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ABSTRACT

This thesis has studied the architecture of the Direct-Sequence Spread-Slotted
ALOHA (DS-SSA) system with modified node components and protocol in order to
construct a load control structure in which the service rates of each node can be
dynamically adapted without using feedback information. This architecture is intended to
support various types of newly wireless applications. These include the application that is
operated over low earth orbit and geo-stationary satellite system. In contrast to the
traditional DS-SSA system which is widely represented with single queue, prior emphasis
of the approach is laid on the usage of an additional queue which is applied to manage the
collided packet traffic while its queue size is also used as a load control parameter. Semi-
Markov process is applied to describe the protocol and statistic behavior of the system in
steady state. Trade-offs between two major performance parameters, i.e. delay and
throughput, are presented and compared with those of the traditional system in several
different environments. The results obtained from the simulation and numerical analysis
using queuing concept are compared. With these results, an advantage performance for
group packets is shown, and we finally extend the concept based on the obtained results
to describe a simple algorithm using one way control message as the tool to alleviate the

stability problem.
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Chapter 1

Introduction

1.1 Introduction

The advances in recent technology have resulted in the emergence of new
application, especially real-time services, which require more system performance and
complexity. Direct-Sequence Spread-Slotted ALOHA (DS-SSA) system is a type of
multiple-access system which is expected to provide diverse services with more
capacity. However, there are some issues needed to be resolved based on the

requirement of upcoming application and services. Those are :

= Long round-trip propagation which is the major factor that causes the difficulty
in supporting any specific protocols in which their messages are packetized before
being presented to the satellite protocol layer.

= Back-off policy which is required to stabilize load capacity and also to keep the

packets in the correct sequence when arriving at the receiver..

» Many system architectures which are based on the use of central HUB to
provide distributed control messages for tuning the remote terminals’ parameters.

» With DS-SSA features, the system can be rapidly changed from stable state to
unstable state.

To reduce the effect of these issues, ground terminal and channel protocol needed
to be developed to cope with above difficulties.

This thesis studies an approach of implementing DS-SSA system with modified
node components in order to reduce the packet waiting time spent in each node and to
construct a load control structure in which the service rates of each node can be
dynamically adapted without using feedback information. To achieve this, two major
components have to be dealt with:

1. Channel characteristic when operated under interference or fading environment.

’



2. Suitable architecture which has to be designed according to performance and
behavior of the certain application

The relation between above factors is needed to be evaluated as the major

parameters for the system design.

1.1.1 Channel characteristic when operated in the impaired environment.

In multiple access architectures such as slotted or unslotted ALOHA and Spread-
Spectrum random access, several classes of packet streams containing various traffic
characteristics share channel resources and statistically perform traffic loads to system.
This load results in unstable behavior in which low throughput and high delay may be
experienced. Such undesirable condition also occurs in the Spread-Slotted ALOHA
(SSA) system in which hybrid schemes of slotted ALOHA and Spread-Spectrum
multiple access are exploited. By deriving the distribution of interference variance over
all possible phase and delay, the root mean square values of noise plus interference can
be obtained. This thesis studies the channel béhavior when the system suffers in
performance due to excessive multiple-access interference and impaired channel
characteristics caused by long-term and short-term fading. The former fading effect is
possibly reduced by adding margin into Line-of-Sight component or using diversity
schemes, but the latter is more difficult since any restricted area in close vicinity may
need vastly different margin. If improper adding power is used, the signal from that
terminal will becomes significant interference to other users, especially, in the Spread-
Slotted ALOHA system where all users operate in time-coordinate burst mode.
Although hardware counteraction has been exploited, particular protocol having ability
to adjust traffic loads in order to sustain system stability is necessary. The method of
identifying point of state transition is considered by mean of the terminal queue which
contains the number of packets more than that was bounded. When an alarm condition
is detected, system can decide the process to protect or moderate the effect of

degradation.

1.1.2 Performance behavior of the certain application

Spread-Spectrum multiple access techniques are increasingly being used or

considered for commercial applications requiring high bandwidth efficiency. In
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particular, CDMA systems are being developed as potential candidates for using in
digital cellular mobile and other applications [1]-[3]. The mobile and personal satellite
communications environment is significantly different from cellular system in several

aspects such as code sharing population, path delay, near-far problems, etc.

In certain application which is operated over wireless or satellite environments,
traffic flow from an upper protocol layer into media-access layer is composed of
variable-sized messages that need to be segmented into smaller packets. The length of
-the packet is usually assumed to be equal to the size of the channel time slot and

sequentially sent out to the receiver.

‘When these packet segments are sent across the large propagation network such as
satellite system, the delay incurred by satellite propagation, multiple access and delay
time spent in the terminal queues may cause upper protocol layer (application layer) to
assume them as lost packet events, despite correctly receiving them, and possibly
retransmitted them needlessly. These disadvantages will significantly limit the
performance and channel capacity. Main factor that also makes the system susceptible
to the delay figures is the backlogged condition which is considered necessary for
stabilizing channel reliability and also for keeping the packets in the correct sequence
when arriving at the receiver. Though the corresponding results achieve the required
performance when considering individual packet, the scheme has a potential problem of
increasing the waiting time within the internal queue, resulting in throughput constraint
and high message delay when input traffic is the messages carrying one or more
packet(s). To mitigate this disadvantage, the concept of freely transmitting the packets
in order to reduce time spent in the terminal’s queues is applied.

When a terminal has the new packet(s) in its first buffer, it immediately sends those
packets to the next time slot. The receiver responds to all transmitted packets via the
outbound channel. In the proposed architecture, when a new packet is generated, the
terminal does not join the backlogged state. Instead, the terminal can send the new
packets up to the limited window size, and the terminal whose packet was collided can

also send new packets at the original rate, and simultaneously manage retransmission.



1.2 Objective of the Study

1. Study the behavior of the Spread-Slotted CDMA channel under the impaired
environment. Numerical analysis and simulation program are used as the tools to create
the channel model.

2. Study the system characteristic when certain applications are operated. By using

the simple state flow diagram to represent channel characteristic and behavior at

equilibrium point, the channel model can be created.

3. Modify the protocol to build the model whose architecture is possible to be

implemented and operated according to the certain applications.

1.3 Organization of the Thesis

Chapter 1

Chapter 2

Chapter 3

Chapter 4

Chapter 5

Introduction

Introduce the theory and concept of slotted ALOHA and Spread-
Spectrum multiple access. Since the channel expressions obtained in this
study are based on the characteristics of Direct-sequence Spread-Slotted-
ALOHA in which hybrid schemes of both multiple access types are
exploited.

Explain the characteristic of DS-CDMA channel when operated on
impaired environment. Simulation model is developed to verify the
correctness of proposed numerical model. Both simulation and numerical

models are required in Chapter 4

Using the queuing concept and Semi-Markov model to develop a Slotted
DS-CDMA system with the control structure. The new protocol concepts
also provide to complete the system architecture. OPNET simulation
program is used as the tool to verify the characteristic of the proposed

approach.

Conclusion



Chapter 2

Theory of Multiple-Access

2.1 Introduction

Channel expressions obtained in this study are based on the characteristics of
Direct-sequence Spread-Slotted-ALOHA in which hybrid schemes of slotted ALOHA
and Spread-Spectrum multiple access are exploited.

2.2 Introduction to Slotted ALOHA

This section introduces a general model of multiple access satellite channel which
has basic structure of slotted ALOHA. It is a very well-known system and has been
implemented and used for more than two decades in both terrestrial and satellite
network. The model of Slotted ALOHA channel can be concluded as 1) stations
randomly generate the data, 2) the data are formatted into fixed-size packets. It is
normally referred to “slof”, 3) station immediately send out the packet if its internal
queue is not empty, 4) Collision occurs whenever there are more than one stations
transmit their packets in the same slot. Following subsections will briefly explain more

aspects of this multiple access scheme.

2.2.1 Performance Analysis.

A familiar generalization of the described model for slotted ALOHA channel with
multiple access scheme, had been summarized in [4]. The simple parameters that are

used to characterize performance of the scheme can be defined with,
- maximum throughout at equilibrium point,

- average delay measured from the time that a packet is first transmitted from
sender station until it was successfully received by receiver station, including time that

spent for retransmission(s) and waiting in the buffers in case of collided packets,

- channel capacity and input load,



- optimumi and stability point of system performance.

2.2.2 Throughput Model

Behavior of satellite channel (or state) depends upon a number of factors such as
the number of thinking, idle and blocked stations, retransmission algorithm, the
methodology of the particular algorithm intended to gain more efficiency of network
parameters for different types of application, input rate of terminal, etc. However, our
principle concern in this study is the number of blocked station (terminals in
retransmission mode). This number can be used to describe the transition state of slotted
ALOHA channel [5][6]. To reduce the complexity of computation, system behavior will
be evaluated at the equilibrium point. Thus the first simple formula for slotted ALOHA
based channel can be defined as:

Qa(1-P,)=0Q.P, . 2.1)

where 0, and @, denote the number of packets arrived at the system and packets
successfully transmitted in a period of time. P, is the probability that a newly generated
packet and retransmitted packet will be successfully transmitted. In the next section,

“Q,.” will be used as a key parameter to contain the channel event occurred in each

condition for those different types of satellite channel as previously mentioned.

2.2.3 Delay Model

In the case that the positive acknowledgement is not required, the expected average
time when a packet is generated until it is successfully received can be simply expressed
as the sum of average delay time occurred in each possible condition(assumed
independent to each others) weighted by probability of the occurrence of event in that
condition [7]. With this definition, the total delay time can be written as :

Tlol = pl(Tsl + Trl)+ pZ(T:Z +Tr2)+"' + pn(T.m + Tm) (2'2)
where p, is the probability of n-th conditioned even.

In writing this delay formula, it can take advantage from the fact that, in slotted

ALOHA multiple access system, there are only two possible delay encountered by a



terminal after it had transmitted a packet. One is the delay time occurred in case of
successfully transmission, T, and the other is delay time caused by collision, 7,,,. Note
that, the first part of the delay encountered by a message when it arrives at a station is
the delay in queue before it is conformably divided into smaller packets. The evaluation
of this delay is complicated by the factor of time spent in the queue which de\pends on
the number of messages sending to the channel from other stations. Even the stations in
the system have been defined to be independent among them. This corresponds to the
behavior of the whole system and is important for the design of the integrated network.
Thus, it will be left to be concerning topic and not include here.

2.3 Introduction to Code Division Multi'ple Access (CDMA)

In Code Division Multiple Access (CDMA) systems all users transmit in the same
bandwidth simultaneously. This concept is known as “Spread Spectrum technique™.
Spread Spectrum is a communication technique that has been widely accepted in mobile
and wireless communications. They have very beneficial features, like antijam, security,
and multiple access. The emphasis of this thesis will be on the Direct Sequence Spread
Spectrum(DS-SS) scheme. In this transmission scheme, the frequency spectrum of a
data-signal is spread using different codes. As a result the bandwidth occupancy is
much higher then required. The codes used for spreading are designed or selected to
have low cross-correlation values and are unique to every user. This is the reason that a
receiver which has knowledge about the code of the intended transmitter i$ capable of
selecting the desired signal. Spread-spectrum communications can be defined by two
functions:

- The signal occupies a bandwidth much greater than that which is necessary to
send the information. This results in many benefits, such as immunity to interference

and jamming and multi-user access.

- The bandwidth is spread by means of a code which is independent of the data.
The independence of the code distinguishes this from standard modulation schemes in

which the data modulation will always spread the spectrum.

In order to recover the data, the code used is pseudo-random. It appears random,
but is actually deterministic, so that the receiver can reconstruct the code for

synchronous detection. This pseudo-random code is also called pseudo-noise (PN). The



receiver knows how to generate the same code, and correlates the received signal with
that code to extract the data. The main parameter in spread spectrum systems is the
processing gain: the ratio of transmission and information bandwidth which is
basically called spreading factor. The processing gain determines the number of users
that can be allowed in a system, the amount of multi-path effect reduction, the difficulty
to jam or detect a signal etc. For spread spectrum systems it is advantageous to have a
processing gain as high as possible. There exist different techniques to spread a signal:
Direct-Sequence (DS), Frequency-Hopping (FH), Time-Hopping (TH) and Multi-
Carrier CDMA

2.3.1 Direct-Sequence Code Division Multiple Access(DS-CDMA)

Direct Sequence is the well-known Spread Spectrum Technique. The data sigpal is
multiplied by a Pseudo Random Noise Code before modulation. In general DS-CDMA
system, each station has its own code (sequence) and all active stations transmit their
carriers on the same allocated bandwidth but overlap in time. Signal and data separation
is achieved at the receiving station by correlation with the matching code. The other
carriers from other stations certainly become interference to this station.

In the mobile system, the bas;e station generates a unique code that changes for
every connection. The base station adds together all the coded transmissions for every
subscriber. The subscriber unit correctly generates its own matching code and uses it to
extract the appropriate signals. Note that each subscriber uses several independent

channels.
2.3.2 Generating Pseudo-Random Codes

2.3.2.1 Pseudo-Noise Sequence [8],[9],[10]

A PN code is a binary sequence of chips valued -1 and 1 (polar) or 0 and 1 (non-
polar) and has noise-like randomness properties. This results in low cross-correlation
values among the codes and the difficulty to jam or detect a data message. Several
families of binary PN codes exist. A usual way to create a PN code is by means of at
least one shift-register. In order for all this to occur, the pseudo-random code must have

the following properties:



1. The destination must be able to independently generate the code that matches the

source code.

