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Abstract 

Due to a dramatic increase in the demand for faster wireless communication 

services, many new data transmission schemes were developed over the past dec

ade. Space Division Multiple Access is a promising multiple access scheme that can 

provide high system capacity, good signal quality, and fast data transfer in wire

less communication systems. With SOMA, multiple users transmit simultaneously 

in the same frequency band. Rather than being separated by time slot, frequency 

band, or code, users are separated based on their position in space. At the cost 

of adding complexity, SOMA can dramatically increase system capacity. SOMA can 

be combined with existing mUltiple access techniques to further improve the 

system performance. This thesis describes the basic principles behind Space Divi

sion Multiple Access. More importantly, this thesis extends previous work by dem

onstrating a working downlink in addition to the uplink knowing that the downlink 

has been a big challenge in such a system. 
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Introduction 

In the past decade, there has been a tremendous growth in the area of telecom

munications. As cellular phones and the high speed Internet become more and 

more popular, the demand for faster and more efficient telecommunication sys

tems has been skyrocketing. Both the increase in the number of users and the 

increase in high data rate transfers from the Internet has produced a huge increase 

in traffic. In order to handle this heavy traffic, the whole telecommunications infra

structure has been transformed in the past several years. Thousands and thou

sands of optical fibers were laid underground to allow high speed, wide bandwidth 

signal transfer. This has solved most of the problems for land-based systems. 

However, more and more high-speed services are now carried out in a mobile envi

ronment where data transfer is done through wireless channels. Compared to the 

capacity of a fiber, the capacity of a wireless link is the weakest part in the whole 

infrastructure. Many people have realized this and have tried different methods to 

increase the bandwidth of the wireless channels. 

Before going any further, let us explain how wireless communications systems 

work. In most wireless communications systems, there are two major components 

- base stations and the mobiles. The base station is located at the center of a cov

erage area called a 'cell' and the mobiles can be anywhere within the cell. Commu
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nication then takes place between the base station and the mobile through the 

wireless channel. A certain amount of spectrum is assigned to a cell for signal 

transfer. This spectrum provides the media for the signals to be transmitted. With 

a wider spectrum, more users can be served within a cell. To serve a large area, 

one can use a high power base station to cover the whole area. but only a fixed 

amount of users can be served in this way. So instead of having a single large cell, 

multiple cells with smaller size are usually used to cover a large area. To avoid 

severe interference between cells, base stations that are adjacent to each other 

are allocated different spectrum or channel groups. Also the output power of the 

base station is maintained at a level so it is just enough to cover the whole area 

up to the cell boundary. With this method, cells that are separated by a certain 

amount of distance can use the same spectrum. This is true as long as the inter

ference caused by surrounding co-channel cells is within tolerable limits. Figure 1.1 

shows one possible frequency reuse topology with a cluster size of seven. In this 

frequency reuse scheme, each cell in the cluster has one-seventh of the total 

spectrum, and the same spectrum is used in cells with the same label. With this 

cellular reuse method, the same spectrum can now be reused over and over again 

and can be used to cover an infinitely large area. 

To allow simultaneous communication with multiple users within the same cell, 

the system has to have methods to isolate the signals from each user. A typical 

method is to separate users by frequency. In this kind of system, signals from each 

user are transmitted at different frequencies and are separated by proper filtering. 

By now, one should have a brief idea on how wireless communications systems 

function. So let us explore some of the possibilities in improving the system per

formance. The easiest way is to use more spectrum in each cell so that more users 

can be handled by the same base station, provided that the user's bandwidth 

remains unchanged, or more bandwidth can be assigned to each user so that 

faster data transfer rates can be achieved through the wireless channel. Although 
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Figure 1.1: Spectrum allocation in multiple cells with frequency reuse 

this approach does not require any changes in the system architecture, it is an 

impractical and expensive approach. This is because there is limited spectrum allo

cated for wireless applications and it costs a lot of money for the service providers 

to rent it. More spectrum is available at higher frequencies, but the cost of building 

RF components that work at these frequency ranges becomes an issue. Another 

approach to enhance the capacity and the performance of the system is to mini

mize the size of a cell so that each serves a smaller area with the same amount of 

users, increasing overall density. This is a good method and is used by most serv

ice providers to increase the system capacity. However, there is still a limitation 

in how close co-channel cells can be put together. Besides, more base stations are 

required to cover the same area, driVing up the cost. The last approach is quite 

different from the previous two. Instead of finding more spectrum to serve the 

same number of users, different transmission techniques are used so that the 

system can serve more users with the same amount of spectrum. Unlike the prior 

two approaches that do not require changes in the system design, this method 

needs hardware customized to the transmission method. Although the base sta
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tion is more expensive, the additional cost is likely less than that of buying more 

spectrum. This system makes better use of the available spectrum and has a 

higher spectral efficiency. 

Many transmission methods have been developed in the past for wireless com

munications. They vary from the very simple that support one user per channel to 

those that handle multiple users per channel. Some access schemes that are com

monly used in wireless communications are listed below. 

The simplest access scheme is called Frequency Division Multiple Access 

(FDMA). It is widely used in many wireless applications like TV broadcast, radio 

broadcast, AMPS cellular system, etc. In FDMA, signals from different users are 

transmitted with different frequencies just to avoid interference. Each signal is iso

lated from others by passing the received signals through a bandpass filter. This 

method has been available for many decades and is used mainly in analog systems. 

With the invention of digital technology, new methodologies became available in 

designing communications systems and access schemes. The two most well 

known access schemes that make use of the digital technology are Time Division 

Multiple Access (TDMA) and Code Division Multiple Access (CDMA). Unlike FDMA, 

which can only support one user per channel, both of these support multiple users 

per channel and increase the system capacity. 

In TDMA systems, users are not just separated by frequency, but are separated 

both by time and frequency. By doing so, multiple users can now share the same 

frequency channel by having a different time slot. This kind of access scheme 

works well for voice communication. Although a user is not transmitting or receiv

ing during the whole communication, the signal segments are carefully put 

together to reconstruct the original signal at the receiver with no difference to a 

human ear. However, the data rate will be compromised in case of data transmis

sion with TDMA compared to other access schemes that do not require time shar

ing. 
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Unlike TOMA, which is still partly based on the FOMA concept, COMA uses a 

totally different concept. In COMA, the signal from each user is spread across the 

entire channel by a unique spreading code. The codes are chosen so that they are 

orthogonal to each other. They act as the key to access the message in the trans

mitted signal. To retrieve a particular message at the receiver, the corresponding 

code or key is used to extract the signal. To further illustrate how the multiple 

access takes place, a simple analogy is used below to explain the process. In 

COMA, each code acts like a mask, which makes only the signal being transmitted 

with the same mask visible but not signals with other masks. In an ideal situation, 

an infinite number of users can be added to the same channel as long as the 

system can supply an uncorrelated code for each signal. However, the orthogonal 

characteristics of the code diminish when they travel through the wireless channel. 

This means that the masks are not perfect and do not give perfect isolation from 

other signals. Leaking signals from other users now cause interference and noise 

in the desired signal. More interference is received if more users are added to the 

channel, decreasing the signal-to-interference plus noise ratio (SINR) of the 

desired signal. Since a certain amount of SINR is required to ensure an acceptable 

signal quality, this interference in turn limits the system capacity in the COMA sys

tem. But if there is a method to minimize this co-channel interference, the system 

capacity can obviously be increased in the COMA system. 

TOMA or COMA systems can have 3 to 6 times the capacity of FOMA systems. 

However, there is still a lot of room for improving system performance. It is always 

a challenge to provide higher system capacity in the network to fulfil the growing 

demand. A lot of research is being performed to look for methods to further 

improve system performance and the spectral efficiency. One recent development 

in this area is Space Division Multiple Access (SOMA) technology. 

SOMA is a totally different concept compared to TOMA and COMA. It uses a 

different technique to separate users. Instead of using time or code, users are now 
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separated by their spatial locations. Although SOMA may be new to commercial 

use, this is not the case for military applications. In the past, similar systems were 

used to counter electronic jamming in electronic warfare. It may not be as power

ful as the one that is built in this project, but the basic concept stays the same. 

It makes use of the fact that the jammer is usually located at a different point to 

the desired communication partner. By adjusting the radiation pattern of the 

antenna structure, the effect of the jammer can be reduced by placing a null in the 

direction of the jammer. This was sometimes done in the past by manually chang

ing the orientation of a highly directional antenna. The same concept is now used 

in the commercial system. But instead of eliminating jammers, the system is now 

used to reduce interference from co-channel users. Also, no more hand-tuning is 

needed in the antenna since the radiation pattern can be manipulated by software. 

To implement an SOMA system, the most obvious difference in the system 

architecture compared to regular systems is the antenna design. In a regular base 

station, the antenna is either omni-directional or sectorized. To establish a con

nection between the base station and the mobile, the transmitted signal is broad

cast from the base station antenna. Its goal is to cover the entire cell or sector so 

that the mobile can pick up the broadcast signal as long as it is within the coverage 

area. However, this kind of signal transmission wastes a lot of energy due to the 

fact that the mobile being addressed can only occupy one spot at a time. With 

broadcasting, most of the power is radiated in other directions instead of travel

ling toward the desired user. Besides, the broadcasting signal also causes unde

sired interference to other users located within the cell. If there is a way to 

pinpoint a user within the cell so that the transmitting antenna aims toward the 

desired user, less power will be needed to carry out the transmission. Also a lot of 

unnecessary interference can be removed from the desired signal. This is the basic 

philosophy behind SOMA. 
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One may wonder, if this concept has been around for so many years and is so 

beneficial, why has it only recently become popular. There is no simple answer to 

this question, but the computation requirement in such a system plays a major 

role in hindering its implementation. As mentioned earlier, in order for the system 

to have a flexible radiation pattern, some kind of adaptation process has to be 

added to the system. There are different levels of intelligence available and the 

kind of intelligence selected directly affects the performance of the system. In the 

past, computational cost was large. The computation requirement needed to 

implement the simplest algorithm could cost quite a lot of money. Also, there was 

no reason for the provider to spend money on something that was not necessary 

at that time. Only recently has the demand for system capacity gone up tremen

dously so that sophisticated multiple access schemes are now economically viable. 

In order to manipulate the radiation pattern of an antenna structure with soft

ware, multiple antennas are required instead of a single antenna. Unlike a single 

antenna, which has a fixed radiation pattern, the radiation pattern of an antenna 

array can be quite flexible. The flexibility varies according to the algorithm being 

implemented in the system. The most straight forward approach to generate a 

flexible radiation pattern is the switched lobe (SL) or the switched beam technique 

where the antenna array contains a number of highly directional antennas. Each of 

the antennas point in a slightly different direction. The system then analyzes the 

received signal from each of the antennas and selects the one that has the best 

signal. A more intelligent approach would be, instead of SWitching antennas, deter

mine the direction of arrival (DoA) of the signal. Once the DoA is obtained, the 

system uses the antenna array to form a highly directional beam pointing toward 

the user. Both methods should provide some advantages over the conventional 

system, however the benefit would be minimal if the signal suffers a lot of angular 

spread where the signal arrives at many different directions in a multipath environ
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ment. The situation would be even worse when no line-of-sight (LOS) is present 

between the user and the base station. 

To overcome the above shortcoming, a more advanced method was devel

oped. This method, usually called the optimum beamforming technique, fully uti

lizes the spatial diversity present in the multipath channel so that a stronger 

received signal can be generated. With optimum beamforming, signals received 

from multiple antennas are adjusted separately in both amplitude and phase 

before being combined. By doing so, the system behaves as if it has multiple 

adjustable radiation patterns. Each of the patterns is tuned to receive signals from 

a single user. An adaptive algorithm is used at the base station so that the system 

has the ability to determine the optimal radiation pattern for each user. As part of 

the training procedure, each of the users transmits a short training sequence to 

the base station. The algorithm then makes use of this information from a user by 

comparing each received signal to the original sequence to find out the correct 

radiation pattern for that user. With this method, all received signals from each 

antenna element are used and are optimally combined to enhance the desired 

signal and to cancel unwanted interference. During the training process, a lot of 

number crunching is needed at the base station. So it was not popUlar in the past 

due to the expensive cost of computation power. However, intensive signal 

processing is no longer an issue with the availability of low cost, extremely fast 

processors. Figure 1.2 shows the differences between the three methods. Keep in 

mind that what actually happens in optimal beamforming is more complicated than 

what is shown in the diagram. It is more complicated when interference from other 

mobile occurs. 

As mentioned earlier, SOMA provides a lot of benefits. For example, signals are 

now radiated more directly toward the selected user. This increases the power 

efficiency and extends the coverage area. Multipath fading is no longer an issue 

with a SOMA system. With multiple antennas, each of them located at a different 
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Switched Lobe Dynamic Beamforming Optimal Beamforming 

Figure 1.2: Different types of SOMA 

spot, the possibility of having a fade at all of the antennas simultaneously is very 

small and can be ignored. Interference from other users is now minimized. This 

improves the SINR of the received signal and therefore gives better signal quality. 

It also provides another way of having multiple users on the same frequency chan

nel since signals originating from users at different locations are reduced after the 

signal combining. This further increases the system capacity and also the spectral 

efficiency. 

Theoretically, the number of users that can coexist in the same channel 

depends on the number of antenna elements in the antenna array [1 ,2]. In our 

experiment, a fourfold increase in capacity was achieved using a twelve-element 

antenna array. Many studies have shown that it is possible to implement SOMA on 

top of other access schemes such as TOMA or COMA to provide improved system 

performance [3,4,5]. A five times increase in capacity has been reported by using 

SOMA on top of a COMA system [6]. Besides capacity increase, SOMA provides 



10 Chapter 1 Introduction 

higher security against line tapping since now one has to know the training 

sequence and the correct time in order to tap into a conversation in the uplink. To 

tap into the downlink conversation, one has to be at the same location as the user 

to receive the signal without corruption. 

The goal of this project is to build a wireless communication system that allows 

bi-directional data transmission with SOMA technology. Various SOMA receivers 

have been built in the past several years and promising results were obtained [7]. 

But not much research has focused on implementing SOMA in the downlink. With 

just the uplink transmission where the signal is transmitted from the mobile to the 

base station, the application for the SOMA technology will be limited. Therefore, 

this project was to implement SOMA in the downlink so that an equal amount of 

benefit can be obtained in both the uplink and the downlink. 

According to theory, the wireless channel is reciprocal. This means that the 

channel should be identical for the uplink and downlink within a short time period. 

This is more so in an indoor environment where users are not moving around at 

high speed. With this assumption, the radiation patterns obtained for the uplink 

transmission can be used in the downlink transmission and similar performance 

should be expected. However, signals received by the system during the uplink 

transmission did not only travel through the physical wireless channel, they also 

went through the front-end RF circuits of the radio before they were processed. 

These RF circuits affect the amplitude and the phase of the received signals just 

as the channel does. During the signal processing, both the channel effects and 

the circuit effects are taken care of by the adaptive algorithm. In the downlink, 

signals go through a different set of RF circuits that have a different functionality. 

They cause different amplitude and phase changes to the signals compared to the 

receiving RF circuits. Even though the wireless channel is reciprocal, the RF circuits 

are not. This implies that the radiation patterns obtained from the uplink transmis
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sion are not valid in the downlink transmission due to the differential influence of 

the RF transmitter circuitry and the receiver circuitry. 

To get around this, people have tried different methods to tackle the downlink 

transmission. Instead of using optimum beamforming, the DoA single beam 

approach is used in the downlink transmission. An algorithm obtains the direction 

of arrival for the signal with the knowledge on the architecture of the antenna 

array. Then a highly directional beam is formed toward the desired user in the 

downlink transmission based on the DoA. With this method, people were able to 

obtain some good results [8]. 

Although this approach gives a quick solution to a complicated problem, it only 

works under limited arrangements of users. For example, the system will have 

problems in the downlink transmission when two users share the same angle of 

arrival or in cases where the signal from one user comes from many different direc

tions. 

In order for an SOMA system to work at its full potential, optimal beamforming 

is the way to go. Some people may think that it is impractical to use optimal beam

forming in the downlink due to movement of the user. But it would be a more rea

sonable assumption to say that in a dense area where high capacity is required, 

the possibility of having users running or moving around at high speed may be 

smaller than the possibility of having users sharing the same line of sight. Also, as 

technology matures, it will not be far in the future that fast, powerful, and low cost 

processors will be available that can handle the training process in a shorter time. 

When this happens, having more frequent channel updates can accommodate 

faster movement of the user. 

With this idea in mind, our efforts are put in resolving the difference between 

the uplink channel and the downlink channel in a SOMA system so that optimum 

beamforming can be performed in both the uplink and the downlink transmission. 

Before the start of this project, a lot of work has already been done on this topic. 
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Here I would like to mention some of the names that I think have contributed a lot 

in this project. The original simulation was done by Ryan Kelly which tested the 

SOMA concept. After the simulation, an SOMA receiver was built by Keith Winand 

which allowed four simultaneous transmissions from the mobile to the base station 

with the same frequency. The antenna array used in this particular receiver was 

built by Edwin Tung which was a twelve element antenna array. Another antenna 

array was built by Anthony Lo which was a broadband version of Edwin Tung's 

antenna. The building of the bi-directional SOMA system then followed. 

In this thesis, basic principles in implementing an SOMA transceiver are 

described. A system architecture and some experimental results are presented. 

Critical factors in designing a good SOMA system are also provided. 



Chapter 2 

Theory behind SOMA 

Although the basic idea behind SOMA may sound as easy as switching antennas or 

changing radiation pattern, the theory that goes behind it is not really that simple. 

Certain requirements have to be met for an SOMA system to function properly. 

Failure to provide these requirements may cause the system to fall short in bring

ing the benefits described in the previous chapter. However, one will find out later 

in this chapter that the requirements needed in an SOMA system are easy to meet 

under most circumstances. 

In this chapter, the theory behind SOMA will be reviewed in detail. Since optimal 

beamforming is the method used in this project, it will be described in full detail. 

To achieve optimal beamforming, an adaptive algorithm with proper training pro

cedures is needed for the signal processing at the base station. Unlike most of the 

access schemes, different signal processing requirements are needed to perform 

the uplink and downlink transmissions with SOMA. Hence, these mechanisms will 

be described separately. 

The most fundamental principle that governs the SOMA concept is the diver

sity property, which is present in the wireless channel. One may not realize the 

existence of it without some observations. But diversity does exist and is highly 

available, especially in a mUltipath environment. It comes in many different forms 
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and can be observed by changing the orientation, the polarization or the location 

of an antenna. Any of these changes will cause the antenna to receive a different 

signal in terms of amplitude and phase, compared to the previously received one. 

This variation in the received signal shows that a different version of the transmit

ted signal is available by changing the location of the antenna or by applying any 

other diversity techniques to the antenna. By deploying multiple antennas with dif

ferent orientation or polarization, different versions of the same signal can be col

lected. This is actually the fundamental concept behind the SOMA technique. An 

in-depth description on this property in a multipath environment can be found in 

the space diversity section later in this chapter. 

Another major concept in SOMA or an assumption in this case, is that users are 

seldom located exactly at the same spatial location. Oue to the space diversity 

property mentioned above, multiple antennas located at different spots at the 

base station pick up different versions of the transmitted signal. The same theory 

holds with signals originating from different users that are at different spatialloca

tions. When travelling through the mUltipath channel to reach the base station, 

each signal experiences a different channel effect. With multiple antennas at the 

base station, new information is acquired from each additional antenna regarding 

the transmitted signals. If the system is smart enough, it should be able to figure 

out the transmitted signal from each of the users based on this information, even 

though the signals are transmitted using the same frequency. This is probably why 

an SOMA system can also be called as a "Smart Antenna System". From the user's 

point of view, the system behaves as if it has multiple radiation patterns, each of 

them tuned to favor one user's signal but eliminating others. The name "optimal 

beamforming" reflects this characteristic. 

The separation needed between users is dependent on several factors. First of 

all, the kind of intelligence implemented in the system plays an important role 

here. With the switched lobe method, users have to be separated at different 
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angles. With optimal beamforming, there are no restrictions in the layout of the 

users as long as they are separated by more than half a wavelength of the carrier 

frequency. This comes from a statistical measurement, which states that with an 

environment under Rayleigh fading, two antennas that are separated by more than 

half a wavelength are very likely to receive uncorrelated signals [9]. Besides the 

kind of intelligence in the system, the environment also plays an important role. 

More separation between users is needed in an environment with less multipath, 

compared to an environment where a lot of multipath is available. 

2.1 Space diversity 
When a transmission takes place between any two points, the signal goes through 

numerous paths to reach the receiver. The most obvious path would be the one 

that directly separates the two points and is usually called the Line-of-sight (LOS) 

path. Depending on the environment and the location of the user, the LOS path 

mayor may not be present due to shadowing caused by obstacles. When the LOS 

path is absent, the signal has to rely on some other paths that involve different 

propagation mechanisms other than the straight-line propagation. There are three 

basic propagation mechanisms that allow a transmitted signal to reach the other 

end without having a LOS path: reflection, diffraction and scattering [10]. Below 

are brief descriptions of each of the mechanisms. 

