPTB or the RPT instruction is used. For the outer loop(s) the BANZ(D)
instruction is used, with an auxiliary register functioning as a loop counter. The scaling of the data is done
by bitshifting.

Generally, most of the time for a routine is taken up by multiplying/addition/subtracting. However,
the time for other instructions (such as loading AR's and setting loop counters) is non-neglibible, and has
a noticeable effect on the total time.

D.3 Macros

As a lot of the program code described in appendix E is based on the same type of construction, using
macros clarifies the structure of the program. The macros can be divided into two categories. The first
category is macros that calculate the scalar product of two vectors. Such macros consist of repeat and of
multiply and accumulate instructions as described above. There are separate macros for calculating the
real and imaginary parts. There are two possible scalar products: the scalar product of two non-conjugated
vectors and the scalar product of a non-conjugated vector and a conjugated vector. These macros can be
found in the file MAC_VECT.ASM.

The second category of macros uses macros from the first category for multiplications involving
matrices. The multiplications consist of either multiplying a matrix with a vector or a matrix with a matrix.
Again, one of the matrices or vectors can be complex conjugated. These macros can be found in the file
MACMTRX.ASM.



AppendixE

DSP assembler implementation of
direction finding

E.I Introduction

The structure of the code of the three main sections of the program are described in this appendix. Each
section in this chapter corresponds with a section of the program. The name of the assembler program and
the expression and the steps that are implemented in that program are given. Next, the way in which the
expression and steps are implemented is described.

The order in which the program sections are described is:

1. Spectrum calculation

2. Eigenvector calculation

3. Correlation matrix calculation

This order is the reverse of the order in which the sections are called. The order has been changed so that
sections requiring less steps are considered first.

E.2 Spectrum calculation

Program: SPECTRUM. ASM

Expression

(E.!)

In the above equation the vector a(O) is defined for all directions. In the implementation only discrete
values of 0 are used. A matrix A(} is used with columns containing a(Oj) with OJ = 2,4, ... ,360°. The
following vector can then be calculated:

PI = A{/e (E.2)

The squared absolute value of each element of P I must be calculated seperately. That results in a real
valued vector that when plotted shows the spectrum.

89



90 APPENDIX E. DSP ASSEMBLER IMPLEMENTATION OF DIRECTION FINDING

Implementation The product in equation (E.2) is of the form: vector =complex conjugated matrix x
vector. For such a calculation the macros EMultCCRe and EMultCClm can be used with:

z=xHy

Macro parameter Description Value given Assembler name

X Matrix X A o ATHETA
y Vectory e EIGVEC
zre Real part of vector z Re(P/) RESRE
zim Imag. part of vector z Im(P/) RESIM
ylen Length of vector y Nr. of antenna elements NRELM
xcols Nr. of columns in matrix X Nr. of directions DIRST

The result of the above calculation is that there will be two rows in memory. The two rows contain
the real and imaginary parts of the vector PI. The next step for the calculation of the spectrum is the
calculation of the absolute value (squared) of the elements of matrix PI. The real part is pointed to by ARI,
the imaginary part is pointed to by AR2. These two parts are both squared and added to the accumulator
(the accumulator is initially set to 0). It would be possible to store the resulting value in memory and this
would result in a row of numbers in memory representing the spectrum. However, it is more convenient
to find the peak directly making use of the accumulator buffer.

The accumulator buffer is a convenient place to store the current highest value of the spectrum during
the search. The current value is stored in the accumulator and the maximum value so far is stored in the
accumulator buffer (accumulator buffer is initially set to zero). Using the CRGT instruction, the larger of
the two is stored in both the accumulator and the accumulator buffer. If the accumulator is larger than the
accumulator buffer, then the current direction is stored. After stepping through all directions the direction
of the highest peak has been found.

The flow diagram representing the spectrum calculation is shown in figure E.I.

E.3 Eigenvector calculation

Program: EIGENVEC. ASH

Steps The eigenvector calculation consists of three main steps:

I. Multiplication of the correlation matrix with the (approximated) eigenvector (= e).

2. Calculation of the length of the resulting vector s (involves a square root calculation).

3. Division of s by its length, resulting in the unit length vector e (involves an integer division).

Steps I to 3 are iterated 10 times, resulting in an accurate eigenvector calculation.

E.3.1 Multiplication

Expression

s=Re (E.3)
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Scalar product
of a(i) and e

Update pointer to
result location
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Figure E.t Flow diagram for spectrum calculation

Implementation The above product is of the form: vector =matrix x vector. For such a calculation the
macros EMultRe and EMultlm can be used with:

z=Xy

Macro parameter Description Value given Assembler name

X Matrix X R CORRMAT
y Vectory e EIGVEC
zre Real part of vector z Re(s) SVECRE
zim Imag. part of vector z Im(s) SVECIM
ylen Length of vector y Nr. of antenna elements NRELM
xrows Nr. of rows in matrix X Nr. of antenna elements NRELM

E.3.2 Length of vector s

Expression

\sl

Implementation The two steps of this calculation are:

a. Absolute value of s, squared

b. Square root of result of a.