2. It must appear random to a listener without prior knowledge of the code (i.e. it

has the statistical properties of sampled white noise).
3. The cross-correlation between any two codes must be small.
- 4. The code must have a long period before repeating itself).

The definition of randomness was studied by Golomb and requires the three
properties as described in [1]

R.1: Balance property: Relative frequéncies of “0” and “1” are each 0.5.

R.2: Run-length property : Run lengths (of zeros or ones) are as expected in a coin-
flipping experiment; half of all run lengths are unity; one-quarter of length two; one-
eighth are of length three; a fraction 1/(2)" of all runs are of length » for all finite n.

R.3: Shift-and-add property : If the random sequence is shifted by any nonzero
number of element, the resulting sequence will have an equal number of agreements and

disagreements with the original sequence.

The correlation properties of PN codes play a major part in the code design for
CDMA systems, since they determine not only the level of multiple access interference,
i. ¢. the interference arising from other users of the channel and self-interference due to
multipath propagation, but also the code acquisition properties. The first one is affected
by the cross-correlation properties between different codes of the family whereas the
last two are affected by the auto-correlation properties, that is the correlation between
time-shifted versions of the same code. There are several variants of correlation

functions:

Definition Let {u(t)}and {v(1)} be the complex valued sequences of length N. The

aperiodic cross-correlation function of the these two sequences can be defined by :

> e+’ (1) 0272 N-1,
pu®={ 0 @3)
Zu(l+r)v'(t) J1-N2>7<0.

t=~r
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The periodic (or even) cross-correlation function of {u(f)}and {v(¢)} is defined by

N-1

8,,(1)= Y u(t +7W’ ()= p,, (£) + P, (£ —N) 24

=T

The odd cross-correlation function of {u(#)}and {v(®)} is defined by
0,,(t)= P, (t)~ P (= N) (2.5)

The aperiodic correlations give more realistic estimates of the CDMA system
performance as the periodic ones do. However, since the problem of designing sequence
families with low aperiodic correlation is a difficult task, the conventional approach has
been to design based on periodic correlation properties and to subsequently to analyze
the aperiodic properties of the resulting design. Some examples of this class of
sequences, there are m-sequences, Gold codes and Kasami sequences.

2.3.2.2 Maximal Length Sequences(m-sequences) [8],[9],{10]

Linear Feedback Shift Register (LFSR) sequences having the maximum possible
period for an r-stage shift register are called maximal length sequences or m-sequences.
Not only m-sequences, but other various pseudo random codes are generated using
LFSR. The generator polynomial governs all the characteristics of the generator and all
operations are linear. The length of the sequence before repetition occurs depends upon
two things, the feedback taps and the initial state. An LFSR of any given size m
(number of registers) is capable of producing every possible state during the period
N=2"-1, but will do so only if proper feedback taps, or terms, have been chosen. Any
LFSR can be represented as a polynomial of variable a, referred to as the generator
polynomial:

G(a)=g,a" "'gm-lam_l +gu—2am_2 +...+g202 +g,a+g, (2-6)

The coefficients g, represent the tap weights which are 1 for the taps that are

connected (fed back), and 0 otherwise. The order of the polynomial, m, represents the
number of LFSR stages. All mathematical operations are performed in modulo-
2(0+0=0, 1+1=0, 0+1=1, 1+0=1) which can be easily implemented with exclusive-
OR(XOR) gates. This type of generator polynomial always yield an m-sequence which



I

complying all three Golomb properties, and have two-valued periodic. auto-correlation
function given by

R.(j)= {-1 s j = 0(@2" -1) @7
"1 ;j=0(@2"-1)

This is for the {0,1}-valued sequence. This sequence is normally transformed and

transmitted by a bipolar waveform a(t) of positive and negative amplitudes according to

the equation below :

att)= 3 gt ~iT.) @8)

where g(?) is the rectangular pulse of chip duration 7. and has unit amplitude. The
sequence {a;} is a {-1,1}-valued sequence with an autocorrelation identical to (2-4) :

2"-1 L O -
RG)=Saa, =17 " 3j=0 2.9)
=1 -1 ;0<j<2™ -1

The normalized autocorrelation function of the periodic bipolar wave form a(?)

representing an m sequence is

r(z) = (—2;,1—1)7;— fn—lm a(a(t + 7)dt
L 2 Awe3er-jer-)r] AT
(2" -1 2" -1 = ¢ '
where
-1l T T,
A@ =y T,
0 sl > T,
and
0 ;x=0
6(x)= {0 :x#0

with [;5(x)dx=l.



12

5(x) is the dirac delta function and A(7) is the triangular function whose spectrum
is shown in appendix A. Figure 2.1 and 2.2 illustrates the plot of r(r) and its power
spectral density, respectively. As seen from the figures, the autocorrelation has a large
peaked maximum only for perfect synchronization of two identical sequences. Since the
PSD and autocorrelation function are Fourier transform pairs, the power spectral density

of the m-sequence waveform a(®) is the Fourier transform of r(7) and is given by

1 2" sin(wT, / 2)
0 f
N /T,

Figure 2.1 Normalized autocorrelation function of an m-sequence.

Figure 2.2 Power Spectral Density of m-sequence.

Each m-sequence generated by G(a) has 2™! ones and 2™'-1 zeros. M-sequences
have good auto-correlation property, but its cross-correlation property is relatively poor
compared to Gold codes. With these properties, the same sequences with different offset
are used for different users in the same groups. The discrimination between different
spreading codes only depends on partial autocorrelation property. There are two types
of generator to build LFSR: Galois and Fibonacci feedback generator. Only Galois
generator will be discussed here, the Galois generator structure consists of a shift

register and feedback weights or tabs as shown in figure below.
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i

i

gl & & i& i 2 Bt

Figure 2.3 Galois LFSR Generator.

As an example, consider an LFSR of size m = 8 with feedback connections at gs,
g5 g5 g4 and implied gy, the feedback taps will be specified as (8, 6, 5, 4). Note that the
taps are customarily arranged in a descending order. The sets of a LFSR generator are
laid on the primitive factors of polynomial ¢"+1. For example, in case of the maximal-
length sequence, with m=3, its length will be N=2"-1=7, and its sets can be found from

the prime factor as
a’ +1=(a+1)a’® +a* +1)a’ +a+1) (2.12)

The primitive polynomials are those factors whose order is the same as the register
size, m = 3. Of the three prime factors, only the last two meet this criterion. Thus it can
be seen that there are exactly two sets of m-sequence feedback taps, (3, 1) and (3, 2).

2.3.2.3 Gold Codes [81,[93,[10],[11]

Gold codes are obtained by using a specified pair of PN sequences of period N = 2"
- 1, and modulo-2 adding or XORing the output together. All pairs of PN sequences do
not yield Gold codes , but only some preferred pairs of m-sequences with the same
degree can be used to generate Gold codes by linearly combining two m-sequences with
different offsets. There do not exist preferred pairs for shift-registers with a length equal
to 4n where n is an integer. This reference design uses a set of specific primitive
polynimials over Galois Field. Gold codes have the property that the cross-correlation
between any two, or between shifted versions of them, takes on one of three values: -
t(r), -1, or t(r) - 2, where

()= {2WH e @13)

/2
22 4 seven r
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By shifting one of the codes with respect to the other code, the different sequences
can be obtained. The number of sequences that are available is 2"+/ (the two M-

sequences alone, and a combination with 2™-1 different shift positions).

2.3.2.4 Kasami sequences [8],{11]

If a Gold-code is combined with a decimated version of one of the 2 m-sequences
that form the Gold-code, a ““Kasami-code" can be obtained. For the m-sequences a, a
is obtained by taking every qth bit of a and denoted by a/q]. a' is called a decimated
sequence of a. By choosing g=2"?+1 , where m is the degree of sequence a, d is
periodic with the period of 22_]. By repeating a' q times, a new sequence b is
obtained. With a and b, a new set of sequences can be formed by adding a and 222
cyclically shifted b. Including @ and b, 2™? sequences can be obtained. These sequences

are Kasami codes and can be formulated as follows:
R =uT*vT"w (2.14)

here u and .v are m-sequences of length: 2”-1(m even) which form a preferred pair. w is
a m-sequence resulting after decimation the v code with a value 2™"2+]. T denotes a
delay of one chip, k is the offset of the v code with respect to the u code and m is the
offset of the w code with respect to the u code. Offsets are relative to the all-ones state.
There are two classes of Kasami sequences: the small set and the large set. The large set
contains all the sequences in the small set. Kasami codes have the same - correlation
properties as Gold-codes, the difference lays in the number of codes that can be created.

For the large set of Kasami codes this number is equal to 2*/(2" +1). Choosing n equal
to 6 gives us 520 possible codes.

2.3.2.5 Orthogonal Code [8],[14]

In the case of PN codes, they have non-zero cross-correlations. Orthogonal codes
have “zero” cross-correlation. This cross-correlation value is “zero” only when there is
no offset between the codes. Orthogonal Gold code shows reasonable cross-correlation
and off-peak autocorrelation values while providing perfect orthogonality in zero-offset
case. But they have much larger cross-correlation values with different offsets.

Orthogonal codes are used in systems in which the receiver is perfectly synchronized



with the transmitter. For such systems, the despreading operation is ideal when
orthogonal codes are used for the spreading. For example, they are used in the forward
link of the standard IS-95 systeni [15], in which the base station transmits a pilot signal
to help the receiver gain synchronization. There are several code building technique to
generate orthogonal codes such as Hadamard code, Walsh code, Multi-rate orthogonal
code and Orthogonal gold code.

2.3.2.6 Walsh-Hadamard Code [12],[13]

The Walsh-Hadamard codes are orthogonal on zero code delay where as the m-
sequences, Gold-codes and Kasami-codes are non-orthogonal with varying cross-
correlation properties. An important set of orthogonal code is the Walsh set. Walsh
functions are generated using an iterative process of constructing a Hadamard matrix.
starting with H; = [0]. The Hadamard matrix is built hy:

HN _ [HNIZ HNI2 } with Ho = [1]
Hmz _sz

The rows of the matrix Hy are the Hadamard-Walsh codes. The rows of any Hn
form a mutually orthogonal set of sequences. If M>2 is a power of 2, then

11 1 1 1 1 1
-1 1 -1 1 -1 1 -1
1 -1-1 1 1-1-1
1 -1 1 1 -1-1 1
1 1 1 -1-1-1-1
101 -1 -1 1-1 1
1 -1-1-1-1 1 1
-1 -1 1 -1 1 1 -1

T1 1 1 17

1 1 Pl =1 1 -1
H. = H, = ! H =
’[ ] N T S S I
t 1 -1 -1 1

— wmbh wh wmbh wmh = b =h

From the matrix, the Walsh-Hadamard codewords are given by the rows. In each
case the first row of the matrix consist entirely of I’s and each of the other rows
contains N/2 of 0’s and N/2 of 1’s. Row N/2 starts with N/2 I’s and end with N/2 0’s.
The distance (number of different elements) between any pair of rows is exactly N/2.
For Hg the distance between any two rows is 4, so the Hamming distance of the

Hadamard code is 4. Each sequence of n bits identifies one row of the matrix (there are

N=2" possible rows). All rows are mutually orthogonal with ghu hy =0 for all rows i
k=0
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and j. The cross-cotrelation between any two Hadamard-Walsh codes of the same
matrix is zero, when perfectly synchronized. In 4 synchronous CDMA system this
ensures that there is no interference among signals transmitted by the same station. Only
when synchronized, these codes have good orthogonal properties, Note that it is usually
map the binary data to polar form so the real numbers arithmetic can be used when
computing the correlations. So 0's are mapped to 1's and 1's are mapped to -1.

As mentioned above these sequences have zero cross-correlation when the codes
are synchronous, but when asynchronous, their cross-correlation is very much
dependent on the particular pair of codes used, some will have cross-correlation zero
while others will have a very high correlation. In addition, these codes have a number of
drawbacks: |

- The auto-correlation function of Walsh-Hadamard codewords does not have good
characteristics. The codes do not have a single, narrow autocorrelation peak. It can have
more than one peak and therefore, it is not possible for the receiver to detect the
beginning of the codeword without an external synchronization scheme.

- The spreading is not over the whole bandwidth, but over a number of discrete

frequency components.

- The cross-correlation can be non zero for a number of time shifts and un-
synchronized users can interfere with each other. The partial cross-correlation is also
not always identically zero. This is why Walsh-Hadamard code family is unsuitable for

asynchronous application.

-Walsh-Hadamard codes do not have the best spreading behavior. They do not
spread data as well as PN sequences does because their power spectral density is

concentrated in a small number of discrete frequencies.