Reflection occurs when a signal hits an object that is relatively large in size 

when compared to the wavelength of the signal. Depending on the dielectric prop

erty of the object, the reflected signal will vary in strength and in polarization. 

Diffraction occurs when a signal hits a sharp edge in the signal path. The edge 

has to be relatively small compared to the signal wavelength. When this happens, 

a secondary signal is produced at the edge or the point of diffraction, travelling in 

all kinds of directions. 
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Scattering occurs when a signal hits a rough surface that has small irregulari

ties compared to the signal wavelength. The basic mechanism is still reflection, but 

unlike reflection, the surface is rough and the reflected signal ends up travelling at 

different directions. 

/'" /'" /'"
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Reflection Diffraction Scattering 

Figure 2.1: Three different propagation mechanisms of signal propagation 

For a signal to travel from the transmitter to the receiver, it may go through any 

indirect path formed by the three mechanisms mentioned above or by any combi

nation of them. For communication purposes, it is more useful to characterize the 

above mechanisms as a whole instead of analyzing them separately. 'Multipath' is 

a general term used to represent this overall phenomenon. A lot of useful proper

ties regarding signal propagation in a multipath environment have been observed. 

One of the most important properties that make SOMA possible is space diversity. 

In a multipath environment, the channel that separates the user and the base sta

tion is different whenever there are changes in either one's location. What this 

means is that the mobile will pick up a signal with a different amplitude and phase 

when the user moves from one place to another. The same thing applies to the 

base station where antennas positioned at different points pick up different ver

sions of the signal transmitted from the user. The picture below illustrates the 

multipath concept. 
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Figure 2.2: Signal propagation diagram in a two-path environment 

In Figure 2.2, a signal source is broadcasting a signal to the nearby environment. 

Two receiving antennas located at the right are separated by a certain distance 

and are receiving the broadcast signal. As shown in the diagram, the signal arrives 

at the antennas through the primary LOS path and a secondary path where a 

reflection has taken place. Due to the interaction between the LOS signal and the 

reflected signal, the overall received signal at each of the antennas is a phasor sum 

and is usually different from either one of the two original components. Depending 

on the strength and the phase of the reflected signal with respect to the LOS sig

nal, the final received signal may end up either being stronger than the originals 

when they are in phase, or being weaker when the two are out of phase. With the 

two users sitting at different locations, there is a high probability that the two 

receivers will receive something different due to the variations in the amplitude 

and the phase of the two incoming signals. The above statement will be more valid 

when more than two paths are present in the environment. 

Real experiments have been carried out in an indoor environment to help us fur

ther illustrate this property. In one of the experiments, a single transmitter has 

been used to broadcast a signal with quadrature phase shift keying (QPSK) mod
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ulation at 1.7GHz. The receiver is located approximately 1.5m away from the 

transmitter. By moving the receiver half a wavelength away from the original posi

tion in four different directions, a set of QPSK constellations is collected at each 

position. 
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Fig u re 2.3: Received signal constellations at different locations 

Figure 2.3 shows the received constellations at different receiving locations. The 

diagram in the middle shows the received signal at the original location. The other 

four are constellations received with the half wavelength displacement in that par
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ticular direction. From the results, it is evident that a slight change in the location 

of the receiver (less than gcm) will affect both the phase and the amplitude of the 

received signal. Although a dominant LOS component is present in the received 

signal, there are still some observable multipath effects. Unlike haVing a transmis

sion in a free space environment, moving the receiver closer to the transmitter in 

this case does not necessarily make the received signal stronger compared to the 

original. Phase change is also not 1800 as predicted by the free space model when 

the receiver is moved half a wavelength to the front and to the back from the orig

inal position. Under this kind of environment, two antennas that are separated by 

more than half a wavelength are very likely to receive different versions of the 

transmitted signal. In other words, the signals being picked up by the two anten

nas are usually uncorrelated. 

After all these illustrations, one should realize that space diversity exists in 

most environments. Although this experiment was done in an indoor environment, 

the same result should apply in an outdoor environment such as urban and subur

ban areas where many reflecting surfaces exist. The realization and the utilization 

of this diversity property allows one to build a system with higher capacity and 

better spectral efficiency. 

Several techniques have been developed to put this diversity to better use. A 

simple example would be a method called the selection diversity technique [1 0]. 

With this technique, two or more antennas are used at the receiver with each of 

them located separately. By observing the signal received by each of the anten

nas, the system then switches to the antenna that carries the best signal. This 

technique is put into use in the switched lobe method as described in the previous 

chapter. Another commonly used method is called the maximal ratio combination 

[10]. With this technique, all of the received signals contribute to the final signal. 

Before the combination, they are first equalized so that the signals are in-phase 

with each other. This will substantially improve the signal strength and is quite 
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robust against multipath fading since the system should still be able to pick up 

some signal when fading occurs in one of the antennas. 

Figure 2.4 shows the block diagram of a two-antenna receiver using the maxi

mal ratio combining technique. The C's in the diagram are the channel effect on 

the signal and the W's are the weight factors used to equalize the phase of the 

.two signals. 
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Surface 

A 

51 =W1C1S1 + W2C2S1 

Figure 2.4: Signal propagation diagram with a two-antenna, maximal ratio 
combining receiver 

SOMA is quite similar to the maximal ratio combining technique but with multiple 

channel processing capabilities. Unlike maximal ratio combining, which only 

increases the signal strength, SOMA also improves the system capacity by allowing 

multiple users to share the same frequency. With SOMA, the adaptive algorithm 

used in the system is more sophisticated than the one used in maximum ratio com

bining. Co-channel interference is removed while the desired signal is increased. 

Since more information is needed in this process, an SOMA system requires more 

antennas compared to systems that do not provide interference cancellation. This 

is again based on the assumption that by adding new antennas at different loca

tions, new information is collected about the received signals. If mUltipath propa
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gation is no longer present in the environment, antennas at different locations will 

pick up similar correlated information about the transmitted signals. When this 

happens, the system will be unable to extract the desired signal from the interfer

ence due to lack of information for the algorithm to do the extraction. 

2.2 Uplink transmission 
In uplink transmission, mobile users transmit signals and the base station acts as 

a receiver. With FDMA, users have to use different frequencies to transmit their 

signals so that they will not interfere each other. With SOMA, a new way is used 

to separate users. Multiple users can now communicate to the base station simul

taneously while using the same frequency by simply sitting at a different spatial 

point. In this section, the methodology used in implementing such a receiving 

system will be described. 

When several users use the same frequency for transmission, their signals will 

all add up at the receiving antenna. If four users are transmitting using the same 

frequency, the signal being received by each antenna will contain four compo

nents, each of them contributed by a different user. Due to the various locations 

of each receiving antenna and each user, every received signal will have a different 

composition of the four signals. If each received signal is expressed as an equation, 

it can be represented by four variables summed together with their corresponding 

channel effect. Depending on the number of antennas, multiple equations can be 

obtained with each of them describing something different regarding the four 

transmitted signals. If the coefficients in these equations are available, then the 

four unknowns can be calculated by solving the set of equations. But in cases 

where their values are not available, the values of the four unknowns can be esti

mated iteratively by an adaptive algorithm. So the basic algorithm in an SOMA 

uplink transmission is to first provide a set of equations that gives different infor

mation on the unknowns. Then the set of equations is solved just like solVing a set 
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of equations with multiple unknowns. The only difference is that the set of equa

tions has to be solved without knowing the exact values of the coefficients. To 

further illustrate this procedure, let us take a look at a simple example as shown 

in Figure 2.5. 

Figure 2.5: Signal flow graph for an SOMA uplink transmission 

In this example, two users are transmitting at the same frequency and there are 

three antenna elements in the receiving antenna array at the base station. The 

original signals, 51 and 52, travel through the wireless channel and arrive at the 

receiving antennas. When the signals pass through the channel, they vary in both 

amplitude and phase due to the multipath effect. The C's in the diagram are vec

tors or complex quantities representing each channel, also called the propagation 

vectors. Since the users and the receiving antennas are located at different posi

tions, each propagation vector or complex quantity ~ should be uncorrelated with 

respect to the others. The received signals, U1, U2 and U3, then contain compo
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nents from both 51 and 52 as shown in the diagram. To express the received sig

nals in matrix form, one has the following equation: 

(2-1) 

From the space diversity property described in the previous section, it should be 

clear that the propagation vectors are uncorrelated. So three different equations 

are obtained from Eqn (2-1) that describes 51 and 52, each of them providing us 

with different information. 

Once the signals are received, the adaptive algorithm combines the signals to 

form estimates of the transmitted signals. For example, to extract S1' the system 

performs the following operation: 

(2-2) 

Similarly, the following is done to extract S2' 

(2-3) 

The weights W's represent the amplitude and phase adjustments applied to the 

received signals. Attention should be paid to that fact that the conjugate of the 

weights are used in the above equations. This can be explained by the method 

used to obtain these weights. Since the LMS algorithm is used in this process, it 

just turns out that conjugates have to be used to get proper output. More infor

mation regarding the LMS algorithm can be found in the book called "Adaptive 

Filter Theory" written by Simon Haykin [11]. 
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Now, combining Eqn (2-2) and Eqn (2-3) in matrix form, one obtains: 

12 * W (2-4) 
S1] = [w ll * W 13 *J X[~11 ~lj X[SIJ

W * W * W * 21 22 S
S

A 

2 21 22 23 C C 2f 31 32 

Eqn (2-4) tells us that the extracted signals can be expressed as a multiplication 

between the weight matrix, the propagation matrix and the original signal vector. 

If one can make the multiplication between the weight matrix and the propagation 

matrix equal to the identity matrix, then the extracted signals would be the same 

as the transmitted signals. 

To obtain the correct weight matrix that equals to the inverse of the propaga

tion matrix, an adaptive algorithm together with a training procedure is required. 

During the training procedure, each user will transmit a short training sequence 

that is unique compared to other users' sequences and is known to the base sta

tion. Since the system knows what the users have transmitted, the adaptive algo

rithm can use this information to update the weights iteratively so that the mean 

square error between the transmitted signals and the extracted signals is mini

mized. Depending on the algorithm being used, it may take anywhere from 50 to 

100 iterations for the algorithm to obtain the optimal solutions. Once the system 

reaches the optimal point, the weights are then frozen and are used in real data 

transmission. Since the channel is changing all the time, the system has to update 

the weights periodically by retransmitting the training sequences after a short 

period of time. Depending on the environment in which the transmission takes 

place, the frequency of training required varies. 
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2.3 Downlink transmission 

Downlink transmission takes place when the base station transmits signals to the 

users. In most communication systems, there are seldom any differences in the 

mechanism between the uplink and the downlink transmission. But in an SOMA sys

tem, things are a bit different here due to the absence of multiple antennas and 

the kind of computation power available at the mobile. Let us take the cellular 

system as an example. Nobody would like a cell-phone that has an antenna array 

which is half the size of a football. Also, the cell-phone would have to have a DSP 

that is capable of carrying out billions of instructions per second. Having all these 

computations in the cell-phone will drain the battery and shorten the phone's on

time, making it impractical to have the same architecture as the base station. 

Therefore, one method of simplifying the cell phone is to make use of the weights 

obtained from the uplink transmission to predistort the signals so that the signals 

can be transmitted back to the users without substantial reconfiguration of the 

cell phone architecture. 

Theoretically, as long as the channel remains the same, which is true for a short 

period of time, it is possible to redirect the signals back to the users by predistort

ing the transmitting signals with the weights obtained from the uplink transmis

sion. Since the channel is reciprocal and the weights are able to cancel the effect 

of the channel, the system should behave just like before. However, a problem 

arises when one realizes that not only the physical channel has effect on the sig

nals but also the RF circuits. This does not cause any problems in the uplink trans

mission because it makes no difference to the adaptive algorithm. The 

responsibility of the algorithm is to minimize the mean square error on the 

extracted signals. It does not have any knowledge on the source of corruption and 

is not affected by it as well. However, this causes a major problem in the downlink 

transmission when one plans to use the optimal weights obtained from the uplink 

transmission in the predistortion. This is because the transmitted signals now go 
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through different RF circuits and these circuits probably have different transfer 

functions compared to the receiving circuits. To illustrate this problem, let us look 

at the figure below, which shows a detailed signal flow graph in the uplink trans

mission. 
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Figure 2.6: Detailed signal flow graph for an SOMA uplink transmission 

The system shown in Figure 2.6 is similar to the one shown in Figure 2.5. The only 

difference is that the signal effect contributed by the circuits is also included. In 

order for a signal to travel from the user end to the base station, it has to go 

through the RF transmitting circuit, then the physical wireless channel, and finally 

the RF receiving circuit at the base station. Each part has its own effect on the 

amplitude and the phase of the transmitted signal and is represented by the B's 

and the M's. For example, 8 tR represents the transfer function of receiving circuit 

number one at the base station and M2 T represents the transfer function of the 

transmitting circuit of mobile number two. With all these effects, the received 

signal at each antenna is now a bit more complicated than what has been 
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described in Eqn (2-1). For example, to correctly represent U1, the following equa

tion would be more accurate: 

(2-5) 

Similarly for U2 and U3 , 

(2-6) 

(2-7) 

To extract a particular signal, a set of weights is applied to the received signals 

U's. The equations below show the extraction of S1 from the received U's. 

+ + 
U3W 13 * = MIT C3IB3RS\W13* + M 2T C32B3RS2W13* 

\""" .J "'--- ..J.,....... .,......
 
a 

From the above calculations, one can see that the weights are selected so that
 

they satisfy conditions 1 and 2:
 

Condition 1:
 

(2-8) 

Condition 2: 

(2-9) 
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From the above two equations, it can be seen that the M's do not affect the com

bination and the cancellation of the signals. The B's, on the other hand, play impor

tant roles in the combination process. It turns out that if the B'sfrom every branch 

are the same, then they will have no effect in the combination process. However, 

it is not true most of the time. With the above results, let us take a look at the 

problem if the weights obtained from the uplink transmission are used in the down

link transmission without any modifications. Figure 2.7 shows the signal flow graph 

of the downlink transmission in an SDMA system. 

Figure 2.7: Signal flow graph for an SDMA downlink transmission 

With the predistortion, the transmitted signals should arrive constructively at the 

desired user and should arrive destructively at other users. Assuming this is true 

for now, then the following two conditions have to be fulfilled for a successful 

transmission of S1 : 

Condition 1: 

(2-10) 

Condition 2: 

(2-11 ) 
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In comparing the two conditions obtained from the uplink transmission - Eqn (2-8) 

& Eqn (2-9), one should be able to see the kind of modifications that have to be 

done in order to make both sets of conditions valid. 

From Eqn (2-8), MIT (CIIBIRWII* + CZIBzRWI2* + C31B3RW13*) = 1
 

From Eqn (2-10), M 1R (C IIBITWII * + CZIBZTW12* + C3IB3TW13*) = 1
 

& 

From Eqn (2-9), C 12B 1R W II * + CZZBZRWIZ* + C3ZB3RWI3* = 0
 

From Eqn (2-11), C12BITWII * + CZZBZTWI2* + C3ZB3TW13* = 0
 

From the above comparisons, one can see that most of the discrepancies can be 

resolved if the Bis in the downlink equations are replaced by the corresponding 

BRs. By doing so, condition 2 required in the downlink transmission would be sat

isfied. The satisfaction of this condition ensures a good cancellation at all users 

except for the desired one. In condition 1, the only difference remaining after the 

replacement is the difference in the M1's. However, this is not something crucial. 

The received signal will suffer some changes in the amplitude and the phase 

according to the difference in the two M1's, but the optimal combination of the 

signals from the antennas will not be affected. To take care of this problem, a 

phase detection method can be used at the mobile to restore the necessary phase 

information in the received signal. 

So, if one can replace all the Bis with their corresponding BRs, then it is pos

sible to implement SOMA in the downlink transmission by predistortion. This turns 

out to be the hardest part since it is almost impossible to isolate the RF circuit 

from the system to measure the values of Bis and BRs. To solve this problem, 

several papers have been published, describing ways to have these measurements 

done [12,13]. However, they are qUite complicated or do not cover all aspects of 

the circuits. Hence, a new method has been developed, which will allow us to 
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obtain the required information without complicated procedures and this will be 

the subject of discussion in the upcoming section. 

2.4 Calibration scheme 

The goal of the calibration scheme is to allow the system to have some data on 

the signal effects or the transfer functions of the RF circuits. With the use of this 

data, the differences between the uplink and downlink transmission can be com

pensated. From the comparison in the previous section, it was shown that in order 

for the system to use the optimal weights in the downlink transmission, the trans

mitting paths and the receiving paths have to be equalized, i.e. the effect contrib

uted by the transmitting circuit has to be removed and has to be replaced by the 

effect of the receiving circuit. The most obvious way to do this is to find out each 

individual B's, and then replace each BT with the corresponding BFt However, as 

mentioned earlier, it is very difficult to obtain these values separately. Due to this 

reason, a different approach is used in obtaining the information. The new 

approach will still provide the information required in equalizing the two links but 

without having to know the individual values of the B's. Determining the value of 

BFlB T in each branch is as useful as finding all the individual values of the B's. With 

these values, the transmitting path can be made to behave like the receiving path 

by a simple multiplication. Based on this finding, a calibration scheme is developed 

just to obtain this information. Figure 2.8 shows the block diagram where a cali

bration process is done at the first branch. 

In this scheme, an extra calibrating set of circuits that can both transmit and 

receive is needed. The calibrating antenna is designed so that a certain amount of 

RF energy is coupled into each of the antenna elements. The calibrating antenna 

is located at the base station and is at the center of the antenna array. To start 

a calibration, a short, known data sequence is sent from the calibrating antenna 
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Figure 2.8: Method used to obtain the compensation factor 

to each of the antenna elements in the array. Doing so allows the system to have 

a certain piece of information on the receiving circuit in each branch. For example, 

CA-rCC18tRSC is received at branch 1 through this transmission, as shown in the 

diagram. The same signal is then transmitted immediately from each antenna ele

ment at the base station to the calibrating antenna. Since only a small time delay 

is present between these transmissions, it is safe to assume that the channel is 

very much the same as before. Now let us look at the case when antenna 1 is 

transmitting. At the calibrating antenna, CAF!JC18tTSC is received. With this infor

mation, a compensation factor for this particular branch can be obtained by having 

a division between the two as shown in Figure 2.8. The compensation factors for 

all other branches are obtained in a similar fashion. The compensation factor K 

contains the necessary BR'B T factor, which is required in the equalization. How

ever, an extra component is also present in the result, which is contributed by the 

calibrating circuits. The presence of this extra term does not cause any problems 

due to the fact that it is a constant and is present in every compensation factor. 

It only affects the final amplitude and the phase of the combined signal at the 

mobile, just like the M's in Eqn (2-8) and Eqn (2-10). The phase detection mech



2.4 Calibration scheme 32 

anism again should fix this problem. Hence, it turns out that the extra term will not 

have much effect on the cancellation needed to satisfy condition 2 stated in Eqn 

(2-11). It will not affect the optimal combination in condition 1 either. 

With the above calibration scheme, compensation factors are obtained without 

having to know the individual circuit effect. By applying the weights and the com

pensation factors to the transmitted signals in the downlink transmission, the 

overall downlink channel should behave just like the uplink channel from the com

bination's and the cancellation's point of view. Figure 2.9 shows the downlink 

transmission with the compensation factors applied to the transmitted signals. 

Figure 2.9: Signal flow graph of a downlink transmission with compensation 

In the downlink transmission, the optimal weights obtained from the uplink trans

mission can now be used. The signal is multiplied by the compensation factor so 

the transmitting circuit is equalized. Assuming perfect cancellation takes place at 

the receiving antenna, the received signal at user 1 can be described as KM1 KcS1' 

where KM1 is the difference between the transmitting circuit and the receiving cir

cuit of the mobile itself and Kc is again the effect of the calibrating set. Both of 

them affect the amplitude and the phase of the received signal. With a phase 

detection scheme at the mobile, the user should be able to extract the signal with 

the correct phase information. 



Chapter 3 

System architecture 

In this chapter, the architecture of the SOMA system will be described. The high 

level architecture of the system is first discussed. Then the detailed architecture 

used in each of the building blocks is presented in the corresponding section. Since 

this system is simply a prototype used in proving the concept and is not a com

mercial system, a lot of unnecessary functionality is not included in the system. 

Only components that are crucial in proving the bi-directional concept are imple

mented. For example, things such as pulse shaping, synchronization, etc. are not 

built in this prototype. 