(E.4)
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After the multiplication described in section E.3.1, the real and imaginary parts of the results are stored
as two separate rows of numbers. Register AR1 is set to point to the start of the row of real numbers, AR2
is set to point to the start of the row of imaginary numbers.

The following instructions are repeated to cycle through all numbers: The contents of the addresses
pointed to by ARI and AR2 are both squared, after which ARI and AR2 are both incremented. The
results of both multiplications are accumulated. After cycling through all numbers, the result obtained is
the absolute value of s, squared. To obtain the length, the square root of the result must be calculated. A
numerical method is used to achieve this. See section 7.7 of the 1993 edition of the TMS320C5x User's
Guide. The method is implemented in the macro ELength.

E.3.3 Division of s by its length

Expression
s

e=-
lsi

(E.5)

(E.6)

Implementation After the length has been calculated using the method described under section E.3.2,
the value of the length will be used as denominator. Both the real and imaginary parts of the vector s for
all directions are divided by the length. The vector s is however pre-scaled (7 bit left-shift), so that the
resulting eigenvector has a length of 128. See section 7.8.3 of the 1993 edition of the TMS320C5x User's
Guide. The division is implemented in the macro EDivide.

E.4 Correlation matrix calculation

Program: CORRMAT. ASM

Expression

R = '!-xc ' x~
L

The correlation matrix R is built up out of elements Rij (i = 0, ... , 7; j = 0, ... ,7). The element
values are calculated using the equation:

(E.7)

Implementation The product in equation (E.6) is of the form: matrix 1 =matrix 2 x complex conjugate
of matrix 2. For such a calculation the macros MMultCCRe2 and MMultCClm2 can be used. In total, the
correlation matrix requires three nested loop. The inner most loop is the calculation of a single element,
see equation (E.7). The two inner loops are handled by the macros. The third (and outer) loop must be
setup in the program code itself. Outside the third loop, the following registers must be set:

Register

ARI
AR6
AR4

Value given

Xc
R
Number of antenna elements-l

Assembler name

XMATRIX
CORRMAT
NRL-l

Inside the macro the registers AR2, AR3 and AR7 are also used.
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Figure E.2 Flow diagram for correlation matrix calculation

The data matrix X is an 8 x 50 matrix containing complex numbers. The 8 rows correspond with 8
elements and the 50 columns correspond with 50 samples. The sample data from the antenna elements is
stored in memory in the following order:

Re[X(1, I)] - Im[X(1, I)] - Re[X(1, 2)] - Im[X(1, 2)] ... Im[X(1, 50)] 

Re[X(2, I)] - etc....

The flow diagram for the calculation of the correlation matrix is shown in figure E.2.

Implementation of the macros For the calculation of a single element of the matrix two pointers are
needed to access the data samples. Two different antenna elements correspond with two different rows in
the data matrix. Calling these rows a and b, then ARI points to row a and AR2 points to row b.

The correlation matrix R is hermitian, so that Rli = Rji. Initially, both ARI and AR2 point to the
first row. Using the INDX register, AR2 is increased to point to successive rows. After AR2 has stepped
past all the rows, ARI is increased to point to the second row (using the INDX register). AR2 is set to
point to the same address as ARI, after which AR2 steps past all rows again. The difference is that this
time this must be repeated one time less, as the starting point is row 2. This is repeated until ARI has
stepped past all rows. In figure E.3 this is presented graphically. The square box indicates to which row
ARI points during each step, and the circle indicates to which row AR2 points.

AR3 is the register used for the loop count of AR2. Initially this register is set to 7 (which results in
8 loops), and after each loop it is decreased by one. The stepping through the rows by ARI is repeated 8
times (register AR4 is used for this loop count).

Use of AR6 and AR7 The correlation matrix element at position (y, x) is the complex conjugate of the
matrix element at position (x, y). Making use of this property means that only one calculation is needed
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Figure E.4 Updating of AR6 and AR7

for calculating the matrix element at two positions. The disadvantage of this technique is that it requires a
lot of jumps in the addresses pointed to by the auxiliary registers.

At the start of each inner loop for the real part calculation, AR6 and AR7 point to one of the diagonal
elements (real part). After the real part calculation, AR6 is increased by two to point to the next real
element and AR7 is increased by 16 to point to the next row. The result of the real part calculation is
stored in both addresses pointed to by AR6 and AR7.

The imaginary part calculation is done in nearly the same way as the real part calculation. The first
difference is that the starting point is not the real part of the first element of the matrix, but the imaginary
part. The result of the imaginary part calculation is stored directly in the address pointed to by AR7. The
second difference is that the imaginary part is then negated before being stored in the address pointed to
by AR6.

After each inner loop, both AR6 and AR7 are reset back to the diagonal element where they started
(the address is retrieved from the stack). They are then updated to point to the next diagonal element. In
figure EA these starting points are indicated for the real part of the calculation.
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