However, despite of the some drawbacks pointed out above, the Walsh-Hadamard
sequences are used in IS-95 system for channel separation. Walsh-Hadamard codes are
important because they form the basis for orthogonal codes with different spreading
factors. This property becomes useful when the signals are needed with different

Spreading Factors to share the same frequency channel.
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2.3.2.7 Orthogonal Variable Spreading Factor Codes [16]

Two codes are said to be orthogonal when their inner product is zero. The inner
product, in the case of codes with elements values +1 and -1, is the sum of all the terms
obtained by multiplying two codes element by element. For example, (1, 1, 1, ) and (J,
1, -1, -I) are orthogonal when

A*D+{I* D+ *-D+IA*-D)=0 (2.15)

The following diagram explains how to choose OVSF code family:

G (LLLD

Cp (LD
C4’z=(l.l.'l.-l)
G
C4.3= (lv'l’lv"l)
G35 (--D
C4‘4= (lv'.ls'] 7' )
SF=1 SF=2 SF=4

Figure 2.4 OVSF Diagram

Each stage of the tree has a different Spreading Factor. Each node in the OVSF tree
is a code, denoted as Csrcw. SF is the spreading factor and CN is the code number or
branch number. The top code C;; of the tree is called the root code with a SF=1. Each
code can generate two child codes and the SF values of child codes are doubled on the
parent code. Codes on the same level have the same data rate. The bottom level codes of
the tree are called leaf codes and have the minimum data rate. The data rate of codes on
m level is double for the data rate of codes in m+1 level. All codes at the same level are
orthogonal to each other and a code is available if and only if all the codes on the path
from the current code to the root call are empty. By the property of OVSF codes, when
a new call requests a code with rate R, the system has to find an available code with R in
the code tree and assign it to the new coming call. If the code tree has excess free

capacity, but no available code, the new coming call will be blocked. In this case, it is

46631
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called code block. The conditions of the codes on this particular tree can be summarized

as follows:
- The first element in the tree is 1.
- For each element, there are two possible elements:

1. The first element is constructed by repeating the root of that element itself twice.
So that the first element of (1) would be (1,1).

2. The second element is constructed by concatenating the root of that element with
the inverse of itself. Thus, the second element of (1) would be (1, -1).

- At each level, all the codewords are the rows of the Hadamard matrix with the
elements mapped to polar form. If [C] is a code length 2" at depth r in the tree, where
the root has depth 0, the two branches leading out of C are labeled by the sequences [C
C] and [C -C], which have length 2™ ! The codes at depth r in the tree are the rows of
the matrix Cy, where N = 2.

Note that two OVSF codes are orthogonal if and only if neither code lies on the
path from the other code to the root. Since codes assigned to different users in the same
cell must be orthogonal, this restricts the number of available codes for a given cell. For
example, if the code Cy; in the tree is assigned to a user, the codes Cjo, C20 Cs2, Css,

and so on, cannot be assigned to any other user in the same cell.

2.4 Characterization of DS-CDMA channel

Direct Sequence Code Division Multiple Access(DS-CDMA) is one of the most
widely used Spread Spectrum techniques. As with all Spread Spectrum schemes, DS-
CDMA uses a unique code to spread the Base-band signal, this allows it to have all the
advantages of Spread Spectrum techniques mentioned in the previous chapter. After the
spreading takes place, the spread signal is then modulated and transmitted through the
specified medium. BPSK and QPSK are a widely used Digital Modulation scheme for
Spread Spectrum systems. Since the results obtained from both schemes are similar, the
analysis in this thesis will mainly concentrate on BPSK. Once the modulated data is
received at the demodulator port, the signal is then demodulated using a BPSK

demodulator that could be synchronized or un-synchronized to the transmitter’s carrier
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" frequency. Now, the spread signal will be at the output of the demodulator. This is then
multiplied with the locally generated PN sequence. If the locally generated PN sequence
is correlated with the one that was used in transmitter, the signal is dispread, yielding
the original signal. Figure 2.5 illustrates a model of DS-CDMA system where k users
are individually transmitting spread spectrum signals in the same frequency band.

Burst Mode Delay

Pa,(1)b,()cos( @,1 + 6,)

Pa,(£)b, () cos( @, +6,)

Figure 2.5 Model of a DS-CDMA system

Following Pursley[1], assume that K users occupy simultaneously a satellite

timeslot and each transmits a signal:
5, (£) = Bb()a, (t)cos(w.t + ;) (2.16)

where P, is the transmitted signal amplitude, 5,(r) is the sequence of inde;;endent and

identically distributed random binary data denoted as:

b (1) =) bg(t—iT,) 0<t<T,, b e{+1,-1}
1]

and
a,(t)=Za;g(t—iTc) 0<t=<T, a} e{+1,-1}
i
is a spectral-spread PN sequence which is generated at a period of N chips. g(¢) is the

rectangular pulse of unit height and 6, is carrier phase. If T, is the chip duration of PN

sequence, N7, represents one period of user data bit(7}).
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In order to spread a signal spectrum in the transmitter of the k-th user, the data
sequence b,(f) is directly multiplied by random sequence g, (¢) which has much higher

rate than b,(r). To simplify the analysis, tracking error results of signal and phase are

assumed to be neglected. Each user generates the packets in burst mode and in
constantly synchronous to satellite channel slot.

Each transmitter-receiver pair has been designed to encode and decode data using a
particular code. The receiver has a local PN generator and carrier generator that
generate replicas of those in the transmitter. In case of satellite system with given
Doppler effect, it has to be determined the maximum chip rate of the system so that a
station » can make a correction once per satellite roundtrip delay. One of the basic
operations in the receiver is the removﬂ of the “code” which was used by the
transmitter to spread the data-message. This operation is known as dispreading.
Dispreading is performed by combining the received signal with the same code which
was used by the transmitter to code the data. To enable a low BER, the local code
should be aligned with the received signal. An alignment error results is a loss of
Signal-to-Noise Ratio (SNR). Obtaining this code-alignment is the code-
synchronization process. The process of synchronizing the locally generated PN
sequence with the received PN sequence can be accomplished in two steps. The first
step, called acquisition, consists of bringing the transmitted and received spreading
signals into coarse alignment with one another. Once the received PN sequence has
been acquired, the second step, called tracking, takes over and continuously maintains
the best possible waveform alignment by means of a feedback loop.

Acquisition Step

This step is the method to searching throughout an area of time and frequency in
order to synchronize the received spread-spectrum signal with the locally generated PN
sequence. The objective of this step is to resolve the code phase error to within certain
bounds which can be further reduced by the tracking step. Since the dispreading process
typically takes place before carrier synchrpnization, most acquisition schemes utilize
non-coherent detection. A common feature of all acquisition methods is that the
received signal and the locally generated PN sequence are first correlated with a coarse

time step to produce a measure of similarity between the two signals. This measure is
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then compared to the threshold to decide if the two signals are in synchronism. If they
are, the tracking algorithm is started.

Tracking step

The tracking maintains the PN code generator at the receiver in synchronism with
the received signal. The remaining error after the acquisition step is likely too large to
guarantee proper operation. The tracking step or fine tuning process is needed to
achieve maximum processing gain. This process is a two-way search, meaning that the
local reference clock can be shifted forward and backward. Tracking is performed
continuously during data-detection and keeps the timing-error below an acceptable

level.

2.4.1 Time-aynchronous DS-CDMA channel

In a time-asynchronous system, all the users’ signals are added together
asynchronously to the receiver input, with time delay r, and phase ¢,. r, is independent
and uniformly distributed on [0,7), and ¢, is a random variable uniformly distributed
on [0,27). The different spreading waveforms of the interfering users are randomized by

the variation in the propagation delays, and will be seen as pseudo random noise at the
desired user. The signals transmitted from k users defined by (2.16) will be seen at the

receiver as

s¢(f) = Pb,(t—7,)a, (t— 7, )cos(w,(t —7,) +¢,) 2.17)

If ignoring the effect of multipath and impair environment which will be explained
in detail in the next section, and define the desired user to be user 1, equation (2.17) can

be rewritten as

r,(t)=b,(")T, P, cos ¢,

K ~
+ 3" P (b;' Ry (5) + B Ry (7,,)) cos gy, + 17, (2.18)

k=2

Here r,, is the time delay for each user and path. P is the received signal

amplitude, which is assumed to be constant and identical for all users. The vector
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(®°,b;") represents a pair of consecutive data at previous and current time respectively.
The carrier phase ¢, is the Gaussian variable for the main path(m=1) of the desired
user, but become the uniformly distributed random variable over (0,27) for other paths.
k denotes the user who transmits this signal. Random variable 5, is Gaussian noise with

-

two-sided spectral denisity(zero mean) and variance o;. R, and R, [17] are the

»

continuous-time partial cross-correlation functions defined by:

R,(r)= [a, (H)a, (t—7)dt (2.19a)

Ruy@= [ a(a,¢-nar (2.19b)

for 0<z<T,. Assume further that 0< /T, <r <(I+1)T, sT,, where [ is the integer number

less than 7. The above functions can be rewritten in the form of discrete partial cross-

correlation functions, Cx as
R, (z)=C,, (- )T, +[C,,( +1- N) = C,, (- Nz - IT) (2.20a)
R, (®)=C,(OT.+[C,,d+D-C,D)=-IT,) (2.21b)
where C,, () is the discrete aperiodic cross-correlation function defined by

(N-1+4

Y .djaj,, 0<I<N-1
J=0 :
N1+l
CiaD =] Zaﬁ_,aj 1-N<I<0; 2.22)
J=0
0 sIHISN

The relation of equation (2-19) is computed with respect to the independent random

variables P,z,4,a(k) and b(k).

With equation (2-19), Pursley[17] calculated the bit error rate using the standard
Gaussian approximation with the Q-function of a signal-to-noise(SNR) ratio. Note that
the results obtained from this method seems to be accurate only for the large number of
users(>10-12), and becomes very optimistic as N grows. The alternative is to use the
Improved Gaussian Approximation method proposed by [18]. R. K. Morrow uses the

model in his paper similar to the previous paper [17]. Recall to the k-th user’s input
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received signal defined by (2.16), Morrow built the similar model for the output of
f)J‘G)) N avesriang

”“correlation-receiver with the different form of the discrete partial cross-correlation
figtiolf sy (et fom o

R, (@) =C(I-NR, (z- ) +C,, (I +1-N)R, (z = 1T.) (2.232)

R,(0)=C (DR, (- 1.)+C A+ DR, (z ~1T.) (2.23b)

where y=|7/T,]. R, (s) and R (s) are the continuous-time partial autocorrelation

functions of the code waveform defined by
R,(5)= [T, -s)t

R )= ["vowt-sd
for 0<s<T,,and
R,(s)=R,(s)=0 for s>T, or s<0

Let b;'R,(s,)+b0R,(y) = B,,(b,,7) and the fact that (a})* =+1, then it can be

expanded and rearranged to be

-~
N=2

By, (b;,7) = ZZ R, (S)+a'd) R, (S)+Zy R, (S)+ZyR,(S) (2.24)

where Z;, 0< j< N is a set of N+1 random variables defined by

b_a},.na), ;7=0,.,01-1
k 1 o F =
z,= bya; a,, sji=l N=-2 (2.25)
boa:I—l—la;V—l’ 3 J=N-1
b—lafv-l—la;" ;J=N

where the random variable Z; are mutually independent and satisfy
Pr{Z=+1}=Pr{Z;=-1}=1/2
For convenience, Morrow defines

f)=R, (s)+R,(s)
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g(s)=R,(5)-R,(s)

Set “A” be the set of all nonnegative integers i less than N-1 such that aja,, =+1

Set “B” be the set of all nonnegative integers i less than N-I such that a}a},, =-1
With the above definitions, the equation (2.24) can be rewritten as

B,,(b,,7,) = X, f(S)+ X.g(S,) + BR, (5,)+ Ok, (S,) (2.26)

where X, =3.Z,, Y, =2.Z;, B, =Zy,,and O, =Zy.
jeA

JeB

Now the decision statistic model for the output of correlation receiver can be

expressed in the simplified form
r,(t)=b,’,2},P+P§:W, 2.27)
=
where
W, = (X, f(S)+Y,8(5,)+ BR,(S,)+ O, R, (S, ))cosd, (2.28)

The quantities 4 and B are related to the discrete aperiodic autocorrelation of the
signature sequence of receiver 1, offset by one chip, Cy,1(1), and can be defined by

g€ - (229)
2
and
B= N_;—C (2.30)

N-2
where C, ()= Za}“}u
J=0

2.4.2 Time-synchronous DS-CDMA channel

In a time-synchronous system, it is assumed [4] that the system is always
synchronized and all K users are able to receive identical chip timing. This requires a

common timing reference and compensation for transmission delays in various
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transmission paths. The carrier phase is ¢,=0 while g,;k=2,.,K is the random
variables uniformly distributed over (0,2r). If the desired user is user 1, after sequence

correlation and coherent demodulation, the signal at the receiver output is:

n®=P [ bOa@dr YR [ 5, 0m OaOoosgidr+n, @31)

For notational convenience, let g, =?]- f‘al (a, (t)dt - Then, the statistic decision
b

bases on the sign of data b,(?) is

P, =Pr{l+ ﬁ:(il)au cosg, <0|1} (2.32a)
k=2 .
and
P, =Pr{-1+ i(i])au cosgy >0|-1} (2.32b)

k=2

2.4.3 System Performance (Probability of Bit Error)

A Gaussian approximation approach is widely used [4],[17],[19] to evaluate the
error probability at the desired user’s receiver output. For the large number of active
users and the relative delays and phases between the desired and interference signals are
fixed, the total multiple-access interference which results from the combination of the
signals sent by other active users as a zero-mean Gaussian random van'éble can be
modeled. In this method, the signal-to-noise ratio is computed by means of the
expectations with respect to three prior parameters: phase shiﬁs,. time delays and data
bits, which are all assumed to be mutually independent random variables. In the
coherent BPSK under well-known Gaussian assumption, this signal-to-noise ratio can

be used to calculate the probability of bit error with the Q function given by

O[SNR,]= T/%—; -l;sTR.exp(_;z Ydu (2.33)

Using the well-known concept of white noise which is stationary and strictly
ergodic with zero mean((n(r)) = 0) and variance({n*(t))) is o>, the ratio of mean signal

power to mean noise power or instantaneous output SNR can be obtained from
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_S0 _s'0) (2.34)
(n* (3)] 20

where s(1) is desired signal amplitude.