The goal of this project is to prove that SOMA with optimal beamforming can 

be used in both the uplink and the downlink transmission with the use of a proper 

calibration scheme. As a wireless communications system, the SOMA system has 

a base station and four mobile users. The base station contains five parts: a twelve 

element antenna array, RF transceivers, signal conditioning boards, a sampling 

board, and a "software radio". Again the antenna array is responsible for transmit

ting and receiving the signal. The RF circuit is used to handle the upconverting of 

the baseband signal and the downconverting of the RF signal. The signal condition

ing board acts as a mediator between the RF board and the sampling board so that 

any differences in the signal requirements between boards are fixed. The sampling 
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board contains all the ADC and the DAC required by the twelve branches and is 

the place where signals are sampled and are converted from analog to digital form 

or vice versa. And finally, the "software radio" performs all handshaking and data 

transfers between the computer and the sampling board. It is also responsible for 

performing all the necessary signal processing. The base station also contains a 

calibrating circuit, which is used to carry out the required calibration as well as the 

above five parts that are responsible for a regular transmission. The calibrating cir

cuit again has a RF transceiver and a different conditioning board. It connects 

directly to the software radio and uses the ADC and the DAC in the software radio. 

A maximum of four mobiles operating at the same frequency can be handled 

simultaneously by the base station. Each mobile consists of a single antenna, a 

simple transceiver and a common sampling board that contains all the sampling 

circuits for the four mobiles. Another software radio is used here to connect all 

four mobiles to the computer. Unlike the software radio at the base station, which 

is doing a lot of signal processing, no signal processing is done at this particular 

one. It is only responsible for the data transfer and the generation of the hand

shake. 

Various software programs are used to control the system so that the bi-direc

tional transmission can be performed. At the top level, a Labview program is used 

to provide a high-level control panel for the system. Through this interface, one 

can direct the types of data transmission being performed by the system. At a 

lower level, different assembly codes are used to instruct the DSP on the software 

radio to carry out different types of data transfer and signal processing. For the 

interface between the computer and the system hardware, a Xilinx configuration 

file is used to instruct a programmable FPGA so those proper handshakes are gen

erated to handle the linkage between the DSP and the sampling hardware. 

Figure 3.1 shows the high-level architecture of the system. 
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Figure 3.1: High-level architecture of the SOMA system 

An Apple 7600 PowerPC is the computer used in this system. It has three PCI 

slots and has a clock speed of 133MHz. Since all the signal processing is done by 

the dedicated OSP sitting in the software radio, the clock speed of the computer 

itself does not have much effect on the system performance. The purposes of the 

computer are to provide a place for the two software radios to reside, to display 

the results and to provide an interface for control of the system. 

As shown in the diagram, both software radios are located at the same com

puter, each residing in a different PCI slot. A jumper wire is used to connect the 

two software radios together so those acknowledged signals can be sent between 

the two boards, thereby allowing us to omit synchronization between the base 

station and the mobiles. Although synchronization is required in a real system, its 

presence will not make any difference in proving the bi-directional concept. 

Figure 3.2 shows a picture of the actual system with the two software radios on 

the far left, the two sampling boards at the top, the RF boards together with the 

signal conditioning boards in the middle, and the antenna array in the front. 
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Figure 3.2: A picture of the real system 

3.1 Antenna 
In an SOMA system, a well-designed antenna array is crucial in order for the system 

to work well. As mentioned before, the multiple antennas are responsible for pro

viding the necessary information for the system so that the algorithm can extract 

the transmitted signals from the interference. If the array antenna fails in doing 

so, the whole system will fail no matter what processing is done afterward. There

fore, a lot of attention is put into the design of the array antenna to make sure it 

can satisfy the need of the system. 

An antenna array can be formed by any number of elements, however some 

may do a better job than others in terms of efficiency and complexity. The original 

plan is to have a system that can support four co-channel users. Since the number 

of antenna elements used in the array directly affects the maximum number of 
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users that can share the same frequency channel, there have to be enough anten

nas in the array to support the four users. Theoretically, the hard limit for the 

number of co-channel users that an array antenna can support is equal to the 

number of antenna elements minus one [1,2]. However, one can never have an 

ideal environment in a real situation. Some degrees of freedom have to be added 

to the system to handle interference and fading. Hence, a twelve elemental 

antenna array is used in this case to handle four users. More antennas will certainly 

help, however the complexity in the signal processing will also increase. Besides, 

the benefit of adding more antennas will decrease once the number of antennas 

passes a certain value, since less and less new information is received from each 

added antenna. 

Besides the number of antennas, their locations are also important in the 

design of the antenna array. The fundamental requirement is that each of the 

antennas should pick up an uncorrelated signal with respect to the others. As men

tioned in the previous chapter, any two antennas that are separated by more than 

half a wavelength in a Rayleigh fading environment will have a high possibility in 

receiving uncorrelated signals. With this theory in mind, one can easily form a 

twelve elemental antenna array by setting up a 3 by 4 matrix on a two dimensional 

plane with antennas as shown in the Figure 3.3. 
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Figure 3.3: A simple layout of a 12-element antenna array 
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This kind of antenna array is simple, but it occupies quite a bit of area. In our 

system, the carrier frequency is located at 1.7GHz. To implement such an array at 

this frequency, one needs the dimensions of the array to be approximately 18cm 

by 27cm. This may not be a problem for outdoor applications, but it is certainly 

something undesirable for indoor applications. A different architecture is used in 

our antenna array, which has a much smaller size compared to the array shown in 

Figure 3.3. 

The antenna array used in this project is a novel design and was originally built 

by Edwin Tung as part of his Master's degree [14]. The antenna array again con

tains twelve antenna elements. In order to have a compact design, two techniques 

are used in the design so that the antenna elements can be put much closer 

together without many drawbacks in terms of the uncorrelation between signals. 

The first technique is the use of sectoring. By putting antennas into different sec

tors, they are now receiving signals from different directions. This gives them 

uncorrelated signals even though they may be separated by less than half a wave

length due to different orientation. Six sectors are used in the antenna array and 

each of them has two antenna elements. To improve the situation for the two 

antennas in the same sector, different polarization is used. The one located in the 

outside layer is a monopole antenna and is vertically polarized. The one in the inner 

layer is a loop antenna and is horizontally polarized. This allows the two antennas 

to be located close to each other but still be able to receive uncorrelated signals. 

Figure 3.4 shows the picture of the original antenna built by Edwin. 

The antenna array has a diameter equal to a wavelength, which is approxi

mately 18cm at 1.7GHz. Both the loop and monopole antennas have approxi

mately a 20dB return loss at the desired frequency. Isolation between antennas 

varies from 15dB to 30dB depending on the two antennas selected. The 10dB 

bandwidth of the monopole antenna and the loop antenna are 200MHz and 25MHz 
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Figure 3.4: A picture of the antenna array built by Edwin Tung 

respectively. More in depth information on this antenna can be found in Tung's 

thesis [14]. 

The antenna is originally used in implementing an SOMA receiver. In order for it 

to fit the new requirement, a calibrating antenna is added at the center of the 

antenna array for calibration purposes. The calibrating element is designed so that 

a certain amount of signal power is coupled into each of the antenna elements, 

both the loop antenna and the monopole antenna. To do that, the calibrating 

antenna is designed to radiate in both vertical and horizontal polarization. Minor 

adjustments in the calibrating antenna are required in order to have a similar 

amount of power coupled into each antenna. Figure 3.5 shows the new antenna 

array with the calibrating antenna at the top. 
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Figure 3.5: A picture of the new antenna array with the calibrating antenna 

The calibrating antenna contains two components, the horizontal component and 

the spiral component. The antenna is made with a 18 gauge wire and is mounted 

on an SMA connector. The horizontal part is approximately 1 cm in length. The 

spiral part has a radius of approximately 1 cm and has 6 turns of wire. Figure 3.6 

shows a drawing of the calibrating antenna. 

1=4 .:: 2 cm -----<1----1 

T 
.:: 1 em 

Figure 3.6: A drawing of the calibrating antenna 
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3.2 RF board
 

Figure 3.7: A picture of the RF circuitry 

The Rf board is responsible for the data conversions between the baseband signal 

and the RF signal. The board contains both the transmit circuit and the receive cir

cuit. When a transmission occurs, the baseband signal is upconverted to a RF 

signal by a modulator. Many different kinds of modulation schemes are available 

and quadrature phase shift keying (QPSK) modulation is the one used in this 

design. To perform the modulation, a QPSK modulator (RF2422 by RF Micro 

Devices) is used. The modulator has an internal 90
0 

phase shifter, so no external 

phase shifter is reqUired. It has an output power of 0 dBm or 1mW. 

For reception, the RF signal is downconverted to the baseband signal by a 

demodulator. Before the demodulation, the received signal is amplified by a low 

noise amplifier (LNA) to boost the signal level and to maintain a good signal to 

noise ratio (SNR) at the end of the receive circuit. The low noise amplifier (VNA
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25 by Mini-circuits) has a gain of approximately 17 dB at 1.7GHz. Once the signal 

is amplified, it goes through the demodulator (UPC2766GR by NEC), which down-

converts the RF signal. The demodulator has an internal voltage control amplifier 

so the amplitude of the input RF signal can be adjusted again. Unlike the modula

tor, which has an internal phase shifter, an external phase shifter is required by the 

demodulator to provide the necessary local oscillator (LO) for the in-phase (I) and 

the quadrature-phase (0) signal. A good power splitter with 90° phase shifting 

(JSPO-1875W by Mini-Circuits) is used instead of the simple resistor capacitor 

network suggested by the manufacturer. With the Mini-Circuits phase shifter, the 

modulator works better compared to one with the suggested RC phase shifting 

network. It also gives more acceptable results at 1.7 GHz (the modulator is only 

specified to work up to 1 GHz). 

To switch between the transmitting circuit and the receiving circuit, a two

layer RF switching network is used to connect the activating circuit to the 

antenna. The unused connection in the inactivating circuit is terminated by a 50 

ohms resistor through the switches. Figure 3.8 shows a block diagram of the RF 

board used in the system. 

Switch 
Control 

modulator 

I_transmit antenna 
Q_transmit ~ 

Local 
Oscillator 

phase shifter 
I_receive 

Q_receive ....------------jL ...J LNA 

demodulator switch network 

Figure 3.8: Block diagram of the RF board 
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The board itself is made out of UltraLAM 2000 with a thickness of 60 mils. All RF 

tracks on the board are co-planar waveguide with a 50 ohms characteristic imped

ance. By using the co-planar waveguide, a narrower track width can be achieved 

compared to the microstrip line so that the track can fit better to the small pins 

on the surface mount component. The switch network contains three single pole 

double throw (SPOT) switches (RSW-2-25P by Mini-Circuits). Having three of this 

switch allows us to interconnect them so that the unselected circuit is properly 

terminated with a 50 ohms load. Also, the switch network provides a higher isola

tion between the two circuits compared to the case where a single switch is used. 

3.3 Signal conditioning board 
Due to different specifications for each part, something has to be done to satisfy 

all the signal requirements. The role of the signal conditioning board is to serve as 

an interpreter, which translates a signal with certain characteristics to one that fits 

the input requirements of the upcoming part. Depending on the parts that are 

used in the circuit, different adjustments have to be made. In the transmitting cir

cuit, the modulator requires the input I and Q signals to be within ±1 V with a 3V 

DC offset, i.e. an input range between +2V and +4V. However, the digital-to

analog converter (DAC) on the sampling board does not have such an output char

acteristic. Therefore, an extra circuit is inserted between the DAC and the modu

lator so that the signal output by the DAC is converted to fit the input 

requirements of the modulator. Similarly, a conditioning circuit is required to 

modify the signal coming from the demodulator before it can be sampled by the 

analog-to-digital converter (ADC). 
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3.3.1 From DAC to modulator 

The DAC used on the sampling board is a quad package, 12-bit voltage output 

DAC. This DAC has a flexible output voltage range. The range is set by two refer

ence inputs VREFH and VREFL. However, they are not totally fle~ible and there are 

still some conditions that govern the voltage of the two references. As mentioned 

in the previous paragraph, the modulator requires a signal input that lies between 

+2V and +4V. The best scenario is having VREFH equal to 4V and VREFL equal to 

2V at the DAC. But there is a condition stated on the data sheet that the value of 

VREFH has to be at least 2.5V higher than VREFL. To get around this and still allow

ing for an easy conversion, VREFH is set to 8V and VREFL to 4V. Then a voltage 

divider is inserted at the output of the DAC to cut the signal voltage into half. 

Please refer to the appendix for more information on the conditioning circuit. 

3.3.2 From demodulator to ADC 

Many problems have been encountered in trying to find a simple demodulator that 

can downconvert a 1.7GHz RF signal directly to the baseband. There is one 

demodulator made by Mini-circuits that meets the requirements but it is quite 

expensive. A cheaper alternative is to use a demodulator, which is specified to 

work only up to 1GHz. To make it work reasonably well at 1.7GHz, a good external 

two-way power splitter with a 90° phase shift at one of the outputs is used to 

replace the suggested RC phase shifting network. Although this may not be a good 

idea when implementing a commercial system, it serves well in this prototype in 

proving the concept and in minimizing the cost. 

Unwanted DC offset is generated at the signal outputs of the demodulator. 

From experience, the offset voltage may vary from 3.1 V to 3.5V with the ±1 V 

downconverted signal sitting on top of the offset. To make the signal match the 

input specifications of the ADC, a three-state conditioning circuit is used. The first 
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state is a DC removal circuit with a tunable control. This removes most of the DC 

in the signal. Any remaining DC is removed by the DSP before the signal process

ing. The second state is a low-pass filter that removes unwanted noise at higher 

frequency. The last state is an amplifier with a tunable gain, which amplifies the 

signal from ±1 V to ±2.5V so that all 12 bits of the ADC are utilized. 

3.3.3 Signal conditioning for calibration 

For the calibrating antenna, a different set of ADC and DAC is used to do the sam

pling. Therefore the signal conditioning circuit used in the calibrating set is a little 

bit different from the one used in the regular circuit. On the software radio, the 

ADC has ±1 Vas its input range, and the DAC has ±1 Vas its output range. To make 

this fit the modulator, a simple circuit is used to add a 2V DC offset to the signal 

from the DAC. However, the circuit inverts the signal as a by-product. To compen

sate for this inversion, the signal is first inverted in the DSP before being sent to 

the calibrating circuit. A similar circuit is used to convert the signal from the 

demodulator to the ADC compared to the circuit mentioned in Section 3.3.2. The 

only difference is that the amplifier at the last state has a relatively small gain. 

3.4 Sampling circuit 
Instead of having a single antenna at the base station, the SOMA system used in 

this project has twelve. To cut down the complexity in the sampling circuit, all 

ADC's and DAC's used in the system are quad packaged. The only exception is 

those used in the calibration circuit. The below diagram shows the sampling board 

used in the base station. 

With QPSK, each channel will give rise to two signals after the demodulation: the 

in-phase signal I and the quadrature-phase signal Q. So for a system with 12 chan

nels, 24 single package ADC's and DAC's are needed. If quad package ADC's and 
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Figure 3.9: A picture of the sampling board used in the base station 

DAC's are used, then six of each should be enough. All ADC's and DAC's share a 

single 12 bits data bus and through this data bus, the signal is transferred to the 

software radio. The ADC has a conversion time of 1.651Js per channel. So it takes 

6.61Js just to have all four input signals converted. For the DAC, the settling time 

is 6IJs for all four of them. A similar sampling board is used at the mobile side. The 

only difference is that instead of having six DAC and ADC packages, it has only 

two that handle four QPSK signals from the four mobiles. 

3.5 Software radio 
The software radio has been an on-going project in TRLabs for more than two 

years now. It was designed and built by Grant McGibney and two internship stu

dents. The goal of the software radio project is to build a generic platform that 

serves as an interface between a computer and any communications system for 
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fast prototyping. The software radio can be easily configured to handle different 

system requirements by software. It also has fast data conversion capability and 

powerful signal processing capability. Figure 3.10 shows a picture of the software 

radio. 

Figure 3.10: A picture of the software radio 

The software radio consists of two parts: the Texas Instruments 

TMS320C6201 evaluation module which contains a C6201 DSP, and a special 

design daughter board which has a Xilinx FPGA mounted on the board. The DSP on 

the evaluation module is clocked at 166MHz and is capable of carrying out 8 par

allel instructions per clock cycle, Le. 1.33GFLOPS. The FPGA on the daughter 

board is clocked at 64MHz. Two sets of single package ADC's and DAC's are 

located on the daughter board that can carry out data conversion at a rate of 

100MHz. In addition, the daughter board has a 22 pin general-purpose digital 10 

bus for any other kinds of data transfer. To link the computer and the external 

hardware, the FPGA can be configured in any fashion to provide the necessary 

interface. The current system is configured to run with a transmission rate of 25 

Ksymbols/sec/user or 50 Kbits/sec/user with real time signal processing. 
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3.6 Software programs 

Various software packages are used in this project to control the system, to per

form the data transfer between the base station and the mobiles, and to carry out 

the required signal processing. First of all, the Xilinx foundation software is used 

to generate the configuration file, which programs the Xilinx FPGA. The pro

grammed FPGA then handles all the data transfer and the handshake between the 

DSP and the external hardware. For the DSP on the TI evaluation module, assembly 

codes are used to instruct it to do the signal processing and the data transmission. 

In order for us to interact with the system, a Labview program is used to set up a 

control panel in the Mac computer so the desired transmission can be performed 

and the results from all these transmissions and signal processing can be dis

played. 



Chapter 4 

Procedures and results 

In this chapter, the experiments performed to test the uplink and downlink of the 

SOMA system are described. To test the bi-directional aspects of the system, 

three different procedures are required. They are the calibration, the uplink trans

mission, and the downlink transmission. Each of them will be described in full detail 

in the following sections. 

Numerous experiments were done to test and analyze the system performance 

under various conditions. In each experiment, results are presented together with 

some discussions and findings. Experiments that are related to the uplink trans

missions can be found in the first half of this chapter. The performance of the 

system was studied by looking at the learning curves and the extracted constel

lations with different layouts of the four mobile users. The second half of this 

chapter contains results for the calibration and the downlink transmission. Typical 

values of the compensation factors found during the calibration procedure are pre

sented. Similar to the uplink transmission, the downlink performance of the system 

was tested with different user layouts. With the help of the compensation factors 

and the optimal weights obtained during the uplink, reasonable results are 

obtained in these experiments. Differences in the results will also be shown when 

compensation factors are neglected. The importance of the compensation factors 
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obtained during the calibration is demonstrated by showing their effects on the 

results. 

4.1 Procedures 

Although it is not visible, most systems will not function without the presence of 

some software. In order to make a system perform a task, proper instructions have 

to be given to the system. The system then performs the functions according to 

the instructions. Depending on the hardware that is used in the system, different 

software is used to interact with the hardware. In the SOMA system, three types 

of software are used; each type controls a different part of the system. 

In the upcoming sections, high-level procedures used to carry out the calibra

tion, the uplink transmission and the downlink transmission are discussed. The 

actual software programs used to instruct the hardware can be found in the 

appendix. These include the assembly code used by the DSP and the Xilinx logic 

diagrams used to program the FPGA. 

To perform an experiment, a calibration is first executed. From the calibration 

measurement, updated compensation factors are obtained. Although the uplink 

transmission does not require these compensation factors, the uplink and downlink 

transmission functions are performed back to back in order to avoid channel 

changes so the calibration has to be done before the transmissions take place. 

Multiple transmissions are performed after a single calibration since the compen

sation factors change very slowly. 

4.1.1 Calibration 

The purpose of the calibration is to find the compensation factors for each branch 

at the base station. The four different QPSK signals are first transmitted from the 

calibrating antenna to the base station in sequence. Each transmitted symbol is 
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received by all twelve antennas. Ideally, one symbol would be enough to charac

terize the circuits and determine the compensation factors; however more sym

bols will allow us to obtain an average of the compensation factors. Averaging the 

results from four symbols gives more reliable values especially when the QPSK con

stellations from the demodulators are not perfect. From this transmission, the 

denominators of the compensation factors are obtained. To obtain the numera

tors, the same four symbols are transmitted from each antenna at the base sta

tion back to the calibrating antenna. Unlike the previous transmission where all 

twelve antennas are receiving, only one antenna can be transmitting during this 

process. To cover all twelve of them, each antenna has to be activated in 

sequence. The signal is first transmitted through antenna element 1 and is 

received by the calibrating antenna, then antenna element 2 transmits and so on 

until all twelve antennas have transmitted. Four compensation factors are 

obtained for each branch from the four different symbols. The final compensation 

factor is calculated by taking an average of the four values. 

Any DC value in the received signals affects the accuracy of the calculated 

compensation factors. Therefore any DC values that are present in the signals are 

removed. Since the four transmitted symbols cover the four different cases in 

QPSK, the DC offset can be easily found by summing the four received symbols 

and dividing the summed value by four. Once the DC offset has been calculated, 

it is removed from each received signal before the received signals are used in the 

compensation factor calculation. 

4.1.2 Uplink transmission 

The goal of the uplink transmission is to send data from each user to the base sta

tion. Unlike some communication systems, an SDMA system requires a preamble 

or a training sequence before any data can be sent. For the purpose of this 
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project, only the training sequence is necessary in the uplink transmission. Trans

mission after the training is not implemented. 