2.4.4 Performance of Time-asynchronous DS-CDMA channel

To consider the average probability of bit error of time-asynchronous system,
equation (2.18) which is the signal at the receiver output with respect to the chip
duration(7,) will be used. In this case, the received signal is the sum of an AWGN
noise process n(t) plus K spreading-spectrum signals each of which has different
propagation delay and the lack of synchronism between the transmitter. Using the
Gaussian approximation concept, the second and third térm of the right-hand side of
(2.19) can be considered as Gaussian random variables. This is true under the conditions
that the number of K is large and all terms are independent and symmetrically
distributed. Under these assumptions, it needs to evaluate only the mean and variance of
(2.19) in order to obtain the bit error probability. One approach for evaluating the
variance of the multiple-access noise is to find an expression for the cross and auto-
correlation functions which model the multiple-access interference and to obtain the

desired variance from that expression.

Assuming the data bits are equiprobable and following the concept of discrete
aperiodic and continuous-time partial cross-correlation functions described in [17],{19],

the total variance of the multiple-access interference and additional white noise as is :

K -
o’ = Z E[sz 1T R,(zu)+ b: R, (7, N*1E[(cos g, )1+ El(17,)*] (2.35)

k=2

where p, = \/? for all transmitters. The main component in the summation are the

cross-correlation value of the sequence codes a;(f) and axt). Note that the above

equation is obtained based on the assumption that 7,4 and (k) are independent and
symmetrically distributed. With the conditions that ¢, =0, 7, =0 and P is normalized
to 1, it obtains

SNR = ‘ (2.36)
(K -1)/3N)+(N, I2E,)
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This yields forthe probability of bit error Pe:

P,=Q[( ! j ] 2.37)
(K-D)/3NYy+(N, 12E,)

Since the Gaussian approximation method seems to underestimate the value of P,

at low values of the number of simultaneous users and become optimistic when the
values higher. R. K. Morrow[18] proposes a more accurate model called the Improved
Gaussian Approximation method. An improved Gaussian approximation is based on the
observation that the multiple-access is approximately Gaussian, conditioned on the
delays and phases of all the interfering signals with the bit error probability

P fQ[VIHﬂ, W)y 238)

where
¥ = Var|MAl | S, 4, B] (2.39)

with the random vectors S =(8,...,5,)0<S, <T. and @ =(®,,...D,);0<P, <2x are the

delay and phases of the interfering signals. Note that the number of chips per bit, N, and

the number of simultaneous users, K, are fixed. ¥ is given by

where Z; are identically distributed and conditionally independent given “B”, with each
Z; specified by

Z, =UV,
U, =1+cos(24,)
Ve, =(2B+1)(S} -S,)+N/2

where B is shown in (2.29). S;and @, are time and phase offsets relative to the signal

for the desired user(user 1). The evaluation of bit error probability mainly involves in

finding the densities of Uy and ¥, conditioned on B which yields the conditional density
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of each Z;, fp(z); evaluating the (k-2) convolution and taking the density of the total
MALI variance with respect to B: .

Sy@D=Ef,p(2)*..* 1.,5(2)] (2-40)

2.4.5 Performance of Time-synchronous DS-CDMA channel

The requirement at this point is to find the sequence for which the error probability
Pr(r, >0|b, =-1) and Pr(r, <0]b, =+1) are small for all values of the parameter ¢, and
(8°,b;")- Because of the time synchronous, the other users can no longer be treated as

random processes, but rather as a sequence of binary random variables with random
phase shift. Assume the maximum ma:gnitude of the aperiodic cross-correlation,
max{|C,,(D[};1-N<I<N-1 is y,_, then the worst case or upper bound of bit error

probability(BER) for any X-th receiver can be defined as
Pr,, <1-0(1-(K-1X2¥,../ ML2E, /N,) (2.41)

where @() is the standard Guassian cumulative distribution function. This upper bound

description is valid only when the period N of the code sequences is much larger than

the number of users K. Otherwise the term (K —1)2y__ /N will be smaller than unity for
only a few sequence delay, r,. In this case, the average value of the performance

parameter is more appropriate.

In some system that number of X is not too large, it is possible to guarantee the
system by setting the upper bound for the bit error probability with the maximum cross-

correlation value y, . Then signal-to-interference plus noise ratio is :

NR = ! (242)
(K -2, /2)+(N,/2E,)

In the system which K is large, it is more appropriate to use average error
probability than guaranteed value. Apply the approximation of the cross-correlation of

1.i.d PN sequence[4], equation (2.42) can be rewritten as

SNR = 1 (2.43)
(K-1)/2N)+(N,/2E,)
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Another method to find the upper bound of bit error is by using Chemoff
Bound(see Appendix B). This is the well-known bounding techniques for constant
amplitude and phase signals, coherently demodulated in additive white Gaussian noise.
From the appendix B, the Chernoff bound is in the form :

P,(X > x) < exp(—px) E[exp(pX)] 244)

For synchronous spread-spectrum CDMA with BPSK modulation, the output of the

receiver is the summation of all signals defined as
N
Y=2
=l
Assume the system is completely synchronous and have identical chip timing, then,
.4
Y, = J}le; + Zﬁz; +v, (2.45)
J=2

where 2| are the summation of the correlation of other-user spreading sequences. v, is

the background Gaussian noise. If the successive chips are independent and 5 =-1 for

all i, the probability of bit error will be in the form;

P=P(r>0|-1)< E[exp(p'z_l:yl ]

<exp[-pNyP, ]H[Elexp(m)]HE[eXP(pJ— z,)]] - (2406)

J=t

with p >0. Assume further that each inferring user chip has amplitude + ‘[}T and phase

¢, =¢,—¢:Jj #1, which are binomial and uniform random variable, respectively. Thus,

Elexp(oy[F,2))1 6] = S{explo[P; cosg,) +exp(-p P, cos)] (247)
Since ¢, is a uniformly distributed random variable on (0,27), thus
Elexp(p\[P, 21 =L, (pfP))
o7,
4

) (2.49)

< exp(

) S
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where [ (p Jﬁ; E %zjexp(x cosg)dg is the zeroth-order modified Bessel function.
0

2.5 Simulation Model

Construction of the simulation model is completed by specifying all the system
assumption presented in the previous section. However, the assumption concerning the
real-time events can be relaxed. This can be obviously seen when trying to deal with
short-term fading (Rayleigh fading) which will be described in detail in the next
chapter. Figure 2.6 and Figure 2.7 illustrate the simulation model built by simulation
program. The receiver is assumed to be able to lock onto the total phase of the desired
user. No result of multipath or envelope fading is concerned until the next chapter.
Results obtain from the model are shown in Figures 2.8-2.10. Figure 2.8 illustrates the
simulation results and the comparison between Gaussian Approximation and Improved
Gaussian method. The curves show bit error probability for ideal BPSK versus Ev/N, in
dB. It can be seen from the figure that the simulation results close to the curve of
Improved Guassian method. Figure 2.9-2.10 illustrate the probability of bit error versus
various number of users with N=31 and 63, respectively. The plots also show the

comparison between two methods as a function of the number of users.

In the next chapter, this model will be modified and used to model the system

operated in the impaired environment.
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Chapter 3

Land-Mobile Satellite Communication

3.1 Channel Characteristic

One usually infers that the signal attenuation versus distance behaves as if
propagation takes place over ideal free space. The model of free space treats the region
between the transmit and receive antennas as being free of all objects that might absorb
or reflect radio frequency (RF) energy. It also assumes that, within this region, the
atmosphere behaves as a perfectly uniform and nonabsorbing medium. Furthermore, the
earth is treated as being infinitely far away from the propagating signal (or,
equivalently, as having a reflection coefficient that is negligible). Basically, in this
idealized free-space model, the attenuation of RF energy between the transmitter and

receiver behaves according to an inverse-square law. The received power expressed in

. 2
terms of transmitted power is attenuated by a factor, I (d)=(i;i) , where d is the

distance between the transmitter and the receiver, and 1 is the wavelength of the
propagating signal. This factor is called path loss or free space loss. For this case of
idealized propagation, received signal power is very predictable. For most practical
channels, where signal propagation takes place in the atmosphere and near the ground,
the freespace propagation model is inadequate to describe the channel and predict
system performance. In a wireless mobile communication system, a signal can travel
from transmitter to receiver over multiple reflective paths; this phenomenon is referred
to as multipath propagation. The effect can cause fluctuations in the received signal’s
amplitude, phase, and angle of arrival, giving rise to the terminology multipath fading.
Multipath fading generally occurs when the transmitted signal is received not only via
the direct path(LOS) component, but also after being reflected from objects during
propagation.

It can be categorized into two types of fading effects that characterize mobile
communications: large-scale and small-scale fading. Large-scale fading represents the
average signal power attenuation or path loss due to motion over large areas. This
phenomenon is affected by prominent terrain contours (hills, forests, billboards, clumps

of buildings, etc.) between the transmitter and receiver. The receiver is often
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represented as'being “shadowed” by such prominences. The statistics of large-scale
fading provide a way of computing an estimate of path loss as a function of distance.
This is described in terms of a log-normally distributed variation about the mean. Small-
scale fading refers to the dramatic changes in signal amplitude and phase that can be
experienced as a result of small changes (as small as a half-wavelength) in the spatial
separation between a receiver and transmitter. Small-scale fading manifests itself in two
mechanisms, namely, time-spreading of the signal (or signal dispersion) and time-
variant behavior of the channel. For mobile radio applications, the channel is time-
variant because motion between the transmitter and receiver results in propagation path
changes. The rate of change of these propagation conditions accounts for the fading
rapidity (rate of change of the fading impairments). Small-scale fading is also called
Rayleigh fading because if the multiple teflective paths are large in number and there is
no line-of-sight signal component, the envelope of the received signal is statistically
described by a Rayleigh pdf. When there is a dominant nonfading signal component
present, such as a line-of-siglit propagation path, the small scale fading envelope is
described by a Rician pdf. The nonfaded component is called the specular component.
A mobile radio roaming over a large area must process signals that experience both
types of fading: small-scale fading superimposed on large-scale fading. As the

amplitude of the specular component approaches zero, the Rician pdf approaches a

Rayleigh pdf, expressed as
r r 2 . 0
p(r)= ?ex Y 2 ' 3.1
0 otherwise

where r is the envelope amplitude of the received signal, and 26 is the predetection
mean power of the multipath signal. The Rayleigh faded component is sometimes called
the random or scatter or diffuse component. The Rayleigh pdf results from having no
specular component of the signal; thus, for a single link it represents the pdf associated
with the worst case of fading per mean received signal power. For the remainder of this
article, it will be assumed that loss of signal-to-noise ratio (SNR) due to fading follows
the Rayleigh model described.

The simple way to model the fading phenomenon was introduced by Bello [20] in
1963; he proposed the notion of wide-sense stationary uncorrelated scattering

(WSSUS). The model treats signal variations arriving with different delays as



uncorrelated. It can be shown [20] that such a channel is effectively WSS in both the
time and frequency domains. With such a model of a fading channel, Bello was able to
define functions that apply for all time and all frequencies. The term “time delay” is
also used to refer to the excess delay. It represents the signal’s propagation delay that
exceeds the delay of the first signal arrival at the receiver. For a typical wireless
channel, the received signal usually consists of several discrete multipath components.
Note that, for making measurements of the multipath intensity profile, wideband signals
(impulses or spread spectrum) need to be used. For a single transmitted impulse, the
time T,,, between the first and last received component represents the maximum excess
delay, during which the multipath signal power falls to some threshold level below that
of the strongest component. The relationship between maximum excess delay time, T,
and symbol time, T, can be viewed in terms of two different degradation categories,
frequency-selective fading and frequency nonselective or flat fading. A channel is said
to exhibit frequency-selective fading if T,, > T;. This condition occurs whenever the
received multipath component§ of a symbol extend beyond the symbol’s time duration.
Such multipath dispersion of the signal yields the same kind of intersymbol interference
(ISI) distortion caused by an electronic-filter. In fact, another name for this category of
fading degradation is channel-induced ISL In the case of frequency-selective fading,
mitigating the distortion is possible because many of the multipath components are
resolvable by the receiver. A channel is said to exhibit frequency nonselective or flat
fading if T}, < T, In this case, all the received multipath components of a symbol arrive
within the symbol time duration; hence, the components are not resolvable.-Here, there
is no channel-induced IS1 distortion, since the signal time spreading does not result in
significant overlap among neighboring received symbols. There is still performance
degradation since the unresolvable phasor components can add up destructively to yield
a substantial reduction in SNR. Also, signals that are classified as exhibiting flat fading
can sometimes experience frequency-selective distortion. This will be explained later
when viewing degradation in the frequency domain, where the phenomenon is more
easily described. For loss in SNR due to flat fading, the mitigation technique called for
is to improve the received SNR (or reduce the required SNR). For digital systems,
introducing some form of signal diversity and using error-correction coding is the most

efficient way to accomplish this.

Two major components needed to be considered are the coherence time and

coherence bandwidth. Coherence time, 7, is a measure of the expected time duration
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over which the channel’s response is essentially invariant. Coherence bandwidth, £, is a
statistical measure of the range of frequencies over which the channel passes all spectral
components with approximately equal gain and linear phase. Thus, the coherence
bandwidth represents a frequency range over which frequency components have a
strong potential for amplitude correlation. That is, a signal’s spectral components in that
range are affected by the channel in a similar manner as, for example, exhibiting fading
or no fading. Note that f, and T,,, are reciprocally related (within a multiplicative
constant). As an approximation, it is possible to write that f, ®7,. The maximum
excess delay, T, is not necessarily the best indicator of how any given system will
perform on a channel because different channels with the same value of Ty, can exhibit
very different profiles of signal intensity over the delay span. ’

A channel is referred as frequency-selective if f, <1/7,, where the symbol rate,

UT,, is nominally taken to be equal to the signal bandwidth . In practice, # may differ
from 1/T., due to system filtering or data modulation type (quaternary phase shift
keying, QPSK, minimum shift keying, MSK, etc.) [21]. Frequency-selective fading
distortion occrs whenever a signal’s spectral components are not all affected equally
by the channel. Some of the signal’s spectral components, falling outside the coherence
bandwidth, will be affected differently (independently) compared to those components
contained within the coherence bandwidth. This occurs whenever f, < W. Frequency-
nonselective or flat fading degradation occurs whenever f, < W. Hence, all of the
signal’s spectral components will be affected by the channel in a similar manner (e.g.,
fading or no fading). Flat-fading does not introduce channel-induced ISI distortion; but
performance degradation can still be expected due to loss in SNR whenever the signal is
fading. In order to avoid channel induced ISI distortion, the channel is required to
exhibit flat fading by ensuring that f, < W=I/T, . Hence, the channel coherence
bandwidth f, sets an upper limit on the transmission rate that can be used without

incorporating an equalizer in the receiver.

For mobile applications, the channel is time-variant because motion between the
transmitter and receiver results in propagation path changes. Thus, for a transmitted
continuous wave (CW) signal, as a result of such motion, the receiver sees variations in
the signal’s amplitude and phase. Assuming that all scatterers making up the channel
are stationary, whenever motion ceases, the amplitude and phase of the received signal

remains constant; that is, the channel appears to be time invariant. Whenever the motion
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begins again,. the channel once again appears time-variant. Since the channel
characteristics are dependent on the positions of the transmitter and receiver, time

variance in this case is equivalent to spatial variance.

The time-variant nature of the channel can be viewed in terms of two degradation
categories, fast fading and slow fading. The terminology “fast fading” is used to
describe channels in which T, < T, where T, is the channel coherence time and T;, is
the time duration of a transmission symbol. Fast fading describes a condition where the
time duration in which the channel behaves in a correlated manner is short compared to
the time duration of a symbol. Therefore, it can be expected that the fading character of
the channel will change several times while a symbol is propagating, leading to
distortion of the baseband pulse shape. An’alogous to the distortion previously described
as channel induced ISI, here distortion takes place because the received signal’s
components are not all highly correlated throughout time. Hence, fast fading can cause
the baseband pulse to be distorted, resulting in a loss of SNR that often yields an
irreducible error rate. Such distorted pulses cause synchronization problems (failure of
phase-locke;d-loop receivers), in addition to difficulties in adequately defining a
matched filter. A channel is generally referred to as introducing slow fading if T, > T,
Here, the time- duration that the channel behaves in a correlated manner is long
compared to the time duration of a transmission symbol. Thus, one can expect the
channel] state to virtually remain unchanged during the time in which a symbol is
transmitted. The propagating symbols will likely not suffer from the pulse distortion
described above. The primary degradation in a slow-fading channel, as with flat fading,
is loss in SNR.

In satellite and land mobile communication, the systems always suffer from great
variations of the received signal power due to multipath fading and signal shadowing.
Due to the various different surroundings and propagation distance, multipath signals
can results in deep fade and fluctuation. In case that the spread spectrum users
implement pseudorandom sequences with duration T, each multipath signals can be
distinguished if they are mutually separated by delays greater than 7. Shadowing
occurs because the transmitted signal is reflected and refracted by buildings, bridges,
trees or other different terrains, so that it is replicated at the receiver with several time
delays, and results in attenuation over the total signal bandwidth. It is desirable for the

mobiles or users to boost their transmitted power to compensate the shadow effect when
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they move intd the shadowing terrain. In low earth orbiting satellite(LEOS) system,
such a closed loop power control is not effective due to the large round trip time delay.
This is instead required some degree of power margin in order to ensure that shadowed
users do not experience an unacceptably large percentage of performance outages. This
power margin can be applied so that shadowed users achieve the same average
probability of error as thé unshadowed users, or, with a smaller margin, that shadowed
users realize some degraded, but still acceptable performance.

:
= i
Vet

» Pa,(0)b,(f)co @£ +8,)

Pa ,(1)5,(¢) cos{ @,¢ +6,)

Pa ,(1)b,(1)cos( 2,1+ 6,)

Figure 3.1 Model of Fading Channel

It is widely admitted that the received signal consists of a shadowed line-of-sight
signal with a lognormal envelope distribution plus a sum of multipath signals with a
Rayleigh distributed envelope as shown in Figure 3.1. These two random processes are

assumed to be correlated and can be considered as the sum of two random phasors [22]
Re” =ze* + pe’* 3.2)

where ze’-and pe represent the envelope distribution of shadowed signal and
multipath signals, respectively. Note that the phase ¢, and ¢ must be uniformly
distributed between [0,277]. When no shadowing signal is present, the multipath signal is

superimposed on the direct path signal, which simply forming a Rician vector [22],
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p(r/z)=%exp(—(r2 +2) )L 3% (3.3)
a

where « is the variance of multipath components. I (.) is the modified Bessel function

of zeroth order. Applying the total probability, the random amplitude envelope could be
found by[22]

p() =2 [exp(~r* + 27/ )1, CE)pla)dz (34)
a a

Since the z is assumed to be a lognormal distributed variable given by,

P@)= ,/z‘laz expl-Gnz-p?/2d] | (3.5)

where d and 4 are the variance and mean due to the lognormal component(shadowing).

The probability distribution of the total signal envelope(r) is [22],[23]

ﬁexp[——-———_(ln; '”)2] for r>>Ja
=L 2r pl — ) 12d) = (r + 27 2rz for r =
p(r) - Wrzexp[(—(lnz P 12d)~(r* +2) all (e For r Ja
..2_r.exp(_r2) fOI' r<<\/¢;
a a

(3-6)

This model is valid for a narrowband system which the sbread-specﬁ-mn
modulation is used with a chip duration less than the delay spread of the channel,

The probability density function of the received signal phase($) was found to be

approximately Gaussian[23] :

P = expl )

2
2ro, 20,

! 3.7

where u, and 0': are the mean and variance of the received signal phase, respectively.
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3.2 Model of DS-CDMA over impaired channel

If the desired user is user 1, the model of received signal in term of the effect of

multipath is given [18],{29] by

r()=b,(OT, R, cosd,

k=2 mr=2

M " X M -
+ZPm (b7 Ry (50) + B R, (7,,)) cOS 6 +ZZPM(I’;‘RM(T.&)+b:Rnt(Tm))°°S¢mt 7,

(3.8)

where m denotes the possible propagation paths. Assume that M is large and there are
no predominant path except for M=1. P,,.k has a shadowed Rician distribution for m=1,
and a Rayleigh distribution otherwise. b,(r) is the sequence of independent and
identically distributed random binary data. The carrier phase ¢, is the Gaussian
variable for the main path(m=1) of the desire user, but become the uniformly distributed
random variable over (0,27) for other paths. k denotes the user who transmits this

signal. Random variable 75, is Gaussian noise with two-sided spectral density (zero

mean) and variance o2. R, and R, are the continuous-time partial cross-correlation

functions defined by:
Ry(®)= [ a0, @~y (3.92)
R ()= f a,(t)a, (¢ —7)dt (3.9b)

for 0<r<T.. a,(r) is a spectral-spread PN sequence which is generated at a period of N
chips. g, is carrier phase. If T is the chip duration of PN sequence, NT. represents one

period of user data bit(7}).

When m=1, it is the line-of-sight and its propagation statistics are described by
(3.6) and (3.7). When m> 1, they have a Rayleigh distribution and uniformly distributed
phase. The parameters of the various path distributions can be found if power-delay

profile is known. The power-delay profile can be described as

P(r)= Ezg exp(—cr) (3.10)
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where 1/c’is the delay spread and ¢ is the delay time. The correlation operation will
be used to find the power of path m. Assuming the multipath power delay profile is
exponential, then

2ca
b, = fl —z—exp(—cr)dr

b, = - %[exp(—cmf;) —exp(—c(m—1T.]

by == 2-[1 ~ exp(-<T, Jlexp(~c(m ~1)T.) (3.11)

3.2.1 Performance analysis : Bit error probability

Assume that the data bits -1 and 1 are equiprobable and the number of users(K) and
multipath(M) are large, the bit error probability P, can be approximated by Gaussian

noise as

xT,
P, =0.5 > |p, (3.12)
[ord 2 Jpuco
where erfc(.) is the complementary error function. p.(x) is the distribution of the signal
envelope defined by

arctos(x/r)

P =2[ pr)p#)———)r (3.13)
re—-x .

substituting p(r) and p(¢), then

2 2 2 2
_(Inz—;z) (r+z ) _arccos (x/r))Io(Zrz/a)dZdr

2
p = [ [ —=—exn( :
a,’27r2d0': 2d a 207, 2frt —x2
(3.14)

o? is the total variance of the Gaussian noise defined by o = 67 + E[(r,)’], Where

0% = E[(5 Ryy (7 )+ b Ry, (£,)) 1EI(P,, €05 8,,,)°]

m=2

X

+3 iE{(b;‘R.. (7,)+bC R, (7, )2 VE((Poy <08 ¢, ) 1+E((1,))° (3.15)

k=2 m=2
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If m=1, then P has a shadowed Rician distribution, which can be viewed as a
Rician distribution with a Rician parameter s*/a. The product of this Rician variable
with the cosine of a uniformly distributed variable gives a Gaussian variable with a

mean of s/+/2 and a variance of a/2. The average value can be obtained as :

E[(Py cosgh,)*]= [ (b, +s* 12)P(s)ds (3.16)
Then the results obtained from the integration is:

E[(P, cos ¢, )*1=b, +0.5exp(2d +24) 3.17)
If m>1, then P has a Rayleigh disln'butign which s=0 and

E\(P,; c0s4,,)*1=b, (3.18)

3.2.2 State Probability

As indicated in the last section, when the mobile or satellite moving into shadowed
area where the multipath fading also exist, the multipath signal envelope which is a
high-frequency process is superimposed on the low-frequency shadowing process(long-
term fading). To moderate the effect of long-term fading, a margin is assigned to users
when they are passing fading region. This can be achieved by recording the data related
to satellite angle and the area of which the satellite passing through. This research
concentrates on a comparable case when a signal x dBm oscillating by w dB around area
median(m dBm) of fading, x=m+w. If assumed that w is the combined result of the
short-term Rayleigh variation(y) in dB around its short-term median and the Gaussian

variation from the short-term median around the long-term median, w=y+ S, . Refer

to the general concepts that the cumulative distribution for the sum of random variables

z=a+b is given by[24],

P(z)= [ P(z-b)p(b)db

then, the probability that the envelope level does not cross a specified level # dB below

long-term margin is

p - ']-exp(—wz /201 )exp(10*'4- Yadw (3.19)
b o, 27



44

while o, is the standard deviation of Gaussian distribution and B, is the fade depth in

dB from the short-term median(fade depth factor). Note that this equation is calculated
based on the assumption that the short-term fluctuation and long-term fading variables

are statistically independent [25).

3.2.3 Average Fade Duration(AFD)
According to Castro [26], AFD is defined by the equation

1
N, (W)

e

AFD=
N (320)

[ £.0wydw -

Where N,(W) is the level crossing rate defined as the expected rate at which the
envelope crosses a specific signal envelope with the negative slope (downward LCR),
and P,, is the cumulative distribution function given in (3.19).

3.3. Results

This section presents numerical and simulation results for channel performance

under various conditions. Since S, depend strongly on shadow characteristic as well as
long-term margin, B, will be treated as the key parameter. To evaluate channel behavior

in different circumstance, four environmental conditions obtained from the experiment

results recoded in [27] are rearranged in Table 3.1.

Figure 3.2 illustrates the guaranteed probability of error as a function of received
signal variance under short-term fading. The results obtained from the figure are the
upper bound probability of bit error in case of clear sky and impaired link. With the
condition that each user has been assigned margin to compensate long-term fading, the
mean signal gain (4, ) is applied with 0 and -3 dB, the number of user K=10 and M=5
for each user. Since -3 dB signal gain below threshold causes small effect on channel
performance, variance (o) related to short-term variation can be viewed as a major

factor. Figure 3.2 illustrates
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Table 3.1 Charinel Parameters by Measurement

Parameters 4, (dB) o, (dB) o, (dB)
1 -12.9 5.0 - 119
2 -11.8 4.0 9.3
3 -8.8 3.8 11.7
4 1.7 6.0 11.9

10? —
—+—3H
£ . <
=
£ - .
i
Var

Figure 3.2 P, versus received signal variance for 4, =0 dB and y, =-3 dB
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Figure 3.3 Ey/N, versus f, for channel parameter of case 1 - case 4

In Figure 3.3, results of Ey/N, versus c,i for the channel parameter defined in Table

3.1 show the relation between signal gain due to fading Ey/N,. Parameters use in the
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experiment are K=10, M=5 and N=127. The curve indicated that o} is likely to
dominate the SNR while gz, has the least effect. According to the results plotted in
Figure 3.2, o2 may be used as an indicator of the channel behavior. If statistic

information of each region was known, we would have important parameter such
average fade duration (AFD) as a referent data in associate with the specified threshold
envelope. This can be done when momentary fade duration is assumed to exceed two |
consecutive packets. To compare the simulation results with numerical ones, 4 different
channel parameters shown in Table 3.2 are used. These values are firstly evaluated by
[28] and reproduced by [29]. The diagram of simulation model is shown in Figure 3.4.