To start off the uplink transmission, four symbols that cover the four possible 

outcomes in a QPSK signal are transmitted from each user. Doing so allows the 

system to calculate the DC offset in each branch at the base station. With this 

information, DC offset in each received signal is removed before the signal 

processing. The transmission is then followed by a training procedure. Each user 

in the system will have a different training sequence assigned to it. Each sequence 

is 500 symbols in length and is known to the base station. They are random signals 

generated by the computer in the base station and each user has a different 

sequence. Since all four users are transmitting at the same frequency, each 

antenna in the base station picks up a combination of the four signals. Whenever 

a symbol is transmitted from the four users, twelve signals are obtained by the 

antenna array, each of them containing the four transmitted symbols from the 

four users. Based on this information, an adaptive algorithm updates the four sets 

of weights used to extract the four signals so that the errors between the original 

sequences and the extracted sequences after processing are minimized. 

In this project, the least mean square (LMS) algorithm is used in the signal 

processing. With LMS, a different set of weights is obtained for each user to opti

mize the signal from that particular user. With four sets of weights, the four user's 

signals can be extracted simultaneously. Figure 4.1 shows the block diagram used 

in this process and Figure 4.2 shows the calculations performed inside the black 

box in Figure 4.1 . 

From this training procedure, the system performance during the uplink trans

mission was studied by looking at the learning curves: the magnitude of the error 

in the extracted signal verses the number of iterations executed by the adaptive 

algorithm is shown. 
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Figure 4.1: High level block diagram of the uplink system 
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Figure 4.2: Signal processing used to extract a single user's signal with 12 
antenna elements 

Depending on the environment and the user layout, 50 to 100 iterations are 

needed for the system to adapt to the channel. When steady state is reached, the 

optimal weights are frozen and are used in the downlink transmission together 

with the compensation factors obtained during the calibration. 
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4.1.3 Downlink transmission 

As described in Chapter 2, the downlink transmission is performed by predistorting 

the outgoing signals with the optimal weights and the calibration factors before 

transmission. Random signals are used to serve, as the four signals transmitted to 

the four users. To transmit to a particular user, the set of weights that is opti

mized for that user is used in the predistortion. This is done by distributing a single 

signal to all twelve branches. The signal is then multiplied by the weight for that 

branch. Since each set of weights is optimized to talk to only one user, the pre

distorted signals will arrive in-phase at the user being addressed and null at other 
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Figure 4.3: Signal predistortion in the downlink transmission with four input 
signals and twelve antennas 
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users. To have the base station talk to all four users, each of the four signals has 

to be predistorted according to the above procedure. After the predistortion, the 

four signals are summed in each branch and a different calibrating factor is applied 

to each branch. The whole procedure has been summarized in Figure 4.3. The Ss 

represent the signals and the Ws are the optimal weights. The Ks are the com

pensation factors. 

4.2 Uplink results 
In this section, results from uplink transmission experiments performed in an 

indoor environment are presented. Each experiment analyzes the system perform

ance with a different user layout. 

In each experiment, the floor plan and the layout of the users are presented. 

After this, the learning curves and the extracted QPSK constellations are shown. 

The learning curves give us some idea on how well the system works in adapting 

to the environment and in receiving the users' signals. The extracted signal con

stellations give us an alternative view different from the learning curves on the 

steady state performance of the system when optimal weights have been 

obtained. 

4.2.1 Experiment 1 - Different angle and far apart 

The first experiment is probably the best scenario that can happen in term of user 

layout. This is especially true with the kind of architecture that is used in our 

antenna array. With multiple sectors pointing in different directions, users at dif

ferent angular direction will ensure an even distribution of signal power over each 

antenna element. Although this is not a reqUirement for the SOMA system, such a 

system will certainly benefit from this user layout. Figure 4.4 shows the floor plan 
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used in this experiment and also the orientation and location of the antenna ele

ments in the base station. 
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Figure 4.4: Floor plan and user layout used for Experiment 1 

In this case, all four users are separated by a good amount of distance and have 

maximum angular separation. They are almost equal distances away from the base 

station so that similar signal power is received by the base station from each user. 

Before going any further into the results, let us take a look at the received signals 

before they are processed by the adaptive algorithm. Figure 4.5 shows the 

received training sequence when only user 1 is transmitting. Again the sequence 
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is 500 symbols in length and is QPSK modulated. The constellations dictate the 

amplitude and the phase of the received signals. 
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Figure 4.5: Received signal constellations for user 1 at the 12 antennas 

According to the orientation of the antenna array shown in Figure 4.4, antenna 

element 1 has a direct LOS with user 1 and will therefore pick up a strong signal 

from user 1. The experimental results shown in Figure 4.5 confirm this idea. In this 

diagram, the signals received by the twelve antennas are displayed. The first row 

shows the signals received by antenna 1 to 4 starting from the left-hand side. The 

second row shows signals from antenna 5 to 8. And the third row, 9 to 12. Since 

antenna 5 to 10 point at the opposite direction of user 1, they have weaker signals 

compared to the others. These received signals again illustrate the diversity con

cept mentioned before. Although some of the antennas do not point to user 1 and 
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have a different polarization, all of them pick up a certain amount of user 1's sig

nal. All of them have qUite different amplitudes and phases. 

Similar results can be expected from the other three users when only one of 

them is transmitting. However, the received signals start to get more complicated 

when more than one user is transmitting. Since the users are sharing the same fre

quency, the pre-processed signals will have signals from each of the transmitting 

users. When two of them are transmitting, the received signal from anyone of the 

antennas will no longer have a QPSK constellation. Instead, the signal will be a sum 

of two QPSK signals and the constellation will be formed by 4x4 which is 16 pos

sible points. Figure 4.6 shows the received signals when two users are transmit

ting. 
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Figure 4.6: Received signal constellations when user 1 and user 2 are 
transmitting 
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By looking at the signal received by antenna 11, one can easily see two QPSK sig

nals added together. On top of the strong user 2 signal, there is another weaker 

signal from user 1. Depending on the strength and the phase of the two signals, 

the sum of the two in each branch will look quite different. This can be seen in the 

received signals from the 12 antennas shown in the above diagram. With two 

users, one can still see something meaningful from the raw received signals. But 

with 4 users, the received constellations are very complicated since the constel

lation is now formed by four QPSK signals resulting 4x4x4x4, or 256, possible con

stellation points. Figure 4.7 shows the received signals when four users are 

transmitting. 
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Figure 4.7: Received signal constellations when all four users are transmitting 

Without any signal processing, it is impossible for the system to extract the four 

original signals from the received signals since the signals from the four users are 
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all mixed together. But with proper signal processing, anyone of the original sig

nals can be extracted. This is again done by the optimal beamforming technique. 

Although the word beamforming is used, no antenna beamforming is actually per

formed during this process. The system behaves as if it has beamforming charac

teristics, the methodology is however very similar to the maximal ratio combining 

technique. 

As mentioned earlier, the optimal beamforming method involves the use of an 

adaptive algorithm. At the beginning of the training process, the four sets of 

weights are initialized to have zero values. Based on the errors between the 

extracted signals and the original signals, the algorithm updates the weights iter

atively so that the errors in the next iteration will be smaller. 

Magnitude of Error for User 1 

3.0. 3.0. 

2.0. 

100 150." 

Magnitude of Error for User 4 

Figure 4.8: Learning curves for the four users in Experiment 1 

Figure 4.8 shows the learning curves obtained during the uplink transmission in 

experiment 1 when all four users are transmitting. The learning curves show the 

error magnitude in the extracted signal with respect to the number of processing 
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iterations. The signals are processed such that a logic 1 and a logic 0 are 5V apart. 

The processed QPSK signal has four possible constellation points at (2.5V, 2.5V), 

(-2.5V, 2.5V), (2.5V, -2.5V), (-2.5V, -2.5V). 

The learning curves show that on average, only 50 iterations are needed for 

the algorithm to arrive at the optimal point with the environment shown in 

Figure 4.4. A small variation in this number may exist between different users. As 

shown in the diagram, user 1 had a much faster adaptation than the other three 

users. On the other hand, it takes the system longer to adapt to user 3. The 

steady state errors are also different between users, varying between 0.1 V to 

0.5 V. However they are all quite small compared to the magnitude of the desired 

signals. 

Besides the learning curves, the extracted signal constellations for the users 

can also provide information on the system performance. After the signal process

ing, the original QPSK signals should be recovered. It may be hard to visualize how 

good the extracted signals are by looking at the learning curves. Looking at the 

extracted signal constellations shown in Figure 4.9, a clearer picture is provided 

on the quality of the extracted signals. 
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Figure 4.9: Extracted signal constellations for the four users in Experiment 1 

The above diagram shows 200 symbols of the four extracted signal constellations 

after 100 iterations, i.e. from symbol 101 to 300. It is clear from the diagram that 

all four transmitted signals are recovered accurately. The original QPSK signals are 

restored with minimal error. Since the four possible outcomes are separated by a 
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wide margin, no errors will be present in the signals once they are detected as bits. 

Although these results are obtained while the training is still in progress, similar 

results can be expected in a real transmission where frozen weights are used. This 

is true as long as the channel remains unchanged during the transmission as is 

shown in the downlink transmission experiment discussed later in this chapter. 

4.2.2 Experiment 2 - Same 180 degree sector 

Unlike the previous experiment where all users were optimally separated, the four 

users were all located in a single hemisphere for this experiment. They are now 

closer together in distance and in angular separation. The diagram below shows 

the floor plan and the user layout used in this experiment. 
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Fig ure 4.10: Floor plan and user layout used for Experiment 2 

The layout in this experiment is almost the same as in the previous experiment. 

However, since the users are spread in a single hemisphere around the base sta
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tion, the bulk of the energy will be received in only three sectors, unlike in the pre

vious experiment, where the users were more evenly distributed. From the results, 

it can be seen that this set-up does not greatly degrade the system performance. 

Figure 4.11 shows the four learning curves and Figure 4.12 shows the extracted 

signal constellations obtained in this experiment. 
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Figure 4.11: Learning curves for the four users in Experiment 2 

The learning curves are almost the same as those obtained in the last experiment. 

The time required to train the system is still around 50 iterations, but the steady 

state errors are a little worse than before. This is more obvious when looking at 

the extracted signal constellations shown in Figure 4.12. In this case, the 

extracted constellations are not as tight as those are in the first experiment. How

ever, there are still wide separations between points and thus no error will be 

found in the signals after they are converted back to bits. 
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Figure 4.12: Extracted signal constellations for the four users in Experiment 2 

4.2.3 Experiment 3 - Same LOS 

In this experiment, the most powerful aspect of an SDMA system with optimal 

beamforming is shown. In this case, two users had the same LOS and were a min

imal distance apart. Without SDMA and optimal beamforming, it would be impos

sible to separate the two LOS users that are transmitting at the same frequency. 

But with our SOMA system in a multipath environment, this experiment will show 

that the system can resolve the two signals from users that have the same LOS. 

Figure 4.13 shows the floor plan and the layout of the four users. 

From the diagram, it can be seen that user 1 and user 2 had the same LOS and 

they were only 50 em apart. The other two users are randomly located around the 

base station. The learning curves and the extracted signal constellations of the 

four users are shown in Figure 4.14 and Figure 4.15 respectively. 

The learning curves show that the system has no problem in resolving the sig

nals from the two same LOS users. Both the training time and the steady state 

error are almost unchanged. However, the system had more difficulties with user 

4 than in the previous experiments. The location of user 4 is certainly a factor, but 

the position of the other three users can also affect user 4's result due to the 

mechanism of the process itself. It is really hard to find out what actually is the 

cause, but this is not a concern at this moment, since the system is still able to 

extract the four signals without any problems even with users at the same LOS. 
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Fig ure 4.13: Floor plan and user layout used for Experiment 3 
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Figure 4.14: Learning curves for the four users in Experiment 3 
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Figure 4.15: Extracted signal constellations for the four users in Experiment 3 

4.2.4 Experiment 4 - All users close together 

For this experiment, all four users were very close to each other. Since each mobile 

antenna was mounted on a stand with a base which had a dimension of 40 em by 

40 em, the closest the four users could be was 40 em. With this limitation, the 

four users were placed to form a square with each user on a vertex. With this lay

out, the distance between two adjacent users was 40 em and the distance 

between diagonal opposite users was a bit higher. Figure 4.16 shows the user 

layout used in this experiment. 

Despite the fact that this user layout would seldomly happen in real life, this 

test served the purpose of testing the system for worst case. As shown in the 

diagram, user 2 is heavily shadowed from the base station by the other three 

users. Although they all have a slightly different LOS, they are so close together 

that conventional sectoring antennas could not separate them. Their condensed 

locations could also cause problems like overloading in the antenna that faces the 

users. But the results that have been obtained show that the system is capable of 

handling such a user layout. 

Both the learning curves and the extracted signal constellations shown in 

Figure 4.17 and Figure 4.18 clearly demonstrate that the transmitted signals are 

reconstructed without much degradation. The training times and the values of the 

steady state error are similar to those obtained from previous experiments. 
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Figure 4.16: Floor plan and user layout used for Experiment 4 
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Figure 4.17: Learning curves for the four users in Experiment 4 
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Fig ure 4.18: Extracted signal constellations for the four users in Experiment 4 

4.2.5 Experiment 5 - Near-Far test 

The final uplink experiment performed was a near-far test. In this scenario, two 

users are located further away from the base station while the other two users are 

quite close to the base station. With this set-up, the signals from far away users 

are going to be smaller in amplitude when they arrive at the base station compared 

to the signals from the near-by users. This may cause some problems for the 

system since the received signals are overwhelmed by signals from the near-by 

users. Figure 4.19 shows the floor plan and the user layout used in this experi

ment. User 3 and user 4 are located further away from the base station compared 

to the other two users. Without power control, user 1's and user 2's signal will be 

strong compared to the signals from user 3 and 4. Figure 4.20 shows the learning 

curves obtained in this experiment. 

From the learning curves, it can be seen that the system only takes a little bit 

longer to extract the signals from the two far users than for the near users. Not 

much difference is observed in the values of the steady state error. The extracted 

signal constellations in Figure 4.21 show the same results. 
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Fig ure 4.19: Floor plan and user layout used for Experiment 5 
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Figure 4.20: Learning curves for the four users in Experiment 5 
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Figure 4.21: Extracted signal constellations for the four users in Experiment 5 

4.2.6 Conclusion 

From the above five experiments, the SOMA system has proven itself as a robust 

system for uplink transmission. It gives very good results under almost all user dis

tributions. The training procedure is fast and is simple. It takes 50 iterations on 

average to train the system. The training time and the steady state error could be 

improved easily by using a more advanced adaptive algorithm. 

The system performance was compromised by the use of the low cost demod

ulator. The demodulator has a very small linear range at 1.7GHz. To work around 

this limitation, the gain used in the receiving circuit was decreased. This lowered 

the signal-to-noise ratio and directly affected the system performance. Although 

the results presented in the above sections are not bad at all, better performance 

could be achieved easily by changing the demodulator. 

4.3 Calibration 
In this section, results that were obtained during the calibration process are pre

sented. As mentioned in Section 2.4, the purpose of the calibration was to obtain 

information on the differences between the receiving circuits and the transmitting 

circuits. With the aid of a calibrating antenna, each branch at the base station can 

be characterized with this process. 
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As described earlier in this chapter, the procedure is started by sending a short 

sequence from the calibrating antenna to the twelve antennas located at the base 

station. Figure 4.22 shows what the twelve antennas received during a typical cal

ibration. 
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Figure 4.22: Received signal constellations when the calibrating antenna is 
transmitting to the antenna array 

Ideally, an equal amount of energy should be coupled into each antenna from 

the calibrating antenna to get maximum SNR. In this case, and with a similar signal 

gain in each receiving circuit, the received signals shown in the diagram should 

have similar amplitude. However, this was hard to achieve since both vertically and 

horizontally polarized antennas were used in the antenna array. In order to have 

similar signal amplitude in each branch, the calibrating antenna has to radiate 

equally well in both horizontal and vertical direction. This is very hard to achieve. 
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It is also hard to build a calibration antenna that works well so close to the other 

antennas. 

This even power characteristic is certainly good to have, but it is not required 

to carry out the calibration. With equal power, the resolution provided by the ADC 

can be fully utilized to achieve high accuracy when calculating the compensation 

factors. Without it, lower accuracy results in the branches with less received 

power. From the experimental measurements, it can be seen that signals picked 

up by the odd numbered monopole antennas have similar amplitude. They are also 

stronger compared to the signals received by the even numbered loop antennas. 

Also, more variations in the signal amplitude are present in those branches where 

loop antennas are used. 

Once the above transmission is completed, the same data sequence is then 

transmitted back to the calibrating antenna from each antenna element sepa

rately. A short time delay between these two transmissions ensures the channel 

remains unchanged. 

Figure 4.23 shows the received signal from each element. By comparing 

Figure 4.22 and Figure 4.23, differences in signal amplitude and phase in each 

branch can be observed. These differences dictate the values of the compensation 

factors. Figure 4.24 summarizes the differences and shows the compensation fac

tors obtained from the above measurements in numerical form. Refer to 

Section 2.4 for calculations of the compensation factors. 

Each individual value recorded in the above figure does not after a lot of infor

mation since each of them is contaminated by the effect of the calibrating circuit 

as discussed in Section 2.4. It is the differences between these values that were 

impact the downlink if not compensated for. From the above results, it is clear that 

there are some big differences between some branches. Also, it is obvious that 

the receiving circuits have different transfer characteristics than the transmitting 

circuits, making it clear why compensation factors must be used. 
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Figure 4.23: Received signal constellations when the antenna array is 
transmitting to the calibrating antenna 

AMPLITUDE PHASE AMPLITUDE PHASE 
K1 1.52 L 27.0 0 K7 1.8 L 21.3° 
K2 1.71 L 13.3° K8 1.38 L 21.6° 
K3 1.49 L31.00 K9 1.5 L 24.2° 
K4 2.55 L 19.1 ° K10 1.82 L 26.9° 
K5 1.85 L 18.2° K11 1.83 L-21.2° 
K6 2.83 L 16.9° K12 2.78 L-13.00 

Figure 4.24: Compensation factors obtained for each branch in terms of 
amplitude and phase change 

Theoretically, the differences in the above measurements are mainly contributed 

by the RF hardware and should be consistent over time. However, some drifting 

does occur over time and the system has to be recalibrated after a certain period 

of time depending on the quality of the hardware. 
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4.4 Downlink transmission 

In this section, results obtained from different downlink transmission experiments 

are presented. Similar to the approach used in demonstrating the uplink transmis

sion, different user layouts were used in various experiments to examine the 

downlink performance. Also, different number of users were used in some experi

ments to examine changes in system performance. To test the usefulness of the 

compensation factors, each experiment was performed two times, once with com

pensation factors and once without. From the two sets of results, the benefit and 

the necessity of having the compensation factors can be shown. 

4.4.1 Experiment 6 - Importance of compensation 

To support the downlink concept that has been discussed in Section 2.3, some 

experimental results are needed to prove the theory. To do this, a few experi

ments were performed to test the downlink transmission. In these experiments, 

four users are transmitting during the uplink transmissions but only one user is 

transmitting in the downlink transmission. This was done to show that the down

link signal was suppressed at the unrelated users. Figure 4.25 shows the floor plan 

and the layout of the four users used in one of the experiments. 

In this experiment, the four users are all located at different positions. From 

uplink transmission, four sets of weights were obtained; each of them optimized 

to talk to a different user and to null out the other three. In the downlink, the 

system is only required to talk to user 1 in this case. To do this, the outgoing signal 

is sent to each branch and is predistorted by the corresponding weight for that 

branch. If everything is working properly, the twelve versions of the outgoing 

signal should arrive constructively at user 1 and destructively at the other three 

users. In other words, only user 1 will receive the transmitted signal, the other 

three users will not see any signals since they are fades. Figure 4.26 shows the 
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Figure 4.25: Floor plan and user layout used for Experiment 6a 

signals received by the four users during the downlink transmission when compen

sation factors are not used. 
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Figure 4.26: Received signal constellations in the downlink transmission when 
compensation factors are not used in Experiment 6a 

From the results, one can clearly see that the downlink transmission in the SOMA 

system did not work. The signal is supposed to be transmitted to user 1 only, but 

all four users actually received the signal. The results here illustrate a very impor

tant point. With just the optimal weights from the uplink transmission, the system 
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will not work in the downlink transmission. Compensation parameters found in the 

last section have to be used to equalize the differences between the transmitting 

and receiving circuits. To illustrate this point, the same experiment is performed 

but this time compensation factors are used in the predistortion. Figure 4.27 

shows the new results. 
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Figure 4.27:	 Received signal constellations in the downlink transmission when 
compensation factors are used in Experiment 6a 

With the help of the compensation factors, the system can now perform a proper 

downlink transmission. As shown in the new results, user 1 receives the signal with 

the other three users barely seeing the signal. To confirm the observation, another 

experiment was done but with a different layout. In this case, user 1 and user 2 

had the same LOS. Figure 4.28 shows the floor plan and the user layout used in 

this experiment. 

In this new setup, user 1 is shadowed by user 2. Again, two sets of results are 

recorded. Figure 4.29 shows the results without compensation and Figure 4.30 

shows the results with compensation. 