Using (3.14) with Guassian integration and Newton-Cotes techniques, the bit error
probability is obtained and plotted in Figures 3.5-3.13. All numerical parameters are the
same as that used in [28] with T.=1e-6 sec, 1/T5=2400 b/s, N=4095 and k=1 for Figure
3.6,3.9 and 3.11. Numerical and simulation results show that the spread spectrum
modulation yields better performance than narrow band modulation for light and
average shadowing. For heavy shadowing, the performance is worst. The reason is that
for light and average shadowing most of the signal power is received via the direct path,
so if the multipath power is reduced by the use of spread spectrum feature, a less
perturbed signal will be obtained. In the case of heavy shadowing, the direct path power
is much smaller than the mutipath power, resulting in an approximately Rayleigh faded
signal. The use of spread spectrum modulation now decreases the total signal power

considerably, with the result that the bit error increases.

Table 3.2 Channel parameters by numerical method.

Parameters Light Average Heavy
al2 0.158 0.126 0.0631
o, 0.155 -0.115 -3.91
Jd 0.115 0.161 0.806
Og 0.36 0.45 0.52

In case that the transition threshold at lower of fade depth factor (higher value of

Ew/No) is selected, the probability that signal fluctuation will be kept within threshold
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level and pfobability of bit error(derived from Gaussian approximation method)
increased, but duration of fade is also extended. Long fade duration tend to obscure the
received information and higher order of FEC is required to improve system
performance in this state. The results obtained from Figure 3.2 to Figure 3.13 can be

concluded by following iteration route
. E, E,
D3, 2>2P>—=>P=>p, =P =>—=..

N, N,

which are bounded by Pg .

i
Table 3.3 Different phases by numerical method.

Parameters Light Average Heavy
c,(NB) 0.40 0.14 0.023
c,(SS) 0.47 ' 0.16 0.018
a/2(SS) 1.55 1.42 0.009

When bit error probability(Pk) is known, the simplest method to derive packet error
probability is by following equation

P = Z[%](Ps)‘ a-Py~ .

=0
where L is the number of bit in a packet.

Based on above, designer can design point of alarm based on “x” error bit within a
received packet in accordance with AFD. Range of both x and AFD are limited by
means of upper-bounded Pg.
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Chapter 4

Controllable DS-SSA

4.1 Introduction

This section studies an approach of implementing DS-SSA system with modified
node components in order to construct a load control structure in which the service rates
of each node can be dynamically adapted without using feedback information. The
modified protocol and architecture which are proposed in the next section are intended
to support various types of newly wireless applications. These include the application
that is operated over low earth orbit and geo-stationary satellite application [30]. When
a station sends out a message segment across long propagation network, the delay
incurred by the propagation plus multiple access and delay time spent in each terminal
queues may cause upper protocol layer to assume them as lost packet events, despite
correctly receiving them, and possibly retransmitted them needlessly. These
disadvantages will significantly limit the performance and channel capacity. In contrast
to the traditional DS-SSA which is widely represented with single queue, prior
emphasis of the proposed approach is laid on the usage of an additional queue which is
applied to manage the collided packet traffic while its queue size.is also used as a load
control parameter. Another factor which is intended to be modified is “the backlogged
condition”[31] This parameter obviously makes the system susceptible to the delay
figure, but it is considered necessary for stabilizing channel reliability and also for
keeping the packets in the correct sequence when arriving at the receiver [32],[33]. New
traffic that arrives at the main queue is assumed to be in the form of message carrying
one or more packet(s)[34],[35]. When a terminal has packet(s) waiting in its queues,
they will be unconditionally sent out in order to reduce the time spending in the queue.

This condition includes the case of collided packet.

Semi-Markov process is used to describe the statistic behavior of the system in
steady state. Trade-offs between two major performance parameters, i.e., delay and
throughput, are studied and evaluated. The obtained results are compared with those of
the traditional system [36],[37],[38]. Numerical models created based on queuing
concepts are verified and compared with the simulation. With these results, an

advantage performance for group packets can be explained, and the concept is finally

o
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extended based on the obtained results to describe a simple algorithm using one way

control message as the tool to alleviate the problem of system stability.

4.2 System Model

The system illustrated in Figure 4.1 consists of N terminals, each of which is
assigned a different spreading code. New traffic is assumed to be in the form of
message carrying one or more packet(s), and will be unconditionally sent out in order to
reduce the time spending in the queue. Each terminal is represented with three queues.
The first queue (Q;) deals with newly arrival packets, while the second queue (collision-
resolved queue : Q) is used to store and manage the sequence of packets that are
declared as collided traffic. The third queue (Qs) is used to transmit a packet (new or
retransmitted packet) to satellite channel in First-In-First-Out order. Ps; and P, are
defined as unconditional successful and unsuccessful transmission probabilities, where
P,=1-P,

s
- Q,
Terminal 2
R Q sweliitc | P
Q,
: P,
Terminal n .

Channel
Delay

Figure 4.1 System model.

In traditional DS-SSA system, the collision is not declared unless the number of
packets in a slot exceeds the limitation. The stations with unsuccessfully transmitted
packets will be called backlog, and backlogged stations will attempt to retransmit their
packets until they are successful as shown by timing diagram in Figure 4.2. Based on
the concept of conventional slotted ALOHA which is applied to Slotted CDMA system,
stations have only one queue which operates in FIFO discipline to hold the packets[34]-

[36). Compared to the controllable system whose timing diagram is illustrated in Figure
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4.3, it displays the delay conditions of the message segment after being sent out from
Qi. The shaded box represents the collided packet which will be acknowledged as a

failure to the source.
Time
—
Tp Tp

INININNN N
i B N el O

Collision

Figure 4. 2. Timing diagram of Traditional system

Time

bl [ [l [ B
Back 0 Q, |P

(-4

Figure 4.3 Timing diagram of Controllable system.

To denote the average number of packets arriving at the channel during one slot
duration by “the offered load™, it consists of new and retransmission traffic. New traffic
arriving at the terminal is assumed to be the variable-sized messages which can be
divided into one or more packets. These messages will be transferred to Q. When their
first segments (packets) reach the head of queue and ready for service, they are orderly
sent out with exponential rate of 4, packet per slot, without backlogged condition. After

transmission, the terminal sends the replica of the transmitted packets to Q,, and waiting
for individual acknowledgements. When receiving the successful acknowledgements,
the terminal discards the success packets out of Q. It will starts the retransmission

process with Poisson parameter ,, (packet per slot) if collision acknowledgements are

received. This collision-resolved process will be repeated until each collided packet is
successfully received. Each terminal is assumed to be able to process the new
transmissions and retransmissions individually and independently. Terminals are also

assumed to operate in two states defined by the status of Q,. It generates traffic with
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rate 4, when Q; is idle and with rate 4, + », when Q is busy.

With the concept of freely transmission, it frequently results in increasing the
sending rate of terminals based on the active Q. This requires a simple control
approach which can adjust the burstiness of the offered traffic to obtain overall system

availability while maintaining individual user’s performances.

4.3 System Analysis

4.3.1 Throughput Analysis
In this section, the channel throughput (S) is used as a measure to evaluate the

system performance. Here, S is defined as the average number of successfully received
packets per time slot, and is given [37] by

S = i kP, P, (k) : “4.1)

k=l

where N is the number of terminals, p, is the probability that a packet is transmitted
simultaneously with other A-/ packets(from k-/ terminals), p (k)is the conditional
successful transmission probability of a packet and given by p,(k)=[1-90,(k)]" - Here,
L, is the number of data bit per packet, and g, (k) is the bit error probability given in
[17] as

0, (k) = Q[[ilh ”—]] 42

2n,  2E,

where g(.) is the integral Gaussian function, £, /5, is the energy per bit to spectral

density of noise power ratio, k is the total number of simultaneously transmitted

packet(s) in the slot, and ,, is the spreading sequence length. In this research, it is

assumed that the long spreading code sequences and perfect power control are
employed. An approximate expression for Q(%) is derived based on the same manner of
channel environment originally described in [17]. Systems are assumed to be ideal, and
all imperfections such as multi-path fading is not considered. The dominant cause of
unsuccessful transmission in a slot is the muitiple access interference(MAI). Note that
all spread interference appeared to the channel including MAI, is approximated as a

Gaussian random variable (Gaussian approximation). Thus p, is mainly based on the
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present number of terminals that have its second queue(Q2) in busy condition (busy-Q2).

Let define i and j (0 <i< N,0 < j < ¥ ) be the number of terminals having busy-Q,
at slot time ¢ and #+1, respectively, p, be a state transition probability that the number
of terminals which have busy-Q, change from i to j. Thus , can be obtained in

according to the following conditions.

Case 1: when i<

wmin{ N~/ 1) . .
py= Y, Clia/ (- )"0 Clr (-1,)’ 4.3)

a=0

Case2: when i > ;

min N -1,/) o rva o
Py Y CFlrt-r)ve Clr, (-1, 4.9

Case 3: when ; =

Py = 3O (=) Clry (1= 1) @.5)
where c. al . ;, and r, are the Busy-to-Idle and Idle-to-Busy transition
(a - b)'b!

probabilities of Q,, respectively. Both events are assumed not to occur at the same given
time slot. Let U, be the steady state probability denoting that there are n terminals
having busy-Q, and P be the state transition matrix of p (i.e., P= [Py, (N+I)*(N+1)

matrix) that can be obtained from equations (4.3), (4.4) and (4.5). Then, U, can be
derived by using the following N+ equations [34].

Ul =U’pP (4.6)
where, U = [Up, Uy, Uy, ....... Unl,n=0,1,2,......... N,and 3y =1
Thus, the average number of terminals having busy-Q,, i.e., ~_, , can be obtained as

follows.

N =St (4.7
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In order to derive the value of 7 and ¢, , the queuing behavior of each terminal is

needed to be considered, especially its Q,. With the component shown in Figure 4.3, let
us re-configure by folding all the components, except Q», into one box as illustrated in
Figure 4.4.

Ql ﬂl
Q; ,lq3 B

Satellite >
Q H O

I-[D X
y /12 ! ’lq3P¢

Figure 4.4 Functional diagram.

Here, y; and u, are the generate rates of new and retransmitted p;wkets presented to the
X box. Ags is the departure rate of packets from the X box and P; is the unconditional
packet success probability. Now, let x and y be the number of packet(s) in X box
(including one being served) and in Q,, respectively. By using the concept of birth-
death process, the state-transition diagram for the system can be created as shown in
Figure 4.5.

Figure 4.5 State-transition Diagram

Using the double z-transform and let ,,_ be the equilibrium probability that the X box

and Q, contains x and y packets respectively, a set of balance equations can be obtained

as:

Case l: when x=0.y=0
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HyPop = 1;3P1Pl.o (4'8)

Case2:when x>0,y=0

z ”lpx,ozlx + z lqux,oznx

x=] x=1

= z HiPiaoZi + z 2'4,31’.1’”1,02-x + z HaPraZ (49)

r=] x=] =l

Case3:when x =0,y >0

Z #lpo.yz; + Z l‘zPo,,zi'

y=i y=)

= Z quPtpl.yz; + Z lqlpcpl,y-lziv (4'10)
y=l y=1
Case4:when x>0,y>0
Z Z (#l + A‘q! + #2)px,yz;'z{
x=l y=1
= Z Z 1q:P;Px+|,,2-‘Z{ + Z Z ;l,p,_r_,z,‘z{
x=1 y=l =1 ya)
+ Z Z ”pr-l,yq-lzl‘ziv + Z Z ﬂq,Pep",_,_lz,'z; (4.11)
x=] y=l x=al y=l
Then, summing both sides of all cases and identifying,
P(z,,2,) = Z Z p,'yZ.'z{
x=0 y=0
to obtain:
/‘nP(Zl’Zz)*' 1,3[1’(21,22)— Z po‘yzf:l + ;lz[P(z,,zz)— Z px'ozl‘]
y=0 xr=0
'1' Ps = /1 P‘Z L
= mz,P(z,,z,) + e3 [P(z,,zz)— Z po‘yz{] + -—"S—i[P(z,,zz)— Z po'yzz’]
zl y=0 Zl y=0
4.12)

z o i
+ ‘u_ZL[P(z,,Zz)— Z ProZ) :|

Z; =0
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Define that i Pio?! = P(0,2,) and i D, jz; = P(z,,0), and substituting z)= z;=z into
1=0 J=0
(4.12), Then

1 P(2,2)+ A,5[P(2,2) - P(0,2)] + 1, [P(z,2) - P(2,0)]

’1 JP:
= u,zP(z,z) + 'z [P(z,z)—P(O,z)]

+ A,P,|P(z,2 )= P(0,2)]+ p,[P(z,2) - P(z,0)]

with some manipulations, then

z2p,P(2,2) = 4,,P,[P(z,2) - P(0,2)] (4.13)
Let z=1, then
P(0,1) = Aob -4 4.14)
quP:
and
Pa,0) =1~ 4.15)
iuth

Here, p(0,1)and p(1,0) represent the probability that there is no packet in the X box
and in Q,, respectively. With the description of ;, and . given earlier, they are

. =.#2P'z-=: p,, and z, =P P(1,0). Let the ratio between the average number of

xr=0

terminals having busy-Q»(Na,) and the number (N) of total terminals be v_, the total

offered traffic appeared to the channel can be approximated by:
Huo ==V INu +v N, + ;) (4.16)

If the assumption of Poisson environment for ,, and 4, exists, then »_, can also

be assumed as Poisson process. Let G_ =1 - exp( - #=2) be the probability of having at
¥ N

least one packet transmitted from a terminal. Thus the unconditional successful
transmission probability for a packet at a given time slot can be formulated [38] as

follows.
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P, = f CcrG.t(1-G )¥* P, (k) “4.17

k=0

Now p, can be computed iteratively based on v, and the condition p(1,0)<1 given

H, and Hy-

In considering the equilibrium probability, the long-term unconditional value of p,

is needed. As seen in Figure 4.1, the queuing system of single terminal operates under
the influence of the others. Therefore, the number of packets including the tagged one
that simultaneously arrive at the channel can be vastly different from slot-to-slot. In this
research, instead of evaluating the average, it selects p, corresponding to the worst-case

condition where the system is approaching unstable area. If the utilization factor of Q;
(p,,) is defined as the average arrival rate of packet per average service time, this area

means ,_, « 1. By substitutingy = N/N in (4.16) and using G, = 1- exp( 'ﬁﬁl) , then

p=clG, -6, )" (4.18)

Table 4.1 Gap Size Effect

Gap size(sec) Throughtput(%) Packet error(%) Delay(%)
0.10 19.63 14.27 9.58
0.12 18.82 13.52 9.12
0.14 18.62 13.11 8.54
0.16 18.21 12.78 828
0.18 17.94 11.59 6.23
0.20 17.21 10.83 5.11

Now the throughput s can be obtained from (4.1), (4.18) and Py(k). The accuracy
of above analysis will be verified by comparing numerical results with the simulations
running by simulation program (OPNET, see appendix B) as shown in Figure 4.6 and
Figure 4.7. All curves illustrates the generated rates ( 4, ) of the new traffic as a function
of throughput (packet per time slot). Simulations are performed based on the same
system configuration and environment previously defined for numerical analysis. Some
parameters assigned in the program are shown in the Table 4.2. The simulation period is

3600 seconds for every experiment.
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Table 4.2 Simulation Parameters for Ground Terminals

Parameter Define Value Unit
Packet size IP_Packet _time 0.005 sec
Frame size Sat_frame 0.311 sec
Propagation delay pdelay 0.253 sec

Maximum Retx Max_ReTx 3 times
Packet timeout Pk_timeout 1.4 sec

Window Size window_size 128 packets
Maximum nose Max_node : 50 uesrs

With the same condition for both experiments, Figure 4.6 are assigned with N=35
and ,= 0.3 while N=35 and ,,= 0.5 for Figure 4.7, and define £, /5,= 15, n,= 127,

L,= 1000 for CDMA channel. Simulation expeximénts are performed based on the

same system configuration and environment defined for numerical analysis. During
simulation, it is found that the effect of different gap size between channel slots have to
be taken into account, since it is one of the main factor to the result of throughput.
Several experiments are performed to record the effect of the gap size. The experiments
are done at the 20% of maximum throughput with simulation period of 3600 sec. The
obtained results are shown in Table 4.1. Packet error and delay are recorded in the ratio

of the obtained results per results of 20% throughput.

Since this study concentrates on the results obtained from two systems'(traditional
and proposed one) at the same channel environment, the gap value that causes the
lowest value of the packet error is selected. This results in losing about 7% in
throughput, but gain the reduction in success probability and system delay by factor of
13%. As may be seen, the results obtained by numerical analysis show higher
throughput than the simulation around the maximum area. This is under the condition

that all relevant parameters are selected for the p, at the area where the traffic generated

to the channel almost reach the critical area, and the system may not turn to normal if
moving further from this point. Although the numerical results are calculated based on
the upper-bound condition of CDMA channel, the corresponding simulation results

show trend agreement with the numerical ones.



62

- @ “@a © n
o 6\ 40. =) sesso et S o
et #\ 1] m . - \,ﬂ It
: K4 8 - 3 L o
* by & i v 2
o s g : ckelonds g
‘ 7 4 [ b=
............ |M - vesseafeenacs P % AU SN SO | N
4 v il ° 4
- .m ...-.&_« p—
T 08B e Rt ittt SR S S 13 w .
m 8 2 -1 o "
m g 2] e . I ST DU SO 48 L o—” .............................. Nereediiersaiibanseens -
(=]
i E o P
o M @ ll\-'-'llll' ool M @ nnnnnnnnn besvesencdenesnanssoshroanas -..) ---------------- -
) + i ) 3
w $....¥ - m o)
£
" S S [ JO .
e M ° 5
] < A X - heeens Je -
~ . s n .‘.ﬁ;o “ ¢
_ Y . - \ M ~. 7h1u m ) M A w s - Dm
e ) © ~ © ) - (] @ 2 o ® o~ ©  © ~ ™ 80 pe0
wissienosd F tojssiexand _,..M

35.

045 05 05 05
New traffic

015 02 025 063 03% 04

Figure 4.8 N, versus y,, when N



63

In Figure. 4.8, the average number of terminals having busy-Q, is plotted as a
function of 4, with N=35. The results suggest that the critical area starts ﬁp at
#, = 0.52 . In solving the queuing behavior of each terminal, the channel is assumed to
operate at this critical point for long period. Thus _ is assumed to be 65% of the total

number of terminals. This research intends to have a control process performing
individually within each terminal to keep the channel operating below this critical point.
Under the control condition, »_ should be kept lower than 60%-65% for N=35 in order
to stabilize the channel.

4.3.2 Delay Analysis _

In this section the message delay 'by means of numerical approximation is
evaluated. As previously described, all queuing components are assumed to operate
independently, and the waiting time plus service time in all queues is taken into account
through the total message delay. Let us define the total message delay, w_, , over the

satellite link in terms of the sum of fixed transmission delay, processing time and
average queuing delay as follows

W =T,+T,+T, +b,, +(&T,.) 4.19)

where 7, and 7, are the expected delay time which a message spends in Q; and Qs
respectively, zis the average message size(packets), T, is the processing time in
central HUB, 7, is the propagation delay, and j, , is the mean delay of the

retransmission process. When all message segments are successfully received, the total
message delay is

W, =T,+T,+2T,+(,'g‘1‘,,)

The analysis of w_, can be carried out using the timing sequence shown in Figure 4.9

)
() O)—O)—
P

Figure 4.9 Timing sequence diagram
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4.3.2.1 Délay on Q,

Each message arrives at the terminal’s first buffer is assumed to follow Poisson

arrival process with rate 3_. Let the probability that a message carrying i packets isg ,

then the distribution of message Size as G(z)= Z': gz’ can be obtained. At the

fnl

beginning of a given time slot, a terminal sends out a packet at the head of Q; with the
departure rate ,, packet per slot. If the terminal has collided packet(s) waiting to be
solved in Qg it transmits those packets with ., packet per slot. Both departure
processes are assumed to follow Poisson processes. Now the process of Qi with the

Bulk arrival M/G/1 queuing system can be accomplished. The expected number of

messages in Q; at any moment is given [39] as :

2240 4.
Tt (4:20)

Q)

where ;» and ;o are the first and second moment of service time of a message,
respectively. Assume 7 (s is the Laplace transform of density function of service time
of the message which is 7 (s) = G( B (s) > where G(z) and g, (s)are the distribution of

the message size and service time of each individual packet, respectively. Therefore,
T, (s)= G (B, (s)- BV (5)
and
T (s)= GO(BL (). BIP(s)  + (B (sN* G (Biu(s) (4.21)

where 10 (s) and 742 (s) are the first and second derivative of 1 (s) . Letting s=0 in

(4.21) and applying Little’s result, a delay measure of Q) which is the average waiting
time for a message denoted by W,; [34] can be obtained from :

_ A8 [1 vCta _c_’_] (4.22)
g

23 p,)

where C? and C are the squared coefficient of variation for message size and message

service time, respectively. Thus the average time spent in Q is:

= (Eyaw, (4.23)

H,
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where z is the average message size.

4.3.2.2 Extended Delay on Collision-Resolved Queue (Q2)

To evaluate the waiting time for Q,, it is necessary to determine the virtual traffic
of the packets that have problem. They are calculated based on the traffic generated by
Q; and unconditional successful transmission probability (Ps). Qs represents an output
port that processes the packet transmission according to the slot time of satellite
channel. As described in the previous section, Q; and Q; are assumed to generate inter-
departure traffic based on Poisson processes. With the well-known Poisson property, it
can be assumed that the combined result of both traffic also in the form of Poisson
process, and the expression of M/D/1 will be used to evaluate the average waiting time
on this queue. Since its constant service time is equal to the satellite time slot, the
average waiting time for Qs is given [39] by

W, = 53% (4.24)
Applying this individual waiting time with an average message segments and service
time, then

Ty=g(W,+1y,) (4.25)

where ¢, is the slot time of satellite channel, and , , is the utilization factor of Qs.

Note that the calculation of the delay in this queue is done based on the worst-case
condition, since a message segment that arrives at Qs could reach the head of the queue
and get service before the complete arriving of the whole message segments. This

traffic becomes the arrival to Q, with the interarrival time distribution: ., _ 2o ;
s+ A,

A,y =+ puys Where p . is the utilization factor of Q. When this queue sends out a
packet, it is possibly still in busy state, or becomes empty. Given ,_,, the distribution

of the interdeparture time is obtained as :
Biu(s) = (1= £, ) A0 (5)D s (S) + Py Do (5) (4.26)

where 4°,(s) = A ls+4,) is the interarrival timé distribution of Qs, by = M Pty

p,, is the utilization factor of Q,. Since service time of Q3,d,,(x) » IS deterministic with
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value [ , the service functions of this queue will be in the form of d(x)=Us(x=1,,)
and D, (s) = exp( —st 5, ) - Applying these parameters to (4.26) and taking out the Laplace

transform, the departure time density is finally obtained from :
bys() = (L= 43) g3 €XP( = A3 (0 = 1 NI = 1) + p U~ b)) 4.27)
where U, (¢) is the unit impulse function. Then

5, =1 Pe (4.28)

If << (the service time is very short compared to the arrival rate), it can be
assumed that the effect of Qs is insign.iﬁéant, and its interdeparture traffic is close to
4,,- When the packets arrive at the central HUB, they must spend some time in the
HUB to be considered a success or failure before leaving to the higher protocol layer or
returning to the source. In practice, each system is implemented with various different
types of the acknowledgement process and architecture, and its direct analysis is not
mathematically tractable. For simplicity, p,1,, will be defined as the average input rate
for the return path to Q.. This definition is the key factor to model Q; as a discrete time
queue with general arrival process and Poisson distributed service rate with parameter

P,aand y,, respectively. Given the upper bound on average waiting time of G/M/1 by
[34], then

1+ C)pl | (a] +0])P.Ay, “4.29)
Toeclpl | 20-7))
where ¢? is the squared coefficient of variation for service time. o> and o7 are the

variance of interarrival and service time, respectively. Since a packet may circulate
more than one time, the remaining priority factor is the mean delay of the

retransmission process, p_, -

Let B:',(s)be the Laplace transform of the total service time of Q, B.,(s) be the
Laplace transform for the delay time of unsuccessful transmission, and B (s) be the

Laplace transform for the delay time of successful attempt after retransmitting » times.

Total delay in the form of Laplace can be written in the form :
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BL() =3 (PB..(s)"(PB.. ()

ned

__PBLG) (4.30)
1- P,B..(s)

Differentiate and let s=0, then

5 o PBL©) - PP(BI(0)-B(0) (4.31)
o a-P)?

where p, is the unconditional packet success probability obtained from (4.17),

p'=1_p,,and

'

B(0)=b,, =2T, +ZP.(Wp, + Wy +1,,)
B(0)=b,,=b,. + T,

The total message delay, w_ can now be derived by using (4.23), (4.25) and

(4.31). The correctness of the mathematical model is verified by comparing with
simulation results given in Figure 10 and Figure 11. Based on the message segments

presented at Q;, assume that 1 =1, g=8 and &? = 144 .2 . With the same environment
4 g 4

as in the last section, curves show analytic and simulation results obtained for average
delay of an individual message with fixed values of ,,=0.3 and »,=0.5.

---| —+ Numerical : : : : : : it
- @- Simulation : : 1

1oy PSS o dndi AN TS TR N N T DA
1 015 02 025 03 035 04 045 05 05 05
New traffic

Figure 4.10 Delay results, with 4, =0.3.
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Figure 4.11 Delay results; with 4, = 0.5.