The results here again draw us to the same conclusion. Without compensation, 

the system is unable to carry out a proper downlink transmission. Very good 

results are obtained when compensation is applied before the transmission. The 

system is able to isolate a single user even though he or she shares the same LOS 

with another user. Also with this system, the user always receives a signal with 

constant signal power and suffers no multipath fading. A certain amount of DC 



4.4 Downlink transmission 77 

~~ Wood desk 

Tx4

f--
•\ 

\ 
Tx3e_ Me~1 desk Metal desk I' Metal desk 

MetalLJ cabinet - 
Metal desk Metal desk Ui- \\Rxl 

,--, - --.- • 
'.' 

Tx2 Tx1 
Metal
 
cabinet
 - Metal desk I I 

I 
Me al 
cat inet 

Metal desk 

Figure 4.28: Floor plan and user layout used for Experiment 6b 
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Figure 4.29: Received signal constellations in the downlink transmission when 
compensation factors are not used in Experiment 6b 

offset is present in the received signals. This results in non-centered constellations 

as seen in Figure 4.29. However they are not important in proving the concept and 

are left untouched. 

The above experimental results show that the SDMA system uplink and down

link transmissions work with proper compensation. The benefit and importance of 
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Figure 4.30: Received signal constellations in the downlink transmission when 
compensation factors are used in Experiment 6b 

the compensation factors are also demonstrated. Following experiments will test 

the downlink performance with different user distributions and with multiple users. 

4.4.2 Experiment 7 - Two users with different LOS 

In this experiment, only two users are used in both the uplink and downlink trans

mission. Both of them have good LOS with the base station and they are well sep

arated. 
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Figure 4.31: Floor plan and user layout used for Experiment 7 
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Figure 4.32 shows the signals received by the two users with and without com

pensations. The two plots in the left hand side show the signals received by user 

1 and user 2 when compensation factors are used in the predistortion. It is clear 

that both users received good signals of similar strength. The plots in the right 

hand side show that when compensation factors are not used, both signals show 

up at each user's terminal. 

,Constellation tor User 2' (Dl) Constellalion for User 1 (Dl) I Constellation 10' Use' 2 (Dll 
2.0.,...... '-- '2.? __....;;;........._ 

1'.0 • .~. 0.0'. 
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Figure 4.32: Received signal constellations for user 1 and 2 in Experiment 7 

4.4.3 Experiment 8 - Two users with same LOS 

A similar experiment was performed to the above experiment. This time the two 

users had the same LOS. Figure 4.33 shows the user layout and Figure 4.34 shows 

the results obtained in this experiment. 

The results again demonstrate what was observed in previous experiments. 

Without the help of the compensation factors, the system will simply fail. With 

compensation, the system is able to handle the downlink transmission with two 

users in the system, even with difficult user distribution. 
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Figure 4.33: Floor plan and user layout used for Experiment 8 
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Figure 4.34: Received signal constellations for user 1 and 2 in Experiment 8 

4.4.4 Experiment 9 - Three users
 

Unlike the above two experiments that focus on proving the bi-directional con


cept, this experiment is more focused on investigating the limitations of the down


link system. In a downlink transmission, the signals are predistorted at the base
 

station before they are transmitted. Any mistake or lack of accuracy in the calcu


lations will cause degradation in the performance that cannot be undone. In the
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uplink transmission, the signals are processed in the base station using a DSP with 

high accuracy. As long as these uplink signals are sampled by ADC's with high res

olution, not much degradation will be present in the received signals. The only 

thing that can cause some problems will be the irregular constellations generated 

by the demodulators. However, this was not the case in the downlink transmission. 

It was hard to obtain highly accurate results for the compensation factors because 

the demodulators were not working well. It is also difficult to design a calibrating 

antenna that maintains an even power distribution to each of the elemental anten

nas. Also, in order to have the same performance in both uplink and downlink, the 

resolutions provided by the downlink circuits have to match the resolutions pro

vided by the DSP. All these degrade the downlink performance compared to the 

uplink transmission. 
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Figure 4.35: Floor plan and user layout used for Experiment 9 
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In this experiment, three users are present. They all transmit in the uplink and 

downlink. Obviously based on the previous results, the system will have no prob

lem in the uplink transmission based on all those previous results. But for experi

mental purposes, the extracted signals obtained during the uplink transmission are 

shown in Figure 4.36 just to demonstrate that the optimal weights obtained for 

the uplink transmission are good. 

Constellation tor User 1 lULl I Constellation for User 2 lULl I Constellation for User 3 lULl I 

3.5. 3.5 .. •
2.0.... 2.0

0.0. 0.0_ 

·2.0. 

.3.5_. 

4Ii 
• • .. 

, , , , , 
·2.0

.3.5-, 

.. 
, , ,. , 

·3.5 ·3.5 0.0 3.5 ·3.5 0.0 3.5 

Figure 4.36: Extracted signal constellations for user 1,2 and 3 in the uplink 
transmission in Experiment 9 

If the same kind of accuracy is maintained in the downlink transmission, a similar 

performance can be expected in the downlink. However, due to the reasons men

tioned above, the downlink performance is not as good as the uplink. Although the 

system has already performed well when focusing a single signal to the desired 

user, other users still see a little bit of it. This may not be significant when one or 

two users are present in the system. But this adds up when more users are 

present. Also, the signal's dynamic range in each branch increases when more 

users are present in the downlink. When three users are used, all signals have to 

be scaled down by one bit in order to keep them in the 12 bit range of the DAC's. 

This again causes some degradation compared to the case when only two users 

are present in the system. Figure 4.37 shows the results from the downlink trans

mission. 

In this case, the signals are not as clean as before. The signals have weaker 

strength compared to those in the previous experiment due to the dynamic range 
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Figure 4.37:	 Received signal constellations for user 1,2 and 3 in the downlink 
transmission with compensation in Experiment 9 

problem. Less separation is presented between points but it is still enough for cor

rect bit detection. 

4.4.5 Experiment 10 - Four users 

In this experiment, four users are present for both the uplink and downlink trans

mission. The user layout used in this experiment is similar to the one shown in 

Figure 4.10. The figure below shows the downlink results obtained in this experi

ment. 
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Figure 4.38: Received signal constellations for the four users in the downlink 
transmission with compensation in Experiment 10 

The results are again a bit worse than the experiment with only three users. The 

constellations are getting smeared and there may be a small amount of error after 

the bit detection. However the shape of a QPSK constellation can still be observed 

in each signal. Several experiments have been done with different user layout and 
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all four users in the downlink. Various results are obtained and the results shown 

in the above diagram are the best that we can get so far. There are a lot of things 

that can be done to the system in improving the performance. Suggestions are 

described and summarized in the next two chapters. 



Chapter 5 

Adaptive algorithm 

The adaptive algorithm used in the signal processing has a profound effect on the 

performance of an SOMA system. Although the SOMA system is sometimes called 

the "Smart Antenna System", it is not the antenna that is smart. The function of 

an antenna is to convert electrical signals into electromagnetic waves or vice versa 

but nothing else. The adaptive algorithm is the one that gives a smart antenna 

system its intelligence. Without an adaptive algorithm, the original signals can no 

longer be extracted. 

Different adaptive algorithms were developed for different purposes and tasks. 

The task of the algorithm in an SOMA system is to adjust the received signals so 

that the desired signals are extracted once the signals are combined. Various 

methods can be used in the implementation of an adaptive algorithm. In this sys

tem, the adaptive algorithm is implemented in ASSEMBLY code inside a OSP. 

In comparison, the hearing system of a human being is much like a smart 

antenna system. Like the antenna, our ears pick up all sound waves from the sur

rounding environment. From what has been received, the human brain picks out 

the important information. For example, people are able to listen to a conversation 

even though the conversation may take place in a very noisy environment. The 

desired signal can be mixed with other interference like traffic noise, background 
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music, etc., but the human brain is able to suppress the unrelated sounds and con

centrate on the conversation. Furthermore, a human can even listen to sound 

which is weaker than the interference. The adaptive algorithm in an SOMA system 

serves a similar purpose as the brain in this analogy, however it is less sophisti

cated. Our brain can perform the above signal selection and suppression with only 

two ears, but multiple antennas are required for the adaptive algorithm so that 

enough information on the user signals can be acquired to perform the task. 

In human beings, some people are more intelligent than others. In order for 

them to be more intelligent, they have to have a more developed brain. Similarly, 

some algorithms are smarter than other algorithms. A smart algorithm usually 

requires more resources than algorithms that are less intelligent. Unlike our brain 

which is a free resource, more resources in the world of technology always mean 

more expensive components and more complicated system. 

In this project, the Least Mean Square (LMS) algorithm is selected because of 

its simplicity. Its ease of implementation and undemanding resource requirements 

make it an excellent choice for fast prototyping. However, its dependability on the 

eigenvalues of the received signals is not desirable. The rate of convergence of 

the algorithm changes with respect to the eigenvalue spread. A large eigenvalue 

spread causes slow converging rate and thus longer settling time. For more reliable 

and consistent performance, the Recursive Least Squares (RLS) algorithm is a 

better choice. Its rate of convergence is not dependent on the eigenvalues of the 

received signals. It has a shorter settling time and better optimal solutions than 

the LMS algorithm. Both the algorithms are described in more details in the follow

ing sections. 

5.1 LMS algorithm 

This algorithm was first developed by Widrow and Hoff in 1960 [11 ]. The design 

of this algorithm was stimulated by the Wiener-Hopf equation. By modifying the 
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set of Wiener-Hopf equations with the stochastic gradient approach, a simple 

adaptive algorithm that can be updated recursively was developed. This algorithm 

was later on known as the least-mean-square (lMS) algorithm. 

The algorithm contains three steps in each recursion: the computation of the 

processed signal with the current set of weights, the generation of the error 

between the processed signal and the desired signal, and the adjustment of the 

weights with the new error information. The following equations summarize the 

above three steps. 

(5-1) 

or in matrix form, 

A H 
den) = w (n)u (n) (5-2) 

e(n) = den) - den) (5-3) 

w (n + 1) = w (n) + Ilu (n)e*(n) (5-4) 

The w in the above equations is a vector which contains the whole set of weights, 

from Wt to Wt2' The H in Eqn.(5-2) represents the Hermitian transpose of a vec

tor, i.e. the vector is transposed and each element in the vector is replaced by its 

conjugate. In our system, twelve branches are present at the base station, so 

there are twelve u's for each symbol received at time n. All twelve weights, Wt to 

Wt2 are updated according to Eqn.(5-4) in each recursion. At time zero, all weights 

are initialized to have a value of zero. The symbol jJ in Eqn.(S-4) is called the step

size parameter. The value of this parameter affects the settling time and the 

steady state error of the lMS algorithm. A large step-size allows fast settling but 

causes poor steady state performance. On the other hand, a small step-size 

decreases the steady state error but compromises the rate of convergence. The 
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current value of this parameter is selected by trying out different values in the 

algorithm. 

5.2 RLS algorithm 

The recursive least-squares (RLS) algorithm uses a different approach in carrying 

out the adaptation. Instead of minimizing the mean square error as in the LMS 

algorithm, the sum of the squared errors of different set of inputs is the subject 

of minimization. This algorithm was first derived from the Kalman filter. Although 

it is intended to be used in a multi-tap transversal filter where the squared error 

information is sampled over a varying time frame, this method also works in our 

system where input information originates from different branches. The following 

equations illustrate the update procedures in each recursion with the RLS algo

rithm. 

A- I P(n-l)u(n)k (n) = ---~------!..~--!.....- (5-5)
'\ -1 HI +1\, u (n)P(n-l)u(n) 

~(n) = d(n)-w
H

(n-I)u(n) (5-6) 

wen) = w(n-I)+k(n)~*(n) (5-7) 

'\-1 ,\-1 H
pen) = I\, P(n-I)-I\, k(n)u (n)P(n-l) (5-8) 

The P in the above equations is first initialized to 8-1
1 where 8 is a small positive 

constant and I is an identity matrix. All w's are again initialized to zeroes. k is a 

vector called the Kalman gain factor. A is the forgetting factor and is supposed 

to weight the error value differently depending on the ages of the received signals 

in a transversal filter. Since the filter in this system does not have a transversal 

architecture, it makes more sense to leave it as 1. 
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Just by looking at the equations that describe the updating procedures, it is 

clear that the RLS algorithm is more complicated than the LMS algorithm. The RLS 

algorithm has a computation complexity in the order of M2 , where M is the number 

of taps or in this case, the number of branches. For the LMS algorithm, the com

plexity is in the order of M. Besides the complexity, the RLS algorithm requires a 

large number of divisions in each update. It is very hard to implement a division in 

a fixed point DSP and many instructions are required to perform a single division. 

However, the RLS algorithm has much better performance than LMS algorithm. 

Its rate of convergence is consistent and is independent of the eigenvalues of the 

received signals. It only takes approximately 2M + 1 iterations to get to the steady 

state. Moreover, the steady state error is smaller in magnitude than the one 

obtained by the LMS algorithm. 

5.3 Experimental comparisons 
Two experiments were done to compare the two algorithms. Since only the LMS 

algorithm is implemented in the DSP, the signal processing in these two experi

ments is done externally for comparison purposes. The original training sequences 

and the raw received signals are saved separately in a data file. Then the files are 

loaded into MATLAB for signal processing. Both the LMS and RLS algorithms are 

implemented in MATLAB for performance consistency. Since the channel is no 

longer the same with all the time delay and movements happening between the 

two transmissions, only the uplink transmission can be performed when signal 

processing is done externally. Figure 5.1 shows the floor plan and the user layout 

used in the first experiment. 

This is a simple setup with four users. User 3 is located a little further away 

from the base station than the other three users. User 4 is close to the base sta

tion but with user 2 in the near right-hand side which will probably add some dif
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Figure 5.1: Floor plan and user layout used in the first experiment comparing 
the LMS and RLS algorithm 

ficulties to the system when extracting user 4's signal. Both the original training 

sequences and the raw received data are recorded and the data are processed in 

MATLAB with the two algorithms. To be consistent with the results shown in the 

previous chapter, the signals are again scaled to have a magnitude of 2.5 V. There

fore, as long as the magnitude of error does not exceed 2.5 V, there will be no 

errors. Figure 5.2 shows the learning curves with the LMS algorithm. 

The results show that the system adapts to user 1 quite rapidly. This can be 

explained by user 1's location. It has a good LOS with the base station and has no 

nearby users. Unlike user 1, user 2, 3 and 4 have long settling time. An easy expla

nation for user 3's long settling time could be the long distance from the base sta

tion. For user 2 and 4, a nearby user is probably the cause. From these results, it 

is clear that the LMS algorithm has different rate of convergence dependent on 

the user signals. Besides the rate of convergence, the values of the steady state 
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Fig u re 5.2: Learning cu rves with LMS in the first comparison experiment 

errors also help in comparing the two algorithms. The steady state errors shown 

in the above diagrams are calculated by averaging the errors from iteration 101 

to 500. With LMS, the values vary between 0.032 for user 2 and 0.093 for user 

3. The same data is then processed by the RLS algorithm and Figure 5.3 shows 

the learning curves with the RLS algorithm. 

Compared to the LMS algorithm, the learning curves converge to the optimal 

solutions much faster with the RLS algorithm. Also, the results show that the set

tling time of the RLS algorithm is not dependent on the environment and the user 

layout. However they have a slight effect on the magnitude of the steady state 

error. According to the theory, the algorithm will take 2M + 1 iterations which is 

25 iterations in our system to reach the optimal point. From the results, less than 

25 iterations are observed in some users. Compared to the LMS algorithm, the 

steady state error obtained using the RLS algorithm are smaller in magnitude. It 
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Figure 5.3: Learning curves with RLS in the first comparison experiment 

varies from 0.014 for user 3 to 0.037 for user 1. Better steady state error means 

better signal isolation and thus better downlink performance. The extracted signal 

constellations with the two algorithms are also prepared. Figure 5.4 and Figure 5.5 

shows the extracted signal constellations with LMS and RLS respectively. The con

stellations again contain points from symbol 101 to symbol 300. 

U•., 1 U• ., 2: UM,3 U••r 4 

u ~ 

o "" "" "" ~. 
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Figure 5.4: Extracted signal constellations with LMS algorithm in the first 
comparison experiment 
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Figure 5.5: Extracted signal constellations with RLS algorithm in the first 
comparison experiment 

By looking at the learning curves, it is safe to assume that the steady state has 

been reached once the number of iterations has passed one hundred with both 

algorithms. So the above diagrams should give the optimal constellations that the 

algorithm can achieve. The extracted constellations show that the RLS algorithm 

produces much better results compared to the results obtained with the LMS algo

rithm. With the RLS algorithm, the constellation points are tighter. This means that 

less noise or interference is left in the extracted signal and thus higher SINR is 

achieved. Although there would be minimal differences in terms of bit error 

between the two algorithms in the uplink transmission, the downlink transmission 

will certainly benefit from the highly optimized weights. 

To confirm the observations that were found in the previous experiment 

regarding the two algorithms, one more experiment was done. In this experiment, 

user 1 and user 2 are had the same LOS and so did user 3 and 4. As shown in the 

diagram, user 1 and user 3 were at the back and were shadowed by another user. 

Again, the data were saved and were processed externally with both the LMS and 

RLS algorithms. Figure 5.6 shows the floor plan and the user layout used in this 

experiment. Figure 5.7 and Figure 5.8 show the learning curves and the extracted 

signal constellations obtained by the LMS algorithm. 

The learning curves show that the system is again having long settling time. 

More than 50 iterations are needed to reach the optimal point. This again illus

trates that the rate of convergence of the LMS algorithm is sensitive to the user 
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Figure 5.6: Floor plan and user layout used in the second experiment 
comparing the LMS and RLS algorithms 

layout. Although the constellations only show points after 100 iterations, a certain 

amount of interference is still observable in the extracted signals. The same col

lected data were then processed with the RLS algorithm. Figure 5.9 shows the 

learning curves and Figure 5.10 shows the extracted signal constellations. 

The learning curves obtained with the RLS algorithm show that the algorithm 

is very robust on the environment and the user layout in terms of the settling time. 

The rate of convergence is again very fast and the steady state errors are smaller 

than those with the LMS algorithm. The extracted signal constellations reconfirm 

what have been shown in the learning curves. The signal constellations are clean 

and tight. Unlike the case with the LMS algorithm where user 1 and 3 have more 

noise due to shadowing, here their signals are as good as those from the front 

users. 

Although the downlink performance was not obtained with the RLS algorithm, 

the above uplink results should let us visualize the benefit of the RLS algorithm 
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Figure 5.8: Extracted constellations with LMS in the second comparison 
experiment 

over the LMS algorithm in improving the system performance. The only drawback 

with the RLS algorithm is again the complexity. 
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Chapter 6 

Important criteria 

In order for an SOMA system to perform with its full potential, some criteria and 

requirements have to be met. Special attention has to be paid to selecting the cir

cuit components since the system performance is directly related to the perform

ance of these components. Any shortcoming in the circuits will cause a 

degradation of the system performance and decrease the benefits that the 

system can provide. It is obviously more valuable to have a higher spectral capac

ity in the uplink and downlink transmission. To take full advantage of this system, 

the criteria described in the following sections have to be satisfied. 

6.1 Linearity 

The linearity of the RF components is very important when building an SOMA trans

ceiver. The RF components include the modulator, the amplifier, the demodulator, 

the power splitter, and the RF switches, etc. For passive components like the ele

mental antennas and power splitter, linearity is not normally a problem. But for 

active components like the amplifier, the modulator and the demodulator, linearity 

is a concern. 
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During a calibration, the compensation factors are obtained. If the transceiving 

circuits are linear, then the compensation factors obtained at any power level will 

be the same. But if the circuits are not linear, then the value of the compensation 

factors will be different depending on the calibrating signal strength. Since the cal

ibrating antenna is not perfect, the calibrating signal received by each antenna ele

ment will have different signal strengths. Even with a perfect calibrating antenna 

that can couple an equal amount of energy into each antenna element, the com

pensation factors are still obtained at one specific power level. During a regular 

data transmission, the strength of the received signals can have many variations 

and is not going to be at the same power level as the calibrating signals. The only 

solution is to have linear circuits so that the compensation factors will be valid at 

all power levels at long as they are within the linear range. This ensures that the 

compensation factors will perform the correct amplitude and phase adjustments 

in equalizing the receiving and transmitting circuits so that a proper downlink 

transmission can be carried out. 

In our system, the inexpensive demodulator has caused a lot of degradation in 

the system performance. It has a very limited linear range at 1.7GHz. In order for 

the received signals to stay in the linear range, they are only slightly amplified at 

the front end. This degrades the SNR when the signals go through noisy compo

nents and causes low accuracy in the weight calculations. 

6.2 High resolution 
To accurately represent the signals, the weights and the compensation factors, 

high precision converters and a high precision DSP have to be used. During an 

uplink transmission in our system, each received signal is sampled by a 12-bit ADC. 

Once the signals are sampled, they are transferred to a DSP that has 32-bit reg

isters and can handle 16 bit x 16 bit multiplication. The high resolution ADC 

ensures that the quantization error in the sampling signals is small. The high pre
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cision DSP guarantees that the signal processing and all calculations are done with

out any degradation in accuracy. With these ADC's and DSP's, the system is able 

to support 4 users in the uplink transmission without much problems. 

In addition to the ADC's and the DSP's, the DAC's in the transmitting circuits 

playa very important role in the downlink transmission. In our system, a 12-bit 

DAC is used in the transmitter. However, the resolution of the DAC causes some 

limitation in the downlink performance. In the uplink the signals are sampled then 

processed by an adaptive algorithm. All of the remaining steps after the sampling 

are done inside the DSP with 16 bit accuracy. The signals have a wider dynamic 

range, but the DSP has enough resolution to represent the signals precisely. How

ever this is not true in the downlink. The predistortion is performed in the DSP and 

the distorted signals now have to leave the DSP and be converted back to analog 

signals through the 12 bit DAC. With the application of the weights, the compen

sation factors and the summing of the user signals, the outgoing signals have a 

much wider dynamic range and thus require higher resolution than the ADC to rep

resent the signals correctly. In order to preserve the accuracy of the signals, the 

DAC has to have at least the same precision as the DSP. In this system, a 16-bit 

DAC would be more suitable. 

6.3 DC offset 

Any DC signal remaining in the demodulated signals negatively affects the algo

rithm and degrades the system performance. There are two major sources that 

contribute to the DC signals. 1) Any signal that is transmitted at the carrier fre

quency will end up as a DC signal at the receiver. 2) The demodulator produces a 

certain DC offset together with the demodulated signals. All these generated DC 

signals have unpredictable values and some of them even vary from branch to 

branch. Different methods can be used to remove the DC signals. The important 
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point is that they have to be removed from the received signals before any signal 

processing is done. 

6.4 Calibrating antenna 

A good calibrating antenna will help a lot in obtaining accurate compensation fac

tors. The main objective in the design of the calibrating antenna is to make it capa

ble of coupling equal amounts of energy into each antenna element in the antenna 

array. This may add some constraints in the design of the antenna array. For exam

ple, with an antenna array that has an architecture similar to the one shown in 

Figure 3.3, it will be hard for the calibrating antenna to satisfy the above condi

tion. But an antenna array with all its elements sitting on a circle will give an easy 

setup for the calibrating antenna. With equal amounts of coupling energy, the res

olution of the ADC can be fully utilized in the generation of the compensation fac

tors with high accuracy. 

6.5 Low noise calibration 

Although the system is very robust against interference during a regular transmis

sion, the calibration process is not. Any noise received by the system during the 

calibration process will have a strong effect on the compensation factors and thus 

affect the system performance. Special attention has to be paid to shielding the 

circuits so that minimal RF signal is emitted from the circuits when they are not in 

operation. 



Chapter 7 

Conclusions 

In this thesis, a bi-directional SDMA system has been demonstrated in an indoor 

environment. The system has no problem in handling four users in the uplink. How

ever, due to the fact that LMS algorithm is subject to the influence of the eigen

value which is a characteristic in the received signals, the rate of convergence 

varies depending on the value of the received signals. On average, the system 

takes 50 symbols to reach the optimum point. 

Also in this thesis, it has been successfully proven that it is possible to have 

SDMA with optimal beamforming technique in both the uplink and downlink trans

missions. With the proper calibration scheme, the optimal weights obtained in the 

uplink can be reused in the downlink. Although the downlink performance is not as 

good as the uplink as demonstrated by the results, this can be improved by using 

better components and a well designed calibrating antenna. 

The calibration scheme described in this thesis provides an easy method in 

obtaining the necessary information regarding the differences between the uplink 

and downlink circuits. From the results, it is obvious that the compensation factors 

obtained in the calibration help tremendously in the downlink transmission. With

out compensation, the system fails in performing the expected downlink transmis

sion. But with the help of the compensation factors, reasonable results are 
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obtained. More accurate compensation factors can be obtained with better elec

tronic components and better shielding around circuit boards. 

With the LMS algorithm, the system is able to perform reasonably well under 

normal circumstances. A more complicated algorithm like the RLS algorithm 

improves both the settling time and the steady state error of the system. The 

improved optimal weights serve to provide better downlink performance. The RLS 

algorithm also give more consistent performance under different environments 

and user layouts. 

After all these, one should be clear by now that it is indeed possible to have 

SOMA working in both uplink and downlink directions. This has been the biggest 

obstacle so far for this kind of system to become popular. 

The time required for the training may still be an aspect that needs to be 

improved on, especially when a training has to done every milli-second to compen

sate for the environment changes. But as the computer technology improves, it 

will not be too far away in the future when one can have a DSP that can do the 

training in the micro-second range. Despite the fact that this prototype can not 

handle fast changing environment for now, it is just a matter of time for the DSP 

technology to reach a stage where this kind of system is feasible. 



Appendix A 

Hardware schematics 

In this appendix, schematics of the circuits used in building our SOMA system are 

included. They are the RF board, the two signal conditioning boards, the sampling 

board at the base station and the sampling board at the mobile. 
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Figure A.l: RF board 
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Figure A.2: Signal conditioning board for the calibration circuit 
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Figure A.3: Signal conditioning board for the regular transceiver circuit 
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Figure A.S: The sampling circuit at the base station that contains the DAC 
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Figure A.6: The sampling circuit at the mobile 
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Appendix B 

Demodulator 
characterization 

The performance of the demodulator has a tremendous effect on the system per

formance, especially during the downlink transmission. Tests were performed to 

characterize the demodulator output response with different input power levels. 

In this test, two RF signals slightly offset in frequency are fed to the demodulator 

as the LO and the input signal. By observing the I and Q output in a x-v plot, the 

performance of the demodulator can be studied. The RF circuit boards used in the 

system were used in this test. The input RF signal goes through two gain stages 

on the boards being tested before the demodulaton takes place. The first gain 

stage is performed by an amplifier with a 17 dB gain at 1.7 GHz. The second gain 

stage is inside the demodulator chip and the gain is controlled by an external volt

age. A voltage of 1.55V was selected for best range of reception in a real exper

iment in the lab giving a gain of 2 dB. The LO power was fixed and the input power 

was swept to study the dynamic range and the signal response at different power 

levels. The magnitude of the signal shown in the diagrams is only one tenth of the 

actual signal magnitude due to the probe loss. For good results, the XV plot should 

give a perfect circle at any power level and the signal magnitude should increase 

linearly. From the below measurements, distortion is observed in the output and 

this degrades the system performance. 



111 Demodulator characterization 

7-May-GI Reading Floppy Disk Drive 
18:8G: 17 

IJ!Cro':j 

tit 8 ~S 

.5 I'lS ..; 
28.81'lV 

., '""o
~
 
~
 

o AUTO 
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Figure B.2: XY plot of I and Q with input power at -50 dBm 
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Figure B.3: XY plot of I and Q with input power at -45 dBm 
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Figure B.4: XY plot of I and Q with input power at -40 dBm 
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Figure B.6: XY plot of I and Q with input power at -30 dBm 
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Appendix C 

Assembly codes and 
memory map 

CAL.ASM 
*** FILE NAME: CAL.ASM 
*** WRITTEN BY: CHARLES UNG 
*** PURPOSE: PERFORMING CALIBRATION IN THE SDMA SYSTEM 
*** LAST MODIFIED: NOV. 20, 2000 

*** INITIALIZE MEMORY ADDRESS AMD LABEL REGISTERS 

. text 

.ref START 

.global _divu 

TIMER1PTR .set A15 
EMIFREG .set A15 
CEIC2BPTR .set A14 
CEIB2CPTR .set AU 
MEMIPTR .set A12 
MEM2PTR .set All 
MEM3PTR .set B10 
LEDPTR .set B9 
TEMPA .set AO 
TEMPB .set B7 

COUNTER .set B6 
CHANNEL .set B5 

TEMPIPTR .set A9 
TEMP2PTR .set B15 

DATAAC .set AS 
DATABD .set A7 
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DATABC 
DATAAD 

.set 

.set 
B14 
B13 

DATACC 
DATADD 

.set 

.set 
B12 
B11 

DATANUMRE 
DATANUMIM 
DATADENO 

.set 

.set 

.set 

A8 
B14 
B12 

SIGNNEGRE 
SIGNNEGIM 

.set 

.set 
A7 
Bl3 

DATAREAL 
DATAIMAG 

.set 

.set 
AS 
B14 

DIVARG1 
DIVARG2 
QUOTIENT 
RETADDR 

.set 

.set 

.set 

.set 

A4 
B4 
A4 
B3 

SUMRE 
SUMIM 

.set 

.set 
AS 
B8 

DONEREGPTR .set AID 

DATAl 
DATA2 
DATA3 
DATA4 

.set 

.set 

.set 

.set 

A2 
B2 
A3 
B3 

SUM 
SUMPTR 

.set 

.set 
AS 
A6 

*** SET UP THE INTERRUPT SERVICE TABLE (IST) 

RESET: B 
Nap 
Nap 
Nap 
Nap 
Nap 
Nap 
Nap 

.Sl START 

NMI: Nap 
Nap 
Nap 
Nap 
Nap 
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NOP 
NOP 
NOP 

RESV1:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

RESV2:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT4:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT5:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT6:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT7:	 NOP 
NOP 
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NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT8:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT9 :	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT1O:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INTll:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT12:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
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INT13 :	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT14:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT1S:	 B IRP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

ERROR:	 Nap 
NOP 
NOP 
NOP 
NOP 
Nap 
NOP 
NOP 

*********************************************************************** 
*** START OF THE PROGRAM 
*********************************************************************** 

START: 

*** ENABLE INTERRUPTS 

MVC .S2 CSR,BO ENABLE INTERRUPTS 
OR .L2 1,BO,BO 
MVC .52 BO,CSR 

MVK .52 8002h,B1 ENABLE NMIE & INT1S 
MVC .S2 IER,BO 



Assembly codes and memory map 120 

OR .L2 B1,BO,BO 
MVC .S2 BO,IER 

*** SET UP POINTERS 

MVK .S1 Ox01800000,EMIFREG
 
MVKH .S1 Ox01800000,EMIFREG
 

MVK .S1 Ox01480000,CE1C2BPTR
 
MVKH .S1 Ox01480000,CE1C2BPTR
 

MVK .S1 Ox014COOOO,CE1B2CPTR
 
MVKH .S1 Ox014COOOO,CE1B2CPTR
 

MVK .S1 Ox80000000,MEM1PTR
 
MVKH .S1 Ox80000000,MEM1PTR
 

MVK .S1 Ox800000CO,MEM2PTR
 
MVKH .S1 Ox800000CO,MEM2PTR
 

MVK .S2 Ox80000180,MEM3PTR
 
MVKH .S2 Ox80000180,MEM3PTR
 

MVK .S2 Ox01780000,LEDPTR
 
MVKH .52 Ox01780000,LEDPTR
 

MVK .S1 Ox800001BO,DONEREGPTR
 
MVKH .S1 Ox800001BO,DONEREGPTR
 

*** RESET DONE REGISTER 

ZERO .L1 TEMPA 

STW .D1 TEMPA,*DONEREGPTR 

*** SET UP EMIF CONTROL REGISTER FOR PROPER TRANSFER TO AND FROM XILINX 

MVK .S1 Ox24251F20,TEMPA 
MVKH .Sl Ox24251F20,TEMPA 

STW .D1 TEMPA,*+EMIFREG(4) CE1 SPACE REGISTER 

*** SET UP AND START TIMER_1 

MVK .S1 Ox01980000,TIMER1PTR 
MVKH .Sl Ox01980000,TIMER1PTR 

MVK .S1 OxOOOOO320,TEMPA SET TIMER PERIOD 
MVKH .S1 OxOOOO0320,TEMPA TO 10us 
STW .01 TEMPA,*+TIMER1PTR(4) 
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MVK .Sl OxOOOOO2CO,TEMPA 
MVKH .81 OXOOOOO2CO,TEMPA 
STW .D1 TEMPA,*TIMER1PTR START TIMER 

*** STORE TEST SEQUENCE 

MVK .Sl OxOOOOOOOO,A1 
MVKH .Sl OxOOOOOOOO,A1 

MVK .Sl OxOOOOOFFF,A2 
MVKH .Sl OxOOOOOFFF,A2 

MVK .Sl OxOFFFOFFF,A3 
MVKH .Sl OxOFFFOFFF,A3 

MVK .Sl OxOFFFOOOO,A4 
MVKH .Sl OxOFFFOOOO,A4 

*** START SENDING DATA FROM CAL TO BASE
 
*** SINCE FILTER USED IN THE CALIBRATING CIRCUIT WILL INVERT THE VOLTAGE,
 
*** THEREFORE THE DATA BELOW ARE SWAPPED BEFORE THEY ARE SENT.
 

IDLE 
STW .D1 A1,*CE1C2BPTR DUMMY WRITE 
IDLE 

II 
ZERO 
MV 

.L2 

.L1 
COUNTER 
MEM1PTR,TEMP1PTR 

RESET COUNTER 

LOOP1: 
[BO] 

CMPEQ 
MV 

.L2 

.Sl 
O,COUNTER,BO 
A3,TEMPA 

SELECT DATA 

[BO] 
CMPEQ 
MV 

.L2 

.Sl 
1,COUNTER,BO 
A4,TEMPA 

[BO] 
CMPEQ 
MV 

.L2 

.Sl 
2 ,COUNTER, BO 
A1,TEMPA 

[BO] 
CMPEQ 
MV 

.L2 

.Sl 
3, COUNTER, BO 
A2,TEMPA 

[BO] 
CMPEQ 
B 

.L2 

.Sl 
4,COUNTER,BO 
ENDLOOP1 

NOP 5 

IDLE 

STW .01 TEMPA,*CE1C2BPTR SEND TO XILINX 

IDLE 
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*** START RECEIVING DATA FROM 

ZERO	 .L2 

INLOOP1: CMPEQ .L2 

[B1] B .Sl 

II	 [B1] ADD .L2 

NOP 

LDW	 .D1 

B .Sl 
ADD .L2II 

NOP 

STW	 .01 

ENDLOOP1: 

IDLE 

*** START BASE TO CAL 

ZERO	 .D2 
.L2II	 MV 

LOOP2: CMPEQ .L2 
[B1] B .Sl 

NOP 

MV .Sl 
STW .D1 
IDLE 
IDLE 
LDW .D1 
NOP 
STW .D2 

MV .51 
STW .01 
IDLE 
IDLE 
LDW .Dl 
NOP 
STW .D2 

BASE 

CHANNEL RESET CHANNEL 

12,CHANNEL,B1 

LOOP1 
1,COUNTER,COUNTER 

5 

*CE1C2BPTR,TEMPA ;GET DATA FROM XILINX 

INLOOP1 
1,CHANNEL,CHANNEL 

;BRANCH AFTER STORE 

4 

TEMPA,*TEMP1PTR++[l] ;STORE IN MEMORY 

CHANNEL 
MEM2PTR,TEMP2PTR 

;RESET CHANNEL 

12,CHANNEL,B1 
ENDLOOP2 

;IF 12, EXIT LOOP 

5 

A1,TEMPA 
TEMPA,*CE1B2CPTR ;SEND FIRST DATA 

*CE1B2CPTR,TEMPB ;WAIT TILL ARDY 
4 
TEMPB,*TEMP2PTR 

A2,TEMPA 
TEMPA,*CE1B2CPTR ;SEND SECOND DATA 

*CEIB2CPTR,TEMPB 
4 
TEMPB,*+TEMP2PTR[12] 
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MV 

STW 
IDLE 
IDLE 
LDW 
NOP 
STW 

.Sl 

.01 

.01 

.D2 

A3,TEMPA 
TEMPA,*CE1B2CPTR 

*CE1B2CPTR,TEMPB 
4 
TEMPB,*+TEMP2PTR[24] 

;SEND THIRD DATA 

MV 

STW 
IDLE 
IDLE 
LDW 
NOP 
8TW 

.Sl 

.01 

.D1 

.D2 

A4,TEMPA 
TEMPA,*CE1B2CPTR 

*CE1B2CPTR,TEMPB 
4 
TEMPB,*+TEMP2PTR[36] 

;SEND FORTH DATA 

II 
II 

B 
ADD 
ADD 

.81 

.L2 

.82 

LOOP2 
4,TEMP2PTR,TEMP2PTR 
1,CHANNEL,CHANNEL 

NOP 5 

ENDLOOP2: 

*********************************** 

* 
* 
* 

REMOVE DC FROM THE RAW DATA 
* 
* 
* 

*********************************** 

II 
ZERO 
MV 

.D2 

.L1 
CHANNEL 
MEM1PTR,SUMPTR 

DCLOOP1: 

II 
ADD 
MV 

.L2 

.L1 
l,CHANNEL,CHANNEL 
8UMPTR,TEMP1PTR 

LDW 
NOP 
MV 

.01 

.L1 

*TEMP1PTR++[12] ,DATAl 
4 
DATA1,SUM 

LDW 
NOP 
ADD2 

.D 

.Sl 

*TEMP1PTR++[12] ,DATA2 
4 
DATA2,SUM,SUM 

LDW 
NOP 
ADD2 

.D 

.81 

*TEMP1PTR++[12],DATA3 
4 
DATA3,8UM,8UM 
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LDW 
NOP 
ADD2 

EXT 
SHR 
CLR 

SHR 
CLR 

OR 

SUB2 
SUB2 
SUB2 
8UB2 

MV 

STW 
STW 
STW 
STW 

ADD 

CMPEQ 

[ !Bl)	 B 
NOP 

ENDDCLOOP1: 

ZERO 

II	 MV 

DCLOOP2: 

ADD 
MVII 

LDW 
NOP 
MV 

LDW 
NOP 
ADD2 

LDW 

.D 

.51 

.Sl 

.Sl 

.Sl 

.Sl 

.51 

.Ll 

.Sl 

.S2X 

.Sl 

.S2X 

.Ll 

.Dl 

.01 

.Dl 

.01 

.Ll 

.L2 

.81 

.D2 

.Ll 

.L2 

.Ll 

.Dl 

.L1 

.D 

.81 

.D 

*TEMP1PTR,DATA4 
4 
DATA4, SUM, SUM 

SUM,16,16,TEMPA EXTRACT LS16BITS 
TEMPA,2,TEMPA 
TEMPA,16,3l,TEMPA 

SUM,2,SUM 
SUM,O,15,SUM 

SUM,TEMPA,SUM 

DATA1,SUM,DATAl 
DATA2,SUM,DATA2 
DATA3,SUM,DATA3 
DATA4,8UM,DATA4 

SUMPTR,TEMP1PTR 

DATA1,*TEMP1PTR++(12) 
DATA2,*TEMP1PTR++(12) 
DATA3,*TEMP1PTR++(12) 
DATA4,*TEMP1PTR 

4,8UMPTR,SUMPTR 

12, CHANNEL, Bl 

DCLOOPl 
5 

CHANNEL 
MEM2PTR,SUMPTR 

1, CHANNEL, CHANNEL 
SUMPTR,TEMP1PTR 

*TEMP1PTR++(12) ,DATAl 
4 
DATAl, SUM 

*TEMP1PTR++(12) ,DATA2 
4 
DATA2, SUM, SUM 

*TEMP1PTR++(12),DATA3 
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NOP 4 
ADD2 .Sl DATA3,SUM,SUM 

LDW .D *TEMP1PTR,DATA4 
NOP 4 
ADD2 .Sl DATA4,SUM,SUM 

EXT .Sl SUM,16,16,TEMPA EXTRACT LS16BITS 
SHR .Sl TEMPA,2,TEMPA 
CLR .Sl TEMPA,16,31,TEMPA 

SHR .Sl SUM,2,SUM 
CLR .Sl SUM,O,15,SUM 

OR .L1 SUM,TEMPA,SUM 

SUB2 .Sl DATA1,SUM,DATA1 
SUB2 .S2X DATA2,SUM,DATA2 
5UB2 .51 DATA3,5UM,DATA3 
SUB2 .S2X DATA4,SUM,DATA4 

MV .L1 SUMPTR,TEMP1PTR 

5TW .01 DATA1,*TEMP1PTR++[12] 
STW .01 DATA2,*TEMP1PTR++[12] 
STW .D1 DATA3,*TEMP1PTR++[12] 
STW .01 DATA4,*TEMP1PTR 

ADD .Ll 4,SUMPTR,SUMPTR 

CMPEQ .L2 12,CHANNEL,B1 

[ !B1]	 B .51 DCLOOP2
 
NOP 5
 

ENDDCLOOP2: 

************************************************************************ 

*	 * 
* START	 CALCULATING THE COMPENSATION FACTOR FOR EACH OF THE 12 CHANNELS * 

*	 * 
* WE HAVE TO DO A COMPLEX NUMBER DIVISION BETWEEN a+jb AND c+jd, * 

*	 * 
* SO WE	 HAVE TO CALCULATE THE FOLLOWING: * 

*	 * 
(ac+bd)/(cc+dd) + j (bc-ad)/(cc+dd)* * 

* * 
************************************************************************ 

ZERO .D2 CHANNEL 
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LOOP3: 

" 
MV 
MV 

II 

"II 
ZERO 
ZERO 
ZERO 
ADD 

CMPEQ 

[B1J B 

NOP 

INLOOP3: 

" " 
ADD 
LDW 
LDW 

NOP 

" 
MPY 
MPYHL 

II 
MPYH 
MPYLH 

MPY 

B 

" " 
ADD 
SUB 
MPYH 

II 
CMPGT 
CMPGT 

II 

" " 

ADD 
MV 

MV 
MVK 

[A1J AB8 

" [B1J ABS 

" SHR 

· L1 
.L2X 

.L1 

· L2 
.D2 
.82 

· L2 

.81 

.L2 

.01 

.D2 

.MiX 

.M2X 

.M1X 

.M2X 

.M2 

.81 

.L1 

.L2 

.M2 

.Li 

.L2 

.L2 

.D1 

.D2 

.82 

.L1 

.L2 

.82 

MEM1PTR,TEMP1PTR 
MEM2PTR,TEMP2PTR 

8UMRE 
SUMIM 
COUNTER 
l,CHANNEL,CHANNEL 

13, CHANNEL, B1 

ALLDONE 

5 

l,COUNTER,COUNTER 
*TEMP1PTR++[12J ,TEMPA 
*TEMP2PTR++[12J ,TEMPB 

4 

TEMPB,TEMPA,DATAAC 
TEMPA,TEMPB,DATABC 

TEMPB,TEMPA,DATABD 
TEMPA,TEMPB,DATAAD 

TEMPB,TEMPB,DATACC 

divu-

DATAAC,DATABD,DATANUMRE 
DATABC,DATAAD,DATANUMIM 
TEMPB,TEMPB,DATADD 

O,DATANUMRE,8IGNNEGRE 
O,DATANUMIM,SIGNNEGIM 

DATACC,DATADD,DATADENO 
SIGNNEGRE,A1 
SIGNNEGIM,B1 
DONEDIVRE,RETADDR 

DATANUMRE,DATANUMRE 
DATANUMIM,DATANUMIM 
DATADENO,9,DATADENO 

MV .L1 DATANUMRE,DIVARG1 
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II 
II 

MV 
MVKH 

.L2 

.S2 
DATADENO,DIVARG2 
DONEDIVRE,RETADDR 

DONEDIVRE: 

B .Sl _divu 

MV .01 SIGNNEGRE,A1 

[A1] NEG .L1 QUOTIENT, QUOTIENT 

II 
ADD 
MVK 

.L1 

.S2 
QUOTIENT,SUMRE,SUMRE 
DONEDIVIM,RETADDR 

II 
II 

MV 
MV 
MVKH 

.L1X 

.L2 

.S2 

DATANUMIM,DIVARG1 
DATADENO,DIVARG2 
DONEDIVIM,RETADDR 

NOP 

DONEDIVIM: 

MV .D2 SIGNNEGIM,B1 

[B1] NEG .L1 QUOTIENT, QUOTIENT 

II 
ADD 
CMPEQ 

.S2X 

.L2 
QUOTIENT,SUMIM,SUMIM 
4,COUNTER,B1 

[ !B1] B . S2 INLOOP3 

NOP 5 

II 
SHR 
SHR 

.Sl 

.S2 
SUMRE,2,SUMRE 
SUMIM,2,SUMIM 

CHECK TO MAKE SURE BOTH SUMRE AND SUMIM CAN BE REPRESENTED BY 16 BITS 

*** IF NOT, TURN ON LED AND STOP 
*** 

NORM .L1 SUMRE,TEMPA 

II NORM .L2 SUMIM,TEMPB 

II CLR .Sl SUMRE,16,31,SUMRE 

II SHL .S2 SUMIM,16,SUMIM 

CMPLT .L1 15,TEMPA,A1 

II CMPLT .L2 15,TEMPB,B1 

II OR .S2X SUMRE,SUMIM,TEMPB 
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AND .L1X B1,A1,A1 

II 
II 
II 

[All 
[All 
[All 
[All 

B 
ADD 
ADD 
STW 

.S2 

.L1 

.Sl 

.D2 

LOOP3 
4,MEM1PTR,MEM1PTR 
4,MEM2PTR,MEM2PTR 
TEMPB,*MEM3PTR++[ll 

NOP 5 

[ !A1l MVK .S2 3,TEMPB 

[ !A1l STW .D2 TEMPB,*LEDPTR TURN ON LED 

NOP 4 

ALLDONE: 

MVK 
MVKH 
STW 

.Sl 

.Sl 

.01 

OxOOOO0200,TEMPA 
OXOOOOO200,TEMPA 
TEMPA,*TIMER1PTR STOP TIMER 

ZERO 
ADD 
STW 
NOP 

.L1 

.L1 

.D1 

TEMPA 
1,TEMPA,TEMPA 
TEMPA,*DONEREGPTR 
4 

IDLE 

.end 

BASFULL2.ASM 
*** 
*** 
*** 
*** 
*** 

File name: 
Purpose: 

Written by: 
Last Modified: 

basful12.asm 
Control the base side of the 
(With DC offset adjustment) 
Charles Ung 
Jan. 22, 2001 

SDMA system 

.ref 

. text 
START 

*** UPLINK REGISTER 

TEMPA1 
TEMPB1 
TEMPA2 

.set 

.set 

.set 

AO 
BO 
A2 
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TEMPB2 .set 

REAL .set 
IMAG .set 

U .set 
W .set 
WOLD .set 
D .set 

U2 .set 
W2 .set 

CE1M2BPTR .set 
EMIFREG .set 

DPTR .set 
WPTR .set 
UPTR .set 
ERRORPTR .set 

WTEMPPTR .set 
UTEMPPTR .set 
DESTPTR .set 
TEMPBPTR .set 

DEST .set 
DESTRE .set 
DESTIM .set 

ERR .set 
MU .set 

CHANNEL .set 
USER .set 
LENGTH .set 

DONEREGPTR .set 

DCPTR .set 
INDEX .set 

*** DOWNLINK REGISTERS 

OFFSET .set 

TEMPA1D .set 
TEMPB1D .set 

TEMPA2D .set 

B2 

A3 
B3 

A15 
B15 
B13 
B12 

A14 
B14 

A6 
A6 

AS 
A9 
B9 
A10 

A8 
B8 
A12 
Bll 

A7 
A7 
B7 

B6 
B5 

A4 
B10 
All 

A1 

A13 
B4 

AO 

A2 
B2 

Al 
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TEMPB2D	 .set 

REALD	 .set 
lMAGD	 .set 

Sl .set 
S2 .set 
S3 .set 
S4 .set 

W1D .set 
W2D .set 
W3D .set 
W4D .set 

CF	 .set 

SUMRE .set 
SUM1M .set 
SUM .set 

SPTR .set 
CFPTR .set 

W1PTR .set 
W2PTR .set 
W3PTR .set 
W4PTR .set 

CE1B2MPTR	 .set 

TIMER1PTR .set 
CFTEMPPTR .set 

W1TEMPPTR .set 
W2TEMPPTR .set 
W3TEMPPTR .set 
W4TEMPPTR .set 

CHANNELD .set 
LENGTHD .set 

*** SET UP THE INTERRUPT 

RESET:	 B 
NOP 
NOP 
NOP 
NOP 
NOP 

B1 

A1 
B1 

A9 
A8 
A7 
A6 

B9 
B8 
B7 
B6 

B5 

A4 
B4 
A4 

B10 
AS 

A15 
A14 
AU 
A12 

Bll 

All 
A10 

B15 
B14 
B13 
B12 

A3 
B3 

SERVICE TABLE (1ST) 

.Sl START 
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NOP
 
NOP
 

NMI:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

RESV1:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

RESV2:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT4:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT5:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT6:	 NOP 
NOP 
NOP 
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Nap 
Nap 
Nap 
Nap 
Nap 

INT7:	 Nap 
Nap 
Nap 
Nap 
Nap 
Nap 
Nap 
Nap 

INT8:	 Nap 
Nap 
Nap 
Nap 
Nap 
Nap 
Nap 
Nap 

INT9:	 Nap 
Nap 
Nap 
Nap 
Nap 
Nap 
Nap 
Nap 

INT1O:	 Nap 
Nap 
Nap 
Nap 
Nap 
Nap 
Nap 
Nap 

INTll:	 Nap 
Nap 
Nap 
Nap 
Nap 
Nap 
Nap 
Nap 
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INT12: NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT13: NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT14: NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT15: B IRP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

ERROR: NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

*********************************************************************** 

*** START OF THE PROGRAM 
*********************************************************************** 
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START: 

*** CLEAR DONE 

*** 8ET UP EMIF 

*** INITIALIZE 

II 

II 

REGISTER 

MVK 

MVKH 

ZERO 

8TW 

CONTROL 

MVK 

MVKH 

MVK 

MVKH 

8TW 

POINTERS 

MVK 

MVKH 

MVK 

MVKH 

MVK 
MVKH 

MVK 
MVKH 

MVK 

MVKH 

MV
 

MV
 

MVK 

MVKH 

MVK 

MVKH 

ZERO 
ZERO 

.Sl 

.81 
Ox800001BO,DONEREGPTR 
Ox800001BO,DONEREGPTR 

FOR LABVIEW 

.L1 TEMPA1 

.Dl TEMPA1,*DONEREGPTR 

REGI8TER FOR PROPER TRAN8FER TO AND FROM XILINX 

.81 Ox01800000,EMIFREG 

.81 Ox01800000,EMIFREG 

.81 Ox24251F20,TEMPA1 

.81 Ox24251F20,TEMPAl 

.D1 TEMPA1,*+EMIFREG(4) CE1 8PACE REGI8TER 

AND VARIABLE8 

.81 OX01400000,CE1M2BPTR 

.81 OX01400000,CE1M2BPTR 

.81 OXBOOO1000,DPTR 

.81 OXBOOO1000,DPTR 

.82 OXBOOO3000,UPTR 

.82 OX80003000,UPTR 

.81 OXBOOOO1CO,WPTR 

.81 OXBOOOO1CO,WPTR 

.Sl OXBOOOEOOO,DESTPTR 

.Sl OX8000EOOO,DE8TPTR 

.Sl WPTR,WTEMPPTR 

.82 UPTR,UTEMPPTR 

.81 OXBOOOCOOO,ERRORPTR 

.Sl OXBOOOCOOO,ERRORPTR 

.S2 OXOOOOOOO1,MU 

.82 OXOOOOOOO1,MU 

.L1 CHANNEL 

.L2 U8ER 
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ZERO .L1 DESTRE 

II ZERO .L2 DESTIM 

MVK .Sl OX00000200 , LENGTH 
MVKH .81 OX00000200, LENGTH 

*** STORE PREAMBLE AND CALCULATE DC OFFSET FOR EACH BRANCH 

ZERO .L2 INDEX 

MVK .81 OX80000300,DCPTR 
MVKH .51 OX80000300,DCPTR 

LOADLOOP1: 

LDW .01 *CE1M2BPTR,TEMPA1 

ADD .L2 1,INDEX, INDEX 

CMPEQ .L2 12,INDEX,B1 

NOP 2 

5TW .01 TEMPA1,*DCPTR++[ll 

[ !B1l B .81 LOADLOOP1 

NOP 5 

ENDLOADLOOP1: 

ZERO .L2 TEMPB1 

LOAD3SYM: 

ZERO .L2 INDEX 
ADD .L2 1,TEMPB1,TEMPB1 

MVK .51 OX80000300,DCPTR 
MVKH .51 OX80000300,DCPTR 

LOADLOOP2: 

LDW .01 *CE1M2BPTR,TEMPA1 

LDW .D1 *DCPTR,TEMPA2 

ADD .L2 1,INDEX, INDEX 



136 

II 

Assembly codes and memory map 

[ ! B1) 

ENDLOADLOOP2: 

[ !B1) 

*** DIVIDE THE 

DIV4LOOP: 

[ !B1) 

CMPEQ 

NOP 

ADD2 

5TW 

B 

NOP 

CMPEQ 

B 

NOP 

MVK 

MVKH 

DC OFF5ET 

ZERO 

ADD 
LDW 

CMPEQ 

NOP
 

EXT
 
5HR
 
CLR
 

5HR 
CLR 

OR 

5TW 

B 

NOP 

.L2 

.51 

.01 

.51 

.L2 

.51 

.51 

.51 

BY 4 

.L2 

.L2 

.D1 

.L2 

.51 

.51 

.51 

.51 

.51 

.L1 

.01 

.51 

12,INDEX,B1 

2 

TEMPA1,TEMPA2,TEMPA1 

TEMPA1,*DCPTR++[1) 

LOADLOOP2 

5 

3,TEMPB1,B1 

LOAD35YM 

5 

OX80000300,DCPTR 
OX80000300,DCPTR 

INDEX 

1,INDEX, INDEX 
*DCPTR,TEMPA1 

12,INDEX,B1 

3 

TEMPA1,16,16,TEMPA2 
TEMPA2,2,TEMPA2 
TEMPA2,16,31,TEMPA2 

TEMPA1,2,TEMPA1 
TEMPA1,O, 15,TEMPA1 

TEMPA1,TEMPA2,TEMPA1 

TEMPA1,*DCPTR++[l) 

DIV4LOOP 

5 
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ENDDIV4LOOP: 

MVK .Sl OX80000300,DCPTR 
MVKH .Sl OX80000300,DCPTR 

*** STORE RAW RECEIVED DATA 

ZERO .L2 INDEX 

FIRSTLOAD: 

LDW .D1 *CE1M2BPTR,TEMPA1 

LDW .D1 *DCPTR++[l] ,TEMPA2 

ADD .L2 1, INDEX, INDEX 

CMPEQ .L2 12,INDEX,B1 

NOP 2 

SUB2 .Sl TEMPA1,TEMPA2,TEMPA1 

STW .D2 TEMPA1,*UTEMPPTR++[l] 

[ ! B1] B .Sl FIRSTLOAD 

NOP 5 

ENDFIRSTLOAD: 

ADD .L1 -1, LENGTH, LENGTH 

MVK .81 OX80000300,DCPTR 
MVKH .Sl OX80000300,DCPTR 

*********************************************************************** 
*** WITH LMS ALGORITHM, W_NEW = W_OLD + ( MU * U * ERROR_CONJUGATE * 
*** WHERE W,U,AND ERROR ARE ALL COMPLEX NUMBERS * 
*** SINCE ALL W_OLD ARE EQUAL TO ZERO AT THE BEGINNING AND ERRORS * 
*** ARE JUST THE DESIRED SIGNALS, WE SIMPLIFIED THE FIRST ROUND * 
*** OF CALCULATION TO THE FOLLOWING * 
*********************************************************************** 

*** FIRST PASS : INITIALIZE THE WEIGHTS 

LOOP1: 

ADD .L2 1,USER,USER 
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II 
II 

LDW 
MV 

INLOOP1: 

II 
ADD 

LDW 

NOP 

II 
MPY 
MPYH 

II 
MPYLH 
MPYLH 

II 
CMPEQ 
CMPEQ 

II 
II [ !A1l 

ADD 
5UB 
B 

II 
5HR 
5HR 

CLR 

II 
MV 

5HL 

OR 

5TW 

[ ! B1l B 

5TW 

ZERO 

5TW 

ZERO 

NOP 

II 
MV 

MV 

.Dl 

.52 

.L1 

.D2 

.M1X 

.M2X 

.M1X 

.M2X 

.L1 

. L2 

.L1X 

.L2X 

.51 

.51 

.52 

.51 

.L2X 

.52 

.52 

.01 

.51 

.01 

.Ll 

.01 

.L1 

.51 

.52 

*DPTR++[ll,ERR 
UPTR,UTEMPPTR 

1, CHANNEL, CHANNEL 
*UTEMPPTR++[ll,U 

4 

U,ERR,TEMPA1 
ERR,U,TEMPB1 

U,ERR,TEMPA2 
ERR,U,TEMPB2 

12,CHANNEL,A1 
4,U5ER,Bl 

TEMPA1, TEMPB1, REAL 
TEMPB2,TEMPA2,IMAG 
INLOOP1 

REAL,10,REAL 
IMAG, 10, I MAG 

REAL,16,31,REAL 

REAL,W 

IMAG,16,IMAG 

W, IMAG,W 

W,*WTEMPPTR++[ll 

LOOP1 

ERR,*ERRORPTR++[ll 

TEMPAl 

TEMPA1,*DE5TPTR++[ll 

CHANNEL 

WPTR,WTEMPPTR 
UTEMPPTR,UPTR 
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ENDLOOP1: 

*** BODY OF THE LEAST MEAN SQUARE ALGORITHM 

MAINLOOP: 

ZERO .L2 INDEX 

MAINLOAD: 

LDW .D1 *CE1M2BPTR,TEMPA1 

LDW .D1 *DCPTR++[l] ,TEMPA2 

ADD .L2 1,INDEX, INDEX 

CMPEQ .L2 12,INDEX,B1 

NOP 2 

SUB2 .Sl TEMPA1,TEMPA2,TEMPA1 

STW .D2 TEMPA1,*UTEMPPTR++[1] 

[ !B1]	 B .Sl MAINLOAD
 

NOP 5
 

ENDMAINLOAD: 

ADD .L1 -l,LENGTH,LENGTH 

MVK .Sl OXSOOOO300,DCPTR 
MVKH	 .Sl OXSOOOO300,DCPTR 

*** CALCULATE ESTIMATE OF THE DESIRED SIGNALS AND CORRESPONDING ERRORS 

ZERO .L2 USER 
MV .Sl WPTR,WTEMPPTRII 

LOOP2: 

ADD .L2 1,USER,USER 
LDW .01 *DPTR++[l] ,DII 
ZERO	 .L1 CHANNELII 

MV .S2 UPTR,UTEMPPTR 
ZERO .L1 DESTREII 
ZERO	 .L2 DESTIMII 
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INLOOP2: 

ADD 

LDW 

"	 LDW 

" 
LDW 
LDW 

NOP 

" 
MPY 
MPYH 

MPYLH 

II	 MPYLH 

NOP 

ADD 

II	 SUB 

ADD 

II	 ADD 
MPYII 

"	 MPYH 

MPYLH 
MPYLHII 

NOP 

ADD 
SUBII 

ADD 

II ADD 

CMPEQ 

[ !A1] B 

NOP 

ENDINLOOP2: 

SHR 

II	 SHR 

.L1 

.D1 

.D2 

.D1 

.D2 

.M1X 

.M2X 

.M1X 

.M2X 

.L1X 

.L2X 

.L1 

.L2 

.M1X 

.M2X 

.M1X 

.M2X 

.L1X 

.L2X 

.L1 

.L2 

.L1 

.Sl 

.Sl 

.S2 

2,CHANNEL,CHANNEL 

*WTEMPPTR++[l] ,W 
*UTEMPPTR++[l],U 

*WTEMPPTR++[l] ,W2 
*UTEMPPTR++[l] ,U2 

3 

U,W,TEMPA1 
W,U,TEMPB1 

U,W,TEMPA2 
W,U,TEMPB2 

TEMPA1,TEMPB1,REAL 
TEMPB2,TEMPA2,IMAG 

DESTRE,REAL,DESTRE 
DESTIM,IMAG,DESTIM 
U2,W2,TEMPA1 
W2,U2,TEMPB1 

U2,W2,TEMPA2 
W2,U2,TEMPB2 

TEMPA1,TEMPB1,REAL 
TEMPB2,TEMPA2,IMAG 

DESTRE,REAL,DESTRE 
DESTIM,IMAG,DESTIM 

12,CHANNEL,A1 

INLOOP2 

5 

DESTRE,12,DESTRE ;TRY DIFFERENT VALUE 
DESTIM, 12,DESTIM 
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II 

II 

II 

[ !B1] 

ENDLOOP2: 

*** UPDATE ALL 

II 
II 

LOOP3: 

II 
II 

" 
INLOOP3: 

II 

II 

II 

II 

CLR 
SHL 

OR 

SUB2 
STW 

STW 
CMPEQ 

B 

NOP 

4 SETS 

ZERO 
MV 

SUB 

MV 

ADD 
ZERO 
LDW 

ADD 
LDW 

NOP 

LDW 

MPY 
MPYH 

MPYLH 
MPYLH 

NOP 

ADD 
SUB 

.Sl DESTRE,16,31,DESTRE 

.S2 DESTIM,16,DESTIM 

.L1 DESTRE,DESTIM,DEST 

.S2X D,DEST,ERR 

.D1 DEST,*DESTPTR++[l] 

.01 ERR,*ERRORPTR++[l] 

.L2 4,USER,B1 

.Sl LOOP2 

5 

OF WEIGHTS 

USER 
WPTR,WTEMPPTR 
ERRORPTR,16,ERRORPTR 

UPTR,UTEMPPTR 
1, USER, USER 
CHANNEL 
*ERRORPTR+ + (1] ,ERR 

1,CHANNEL,CHANNEL 
*UTEMPPTR++[l],U 

3 

*WTEMPPTR,WOLD 

U,ERR,TEMPA1 
ERR,U,TEMPB1 

U,ERR,TEMPA2 
ERR,U,TEMPB2 

TEMPA1,TEMPB1,REAL 
TEMPB2,TEMPA2,IMAG 

.L2 

.L1 

.D1 

.S2 

.L2 

.Ll 

.D1 

.L1 

.D2 

.01 

.M1X 

.M2X 

.M1X 

.M2X 

.L1X 

.L2X 
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5HR .51 REAL,10,REAL 
5HR .52 I MAG , 10, I MAGII 

CLR .51 REAL,16,31,REAL 

II 5HL .52 I MAG , 16,IMAG 

MV .L2X REAL,W 

OR .52 W, IMAG,W 

ADD2 .52 WOLD,W,W 

5TW .D1 W, *WTEMPPTR++ [1] 

CMPEQ .L1 12,CHANNEL,A1 

[ !A1] B .51 INLOOP3 

NOP 5 

ENDINLOOP3: 

CMPEQ .L2 4,U5ER,B1 

[ !B1] B .52 LOOP3 

NOP 5 

ENDLOOP3: 

II 
MV 
MV 

.51 

.52 
WPTR,WTEMPPTR 
UTEMPPTR,UPTR 

CMPEQ .L1 0,LENGTH,A1 

[ !A1] B .51 MAINLOOP 

NOP 5 

*********************************************************************** 

*** END OF UPLINK AND START OF DOWNLINK 
*********************************************************************** 

*** ENABLE INTERRUPTS 

MVC .52 CSR,BO ENABLE INTERRUPTS 
OR .L2 1,BO,BO 
MVC .52 BO,C5R 



Assembly codes and memory map 143 

MVK .S2 8002h,B1 ENABLE NMIE & INT15 
MVC .S2 IER,BO 
OR .L2 B1,BO,BO 
MVC . S2 BO,IER 

*** INITIALIZE POINTERS AND VARIABLES 

MVK . S2 Ox01440000,CE1B2MPTR 
MVKH .S2 Ox01440000,CE1B2MPTR 

MVK .S2 OxOOOO0200,LENGTHD 
MVKH .S2 OxOOOO0200,LENGTHD 

MVK .Sl Ox08000800 , OFFSET 
MVKH .Sl Ox08000800 , OFFSET 

MVK .S2 Ox80009000,SPTR 
MVKH .S2 Ox80009000,SPTR 

MVK .Sl Ox800001CO,W1PTR 
MVKH .Sl Ox800001CO,W1PTR 
MV .S2X W1PTR,W1TEMPPTR 

MVK .Sl Ox800001FO,W2PTR 
MVKH .Sl Ox800001FO,W2PTR 
MV .S2X W2PTR,W2TEMPPTR 

MVK .Sl Ox80000220,W3PTR 
MVKH .Sl Ox80000220,W3PTR 
MV .S2X W3PTR,W3TEMPPTR 

MVK .Sl Ox80000250,W4PTR 
MVKH .Sl Ox80000250,W4PTR 
MV .S2X W4PTR,W4TEMPPTR 

MVK .Sl Ox80000180,CFPTR 
MVKH .Sl Ox80000180,CFPTR 
MV .Sl CFPTR,CFTEMPPTR 

ZERO .L1 SUMRE 
ZERO .L2 SUMIM 

*** SET UP AND START TIMER_1 

MVK .Sl Ox01980000,TIMER1PTR 
MVKH .Sl Ox01980000,TIMER1PTR 

MVK .Sl OxOOOO0640,TEMPA1D SET TIMER PERIOD 
MVKH .Sl OxOOOO0640,TEMPA1D TO 40us 

II 
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STW .01 TEMPA1D,*+TIMER1PTR(4) 

MVK .Sl OxOOOOO2CO,TEMPA1D 
MVKH .Sl OXOOOOO2CO,TEMPAID 
STW .D1 TEMPA1D,*TIMER1PTR START TIMER 

MAINLOOPD: 

IDLE NOP TILL INTERRUPT 

ADD .L2 -l,LENGTHD,LENGTHD 

ZERO .Ll CHANNELD RESET CHANNEL 

LDW .D2 *SPTR++[l],Sl 

LDW .D2 *SPTR++[l],S2 

LDW .D2 *SPTR++[l] ,S3 

LDW .D2 *SPTR++[l] ,S4 

NOP 4 

*** ADD2 .Sl OFFSET,Sl,TEMPAID 

INLOOPD: 

ADD .L1 1,CHANNELD,CHANNELD 

ZERO .LI SUMRE 

II ZERO .L2 SUMIM 

LDW .D2 *WITEMPPTR++[I] ,WID 

LDW .D2 *W2TEMPPTR++[l],W2D 

LDW .D2 *W3TEMPPTR++[l],W3D 

LDW .D2 *W4TEMPPTR++[l],W4D 

LDW .Dl *CFTEMPPTR++[l],CF 

MPY .MIX Sl,WID,TEMPAID CALCULATE Sl(Wl*) 

II MPYH .M2X WID,Sl,TEMPBID 

MPYLH .MIX Sl,WID,TEMPA2D 
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/I 

II 

II 
** II 
* * II 

** 

** II 

** 

** 
** II 

** 

** II 
** II 
** /I 

** 

** II 

** 

** 
** II 

** 
** II 
** II 
* * /I 

** 

** II 

** 

** 
** /I 

** 
** /I 

/I 

MPYLH 

Nap 

ADD 
SUB 

ADD 
ADD 

MPY 
MPYH 

MPYLH 
MPYLH 

Nap 

ADD 
SUB 

ADD 
ADD 
MPY 
MPYH 

MPYLH 
MPYLH 

Nap 

ADD 
SUB 

ADD 
ADD 
MPY 
MPYH 

MPYLH 
MPYLH 

Nap 

ADD 
SUB 

ADD 
ADD 

SHR 
SHR 

.M2X 

.L1X 

.L2X 

.Ll 

.L2 
.M1X 
.M2X 

.M1X 

.M2X 

.L1X 

.L2X 

.L1 

.L2 

.M1X 

.M2X 

.M1X 

.M2X 

.L1X 

.L2X 

.Ll 

.L2 

.M1X 

.M2X 

.M1X 

.M2X 

.L1X 

.L2X 

.L1 

.L2 

.Sl 

.S2 

W1D,Sl,TEMPB2D 

TEMPA1D,TEMPB1D,REALD 
TEMPB2D,TEMPA2D,IMAGD 

SUMRE,REALD,SUMRE 
SUMIM,IMAGD,SUMIM 

S2,W2D,TEMPA1D CALCULATE S2(W2*) 
W2D,S2,TEMPB1D 

S2,W2D,TEMPA2D
 
W2D,S2,TEMPB2D
 

TEMPA1D,TEMPB1D,REALD
 
TEMPB2D,TEMPA2D,IMAGD
 

SUMRE,REALD,SUMRE 
SUMIM,IMAGD,SUMIM 
S3,W3D,TEMPA1D CALCULATE S3W3 
W3D,S3,TEMPB1D 

S3,W3D,TEMPA2D
 
W3D,S3,TEMPB2D
 

TEMPA1D,TEMPB1D,REALD
 
TEMPB2D,TEMPA2D,IMAGD
 

SUMRE,REALD,SUMRE 
SUMIM,IMAGD,SUMIM 
S4,W4D,TEMPA1D CALCULATE S4W4 
W4D,S4,TEMPB1D 

S4,W4D,TEMPA2D
 
W4D,S4,TEMPB2D
 

TEMPA1D,TEMPB1D,REALD
 
TEMPB2D,TEMPA2D,IMAGD
 

SUMRE,REALD,SUMRE
 
SUMIM,IMAGD,SUMIM
 

SUMRE, 13 , SUMRE ; TRY DIFFERENT VALUES 
SUMIM,13,SUMIM 
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*** ADD COMPENSATION 

MVK 

MVKH 

.S2 

.S2 
Ox800001B4,BO 
Ox800001B4,BO 

LDW .D2 *BO,BO 

NOP 4 

II 
[BO) 
[BO) 

MPY 
MPYHL 

.M1X 

.M2 
CF,SUMRE,TEMPA1D 
CF,SUMIM,TEMPBID 

II 
[BO) 
[BO) 

MPYHL 
MPY 

.MIX 

.M2 
CF,SUMRE,TEMPA2D 
CF,SUMIM,TEMPB2D 

NOP 

II 
[BO) 
[BO) 

SUB 
ADD 

.LIX 

.L2X 
TEMPAID,TEMPB1D,SUMRE 
TEMPA2D,TEMPB2D,SUMIM 

II 
[BO) 
[BO) 

SHR 
SHR 

.Sl 

.S2 
SUMRE, 11 , SUMRE 
SUMIM, 11, SUMIM 

; TRY DIFFERENT VALUES 

*** MERGE TO ONE 32 BIT REGISTER AND ADD OFFSET FOR D/A 

II 
CLR 
SHL 

.Sl 

.S2 
SUMRE,16,31,SUMRE 
SUMIM, 16, SUMIM 

OR .LIX SUMRE, SUMIM, SUM 

ADD2 .Sl OFFSET, SUM, SUM 

STW .D2 SUM,*CEIB2MPTR SEND DATA TO XILINX 

*** 

CMPEQ .Ll 12,CHANNELD,Al 

[ !Al) B .Sl INLOOPD 

NOP 5 

*** CHECK FOR END OF SEQUENCE 

CMPEQ .L2 0, LENGTHD,BO 

[ !BO) B .Sl MAINLOOPD 

MV .L2X WIPTR,WITEMPPTR 
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MV .L2X W2PTR,W2TEMPPTR 

MV .L2X W3PTR,W3TEMPPTR 

MV .L2X W4PTR,W4TEMPPTR 

MV .L1 CFPTR,CFTEMPPTR 

*** END OF PROGRAM 

MVK 
MVKH 
STW 

.Sl 

.Sl 

.01 

OxOOOO0200,TEMPA1D 
OXOOOO0200,TEMPA1D 
TEMPA1D,*TIMER1PTR STOP TIMER 

MVK 
MVKH 

.Sl 

.Sl 
Ox800001BO,DONEREGPTR 
Ox800001BO,DONEREGPTR 

ZERO 
ADD 
STW 
NOP 
IDLE 

.Ll 

.Ll 

.Dl 

TEMPA1D 
1, TEMPA1D,TEMPA1D 
TEMPA1D,*DONEREGPTR 
4 

NOTIFY LABVIEW 

.end 

MOBFULL2.ASM 
*** 
*** 
*** 
*** 
*** 

File name: 
Purpose: 

Written by: 
Last modified: 

mobful12.asm 
Written to control the mobile 
(With DC offset adjustment) 
Charles Ung 
Jan. 5, 2001 

side of the SDMA system 

.ref 

. text 
START 

*** UPLINK REGISTERS 

TEMPA 
TEMPB 

.set 

.set 
AO 
BO 

COUNTER 
LENGTH 

.set 

.set 
A8 
A7 

TIMER1PTR 
LEDPTR 
MEMPTR 

.set 

.set 

.set 

A15 
A14 
AU 
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TEMPAPTR .set A12 
CEIM2BPTR .set All 
EMIFREG .set A1D 

DONEREGPTR	 .set A9 

DOWNLINK REGISTERS*** 

U	 .set A6 

UPTR .set AS 
CE1B2MPTR .set A4 

*** SET UP THE INTERRUPT SERVICE TABLE (IST) 

RESET:	 B .Sl START 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

NMI:	 NOP 
NOP 
NOP 

NOP 
NOP 
NOP 
NOP 
NOP 

RESV1 :	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

RESV2:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
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NOP 

INT4:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT5:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT6:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT7:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT8:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT9:	 NOP 
NOP 
NOP 
NOP 
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NOP
 
NOP
 
NOP
 
NOP
 

INT1O:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INTll:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT12:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP
 
NOP
 

INT13:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT14:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

INT15:	 B IRP 
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NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

ERROR:	 NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 
NOP 

*********************************************************************** 
*** START OF THE PROGRAM 
*********************************************************************** 

START: 

*** ENABLE INTERRUPT8 

MVC .S2 CSR,BO ENABLE INTERRUPTS 
OR .L2 1,BO,BO 

MVC .S2 BO,CSR 

MVK .82 8002h,B1 ENABLE NMIE & INT15 
MVC .S2 IER,BO 
OR .L2 B1,BO,BO 
MVC .S2 BO,IER 

*** INITIALIZE POINTERS AND VARIABLES 

MVK .Sl Ox01800000,EMIFREG 
MVKH .Sl Ox01800000,EMIFREG 

MVK .Sl Ox01780000,LEDPTR 
MVKH .81 Ox01780000,LEDPTR 

MVK .81 Ox80001000,MEMPTR 
MVKH .Sl Ox80001000,MEMPTR 

MVK .Sl Ox01440000,CE1M2BPTR 
MVKH .81 Ox01440000,CE1M2BPTR 

MVK .Sl	 Ox800001BO,DONEREGPTR 
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MVKH .81 Ox800001BO, DONEREGPTR 

MVK .Sl Ox00000200, LENGTH SET LENGTH TO 512 
MVKH .Sl Ox00000200, LENGTH 

ZERO .L1 COUNTER RESET COUNTER 

*** RESET DONE REGISTER 

ZERO .L1 TEMPA 

STW .D1 TEMPA,*DONEREGPTR 

*** SET UP EMIF CONTROL REGISTER FOR PROPER TRANSFER TO AND FROM XILINX 

MVK .Sl Ox24251F20,TEMPA 
MVKH .Sl Ox24251F20,TEMPA 

STW .D1 TEMPA,*+EMIFREG(4) CE1 SPACE REGISTER 

*** SET UP AND START TIMER_1 

MVK .Sl Ox01980000,TIMER1PTR 
MVKH .Sl Ox01980000,TIMER1PTR 

MVK .Sl OxOOOOOFAO,TEMPA SET TIMER PERIOD 
MVKH .Sl OxOOOOOFAO,TEMPA ; TO 100us 
STW .D1 TEMPA,*+TIMER1PTR(4) 

MVK .Sl OxOOOOO2CO,TEMPA 
MVKH .Sl OXOOOOO2CO,TEMPA 
STW .01 TEMPA,*TIMER1PTR START TIMER 

*** PREAMBLE FOR DC OFFSET CALCULATION 

IDLE 

MVK .Sl OxOOOOOOOO,TEMPA 
MVKH .Sl OxOOOOOOOO,TEMPA 

STW .01 TEMPA,*CE1M2BPTR 
NOP 5 
STW .01 TEMPA,*CE1M2BPTR 
NOP 5 
STW .01 TEMPA,*CE1M2BPTR 
NOP 5 
STW .Dl TEMPA,*CE1M2BPTR 
NOP 5 

IDLE 
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MVK .51 OxOOOOOFFF,TEMPA 
MVKH .51 OxOOOOOFFF,TEMPA 

5TW .01 TEMPA,*CE1M2BPTR 
NOP 5 
5TW .D1 TEMPA,*CE1M2BPTR 
NOP 5 
5TW .D1 TEMPA,*CE1M2BPTR 
NOP 5 
5TW .D1 TEMPA,*CE1M2BPTR 
NOP 5 

IDLE 

MVK .51 OxOFFFOFFF,TEMPA 
MVKH .51 OxOFFFOFFF,TEMPA 

5TW .01 TEMPA,*CE1M2BPTR 
NOP 5 
5TW .01 TEMPA,*CE1M2BPTR 
NOP 5 
STW .01 TEMPA,*CE1M2BPTR 
NOP 5 
5TW .01 TEMPA,*CE1M2BPTR 
NOP 5 

IDLE 

MVK .Sl OxOFFFOOOO,TEMPA 
MVKH .51 OxOFFFOOOO,TEMPA 

STW .01 TEMPA,*CE1M2BPTR 
NOP 5 
STW .D1 TEMPA,*CE1M2BPTR 
NOP 5 
STW .01 TEMPA,*CE1M2BPTR 
NOP 5 
5TW .D1 TEMPA,*CE1M2BPTR 
NOP 5 

LOOP1: 

IDLE NOP TILL INTERRUPT 

ADD .L1 1, COUNTER, COUNTER 

LDW .01 *MEMPTR++[l],TEMPA 
NOP 4 
STW .D1 TEMPA,*CE1M2BPTR 
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LDW .D1 *MEMPTR++[l),TEMPA 
NOP 4 
STW .D1 TEMPA,*CE1M2BPTR 

LDW .D1 *MEMPTR++[l),TEMPA 
NOP 4 

STW .01 TEMPA,*CE1M2BPTR 

LDW .01 *MEMPTR++[l) ,TEMPA 
NOP 4 
STW .D1 TEMPA,*CE1M2BPTR 

CMPEQ .L1 LENGTH,COUNTER,A1 

[ !A1) B .Sl LOOP1 
NOP 5 

*** END OF UPLINK 

MVK .Sl Ox00000200,TEMPA 
MVKH .Sl OX00000200,TEMPA 
STW .D1 TEMPA,*TIMER1PTR STOP TIMER 

*********************************************************************** 

*** START OF DOWNLINK 
*********************************************************************** 

*** INITIALIZE POINTERS AND VARIABLES 

MVK .Sl OX01400000,CE1B2MPTR 
MVKH .Sl OX01400000,CE1B2MPTR 

MVK .Sl OX8000EOOO,UPTR 
MVKH .Sl OX8000EOOO,UPTR 

MVK .Sl OX00000200, LENGTH 
MVKH .Sl OX00000200, LENGTH 

*** STORE RAW RECEIVED DATA 

LOOP2: 

LDW .01 *CE1B2MPTR,U 
NOP 4 
STW .D1 U,*UPTR++[l) 

LDW .D1 *CE1B2MPTR,U 
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NOP 
STW .01 

LDW .D1 
NOP 
STW .01 

LDW .01 
NOP 
STW .D1 

ADD .L1 

CMPEQ .L1 

[ !A1] B .Sl 

NOP 

*** END OF PROGRAM 

IDLE 

. end 

4 
U,*UPTR++[l] 

*CE1B2MPTR,U 
4 
U,*UPTR++[l] 

*CE1B2MPTR,U 
4 
U, *UPTR++ [1] 

-l,LENGTH,LENGTH 

O,LENGTH,A1 

LOOP2 

5 
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Memory Map 

10M MEMORY MAP 

80000000 4 X 12 CAL TO BASE DATA 

800000CO 4 X 12 BASE TO CAL DATA 

80000180 12 CORRECTION FACTORS 

80000160 OONE REGISTER 

80000164 CFREGISTER 

800001CO 4 X 12 WEIGHTS 

80000300 12 DC OFFSET FOR CF 

80001000 4 X 512 TRAINING SEQUENCE 

80003000 12 X 512 RECEIVED SEQUENCE 

80009000 4 X 512 DOWNLINK RAW DATA 

8000COOO 4 X 512 ERRORS SEQUENCE 

8000EOOO '" 4 X 512 DATA AFTER PROCESSING 
i... 

Apply to base's 10M only 

Apply to both base's and mobile's 10M 

Figure C.1: Memory map of the two software radios 
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80000000 CH1 DATAl 800000CO CH1 DATA1 80001000 MOB_A DATAl 80003000 CH_l DATAl 

CH2 DATAl CH2 DATAl MOB_B DATAl CH_2 DATAl 
MOB_C DATAl 
MOB_D DATAl 
MOB_A DATA2 CH_11 DATAl 

CHl DATA2 CH1 DATA2 MOB_B DATA2 CH_12 DATAl 

CH2 DATA2 CH2 DATA2 MOB_C DATA2 CH_l DATA2 
MOB_D DATA2 CH_2 DATA2 

CHl DATA3 CHl DATA3 

CH2 DATA3 CH2 DATA3 
CH_l1 DATA511 

CH_12 DATA511 
CH_l DATA512 

CHl DATA4 CHl DATA4 CH_2 DATA512 

CH2 DATA4 CH2 DATA4 MOB_A DATA512 
MOB_B DATA5l2 
MOB_C DATA512 CH_l1 DATA512 

800000BC 80000nC 80002FFC MOB D DATA512 80008FFC CH 12 DATA512 

80009000 MOB_A DATAl 8000COOO MOB_A ERRl 8000EOOO MOB_A DATAl 

MOB_B DATAl MOB_BERRl MOB_B DATAl 

MOB_C DATAl MOB_CERR1 MOB_C DATAl 

MOB_D DATAl MOB_DERRl MOB_D DATAl 

MOB_A DATA2 MOB_A ERR2 MOB_A DATA2 

MOB_B DATA2 MOB_BERR2 MOB_B DATA2 

MOB_C DATA2 MOB_CERR2 MOB_C DATA2 

MOB_D DATA2 MOB_DERR2 MOB_D DATA2 

MOB_A DATA512 MOB_A ERR512 MOB_A DATA512 
MOB_B DATA5l2 MOB_B ERR512 MOB_B DATA512 

MOB_C DATA512 MOB_C ERR512 MOB_C DATA512 

8000AFFC MOB D DATA512 8000DFFC MOB D ERR5l2 8000FFFC MOB D DATA512 

Figure C.2: Data allocation in each memory slot 
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