One of the main impacts that makes the difference between the results obtained
from both methods is the gap size between channel slots: This gap size helps the
simulation program to identify 2 slots in a roll. If this value is too high, it will results in
losing throughput, but gain more success probability and lower delay. Since this thesis
concentrate on the results obtained from two systems (traditional and proposed one) at
the same channel environments, we select the gap size will be selected at the value that
causes the lowest value of the packet error. This results in losing around 7 percent in
throughput, but gain the reduction in success probability and system delay by factor of
13 percent. More details of this gap size effect has been described in the previous

section

4.4 System Comparison

In this section, the performance of the controllable scheme by means of numerical
results is evaluated, and compared them with that of traditional scheme. Assume that
both techniques are equivalent for which the offered loads are generated with the same
manner and have the same pattern of throughput. Thus, ,, of the controllable system
and average retransmission rate of traditional system can be considered as a common

parameter.



4.4.1 Throughput Comparison

Computing the throughput s as a function of ., using (4.1) and (4.18) results in the

plots of Figures 4.12 — 4.17. In the figures, the throughput is plotted against the offered
load for various values of », with », equal to 0.3, 0.4 and 0.5. The curves of the results

obtained from controllable and traditional DS-CDMA are shown for N=25, N=30 and
N=35. The new traffic generated with rate ,, is assumed to be an average departure rate

of Q; of all terminals. Compared with the traditional scheme, », can be defined as the

transmission rate for the terminal in ready mode, while 4, is compared with

retransmission rate for the terminal in backlogged mode.

Figures 4.14 — 4.17 depict the throughput and offered loads obtained from

controllable and traditional system.
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Figure 4.12 Throughput-Load curve for controllable system, with »,=0.4.
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The plots-are made with transmission rate ,, for the new packet as a parameter

while retransmission rate is kept constant. With these figures, a comparison is given

between controllable and traditional DS-SSA system.
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Figure 4.14 Throughput-Load comparison, with »,= 0.3 and N=25.
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Figure 4.15 Throughput-Load comparison, with ,,= 0.3 and N=35.

Based on the infinite node assumption, the transmission rate more than 0.6 can not
be applied. This is because it may be too large for the Markov chain to provide the
correct values of the steady state distribution. When the control method is applied, each
terminal will try to adjust its resources to keep the channel operate below this point.

By simulation, it can be seen that varying ,, doesn’t result much in adjusting the

performance(see Figure 8). A parameter that is more appropriate for this purpose is ., .
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Figure 4.16 Throughput-Load comparison, with »,= 0.5 and N=25.
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Figure 17 Throughput-Load comparison, with ,= 0.5 and N=35.

4.4.2 Delay Comparison

In this subsection the results of mean message delay are presented by assuming
infinite terminal’s queue size. Equation (4.19) can be reconfigured to be two
components as T, +T,, - 7, is the message waiting time which occur on the terminal’s
first queue, while 7 is the delay since the first segment of the message was sent out
from the terminal’s first queue (input queue) until all the message segments is

successfully received. Since the service time of Qs (output queue) is assumed to be very

short compared to the arrival time, 7, is considered as a constant for the DS-CDMA

channel of both techniques. Figures 4.18 — 4.20 illustrate the results of delay
comparison, with the parameters of N=25, 30 and 35, and g = 4. Since both schemes are

operated based on time interval of channel slot, the results are shown in the unit of slot.
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4.5 Control Architecture

The flowchart representation of the control approach is given in Figure 4.2]. Since
Q, is used to store and manage the sequence of packets that are declared as collision, its
queue size associated with ACK messages can be considered as the parameters for
determining the current status of the system and also for specifying the sending rate at
which Q; should be performed.

Adjust Q,
J

Figure 4.21 Flow chart of control approaéh

The cycle of the control process starts when stations receive the acknowledgement
(ACK). In case ACK is negative, terminal stores the packet at the tail of Q, and checks
whether its queue size reach the threshold. By adjusting the output rate of Q; based on
pre-assigned threshold of Qu, the total offer loads presented to the satellite ;:hannel can
be controlled. For simplicity of the simulation, the single control step will be assigned
to each terminal. For example, given the fixed value of ,, = 0.4, N=25, 30 and 35, the

service time of Q;is _1_ when its queue size <8, and is _2_ or _4_ when its queue size
H, H,y H,

> 8 (including the one being serviced). Figure 4.22-4.24 provides the results of message

delay in unit of second under normal condition.

It can be noticed that the results obtained from the system with and without control
conditions become close to each others, since the channel is stable and the queue size of
Q- is always lower than threshold. Figure 4.25-4.27 shows the results when the channel

suffer with degradations(Ey/N, lower than 5 dBm). In this range, the lower ., becomes,

the better the total message delay is. This is because the packets are kept within Q;
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instead of letting the terminal attempt to transmit packets over the acceptable traffic
Jevel. This event is not last if the arrival messages rate of Q; keep increasing. It is
confirmed by the results illustrated in Figure 4.28. The plots show the average time
duration of turning the terminal state from stable to unstable (start) and from unstable to
stable (stop).

4.5.1 Experimental Results

As an illustration of the results, the controllable technique is more sensitive to the
offered loads than the traditional ones. This is because a terminal sending out the traffic
from two individual queues contained in it. When the channel status becomes worse by
the result of heavy traffic, the number of terminals that have Q,-active rapidly increases,
and the throughput reaches the saturated point faster than that of traditional one. On the
contrary, it can be seen that the total message delay obtained from the controllable
system is far better, since the terminal is allowed to freely send out the packets in their
input queues and let Q, take care all the collided packets. This makes a message deal
with only one propagation delay plus the waiting time in queue, multiplied by the
number of segments contained in that message in case of no collision occurring. Packets
are also kept waiting in the buffer for a shorter duration in the Q; and Q. In Figure 4.14
- 420, It can be seen that the controllable scheme drives the system into saturation point

faster, but gives the better delay results.

For a particular load offered to the channel, we wish to determine if the throughput
at this point is still below the saturation point and the delay can be accepted by the
application. In considering these questions, a power factor (i.e., throughput/message
delay) is used as a parameter to justify the performance of our system, and the results
shown in Figure 4.29. As seen form the plots, it is evident that the controllable scheme
still works well if the offered load presented in the area mask of 30% below the
saturation point, although the performance of the controllable technique degrades very
rapidly as the offered traffic increases. To keep the system in the workable area, a
control policy is needed for each remote terminal. Since the propagation delay is high
not only in the satellite environment, but possibly also in other wireless media, it is not
appropriate for the remote terminal to depend strictly on the response messages sent

form the centralized or main HUB to control the output traffic.
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Figure 4.24 System with control approach under normal condition, N=35
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Figure 4.25 System with control approach under impaired condition, N=25. ,
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Chapter 5

Conclusion

Direct-Sequence Spread-Slotted ALOHA (DS-SSA) system has been developed for
higher usage of channel capacity. However, with the characteristics of new applications
and services, satisfactory performance is increasingly difficult to perform due to the
difficulties described in chapterl. Moreover, in the fading or impaired environment of
Land-mobile satellite, the features of DS-SSA itself are not enough to provide
satisfactory solution for the long-term channel performance. To reduce the effect of
these issues, this thesis proposes the architecture of DS-SSA system with modified node
components and channel protocol in order to reduce the packet waiting time spent in
each node and to construct a load control structure in which the service rates of each
node can be dynamically adapted without using feedback information.

5.1 DS-SSA System with Modified Node Components

The modified node model which has been described in Chapter 4 comprises 3
queues. The first queue (Q;) deals with newly arrival packets, while the second queue
(Q2) is used to store and manage the sequence of packets that are declared as collided
traffic. The third queue (Q;) is used to transmit a packet (new or retransmitted packet)
to satellite channel in First-In-First-Out order. These are different from the traditional
system model which is normally represented with single queue. By allocating an
additional buffer as Q, for resolving problem packets, the concept of freely transmitting
the packet in order to reduce time spent in the terminal’s queues can be applied.
Moreover, it can avoid the backlogged condition which is the main factor that makes the
system susceptible to the delay figures. The results show that this model is more
sensitive to the offered loads than the traditional ones. This is because we assume two
individual queues contained in a terminal. When the channel status becomes worse by
the result of heavy traffic, the number of terminals that have active-Q; rapidly increases,
and the throughput reaches the saturated point faster than that of traditional one. On the
contrary, it can be seen that the total message delay obtained from the controllable
system is far better, since the terminal i;c, allowed to freely send out the packets in their

input queues and let Q, take care all the collided packets. This makes a message deal
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with only one ' propa;gation delay plus the waiting time in queue, multiplied by the
number of segments contained in that message in case of no collision occurring. Packets
are also kept waiting in the buffer for a shorter duration in Q and Q.. The conditions of
the model and channel protocol can be concluded as follow :

» New traffic arriving at the terminal is assumed to be the variable-sized

messages which can be divided into one or more packets.

»  The average number of packets arriving at the channel during one slot duration

is the offered load which consists of new and retransmission traffic.

= When a terminal has packet(s) wamng in its queues, they will be
unconditionally sent out in order to reduce the time spending in the queue. This
condition includes the case of collided packet.

=  Assume that a terminal can process the new transmissions and retransmissions
individually and independently.

»  Require a simple control approach which can adjust the burstiness of the
offered traffic to obtain overall system availability while maintaining

individual user’s performances.

5.2 Control Structure

As previously described, Q, is used to store and manage the sequence of packets
that are declared as collision, its queue size associated with ACK messages can be
considered as the parameters for determining the current status of the system and also
for specifying the sending rate at which Q,; should be performed. The total offer loads
present to the satellite channel will be controlled by adjusting the output rate of Q,
based on pre-assigned threshold. It can be seen from the results of power factor (Fig.23)
that, under the disturbed environment, the controllable scheme still works well if the
offered load presented within the mask of 30 percent below the saturation point. The
area mask can be adjusted based on the control policy of the system.
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53 Discussion'

By allocating an additional buffer as Q. for resolving problem packets, the terminal
can manage two types of traffic independently. Furthermore, the terminal can sense the
chanriel status by evaluating the size of this queue. Each terminal has been installed
with load control structure in which its service rate can be dynamically adjusted based
on the channel status and without using feedback information from the central HUB.
When the number of terminals who have their second queue active is considered as the
paramieter of system status, it can be seen from the experiment results that the number
of active terminal does not change chh when varying the average departure rate
assumed to be used in all terminals. Thus, to stabilize the whole system status, each
terminal should be able to control its outplllt traffic by adjusting the transmission rate of
its first queue based on the behavior of its second queue.
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Appendix A

Spectrum of Triangular Pulse

Assume that the function of triangular pulse is defined by

w(t)=A(IT) 2 "l';l W=7 (A1)
0 =T
Usiﬁg the integral property, then
% = -;Tu(t +T)—?2;u(t)+%u(t—T) (A2)
and
dz;‘;(’) =%5(x +T) -%5(:)+%5(: -7) (A3)

where 5(r) is the Dirac Delta function. Using the Fourier transform, we have

d w(r) ] e 2.1 1. joriz  _—priana _ —4,. 2
L o —e/ - o — - =—
” Te 7 Te T(e e ) T (sinaT)

Integrating twice, then

—4 (sinyT)?
De—— 22 A4
OO Gaary )

Another method to obtain the spectrum of the Triangular pulse is by using the
convolution theorem. If the rectangular pulse is convolved with itself and then scaled by
the constant /T, the resulting time waveform is the triangular pulse. Applying the
convolution theorem, the spectrum for the triangular pulse can be obtained by
multiplying the spectrum of the rectangular pulse with itself and scaling with a constant
I/T.
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Appendix B
Chernoff Bound

Let x,,x,,..,x, be independent random variables where x, e{0,1} for all i<n.

Then if X is the sum of the {x;} and if p is the expected value of X, we have

u=y, E[x,] (independent of X;) (B.1)

Thus, the probability that X deviates from x is
B[ > )< expl- po)Elexp(pX)] ®B.2)
When the tighter upper bound can be obtained with the minimum value of p.

Proof: To establish the bound, we first write the density function f;(w) in the form of
inequality

PLx > x]= [ (X —x)f, (w)dw B3)
where (.) is the unit step function.

Using the inequality u(w - x) < exp(p(w—x)); 0 >0, to establish the bound

P(X > x)< [ exp(o(X -x)fy (w)dx B4

Recall that the integral on the right hand side of this equation is in the form of

the first moment generating function, then we have

P.(X > x) < exp(~px) Elexp(£X)] (B.5)

which is the required bounding formula.
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Appendix C

Simulation Tool

In this thesis, OPNET software is used to model and simulate the system and
channel behavior. The model can be categorized into three levels,

1. Network Level
2. Node level
3. Process level(Finite-state diagram)

Network Level :

Network level shows all the relevant components which, in this study, comprises
the ground stations (node) and satellite channel(Satellite) as shown in Figure C.1.

Figure C.1 Network Model



This material is reserved for educational use only, not allowed for commercial use.

Forbidden to modify the content, and cite the document when use.



This material is reserved for educational use only, not allowed for commercial use.

Forbidden to modify the content, and cite the document when use.



This material is reserved for educational use only, not allowed for commercial use.

Forbidden to modify the content, and cite the document when use.



This material is reserved for educational use only, not allowed for commercial use.

Forbidden to modify the content, and cite the document when use.



This material is reserved for educational use only, not allowed for commercial use.

Forbidden to modify the content, and cite the document when use.



92

SPACS’99 TMA-01

Alarm Measure for Impaired Mobile Satellite
Channel Using Direct-Sequence Spread Slotted ALOHA Scheme

Seri Asvaruk, Suvepol Sittichevapak and Ruttikorn Varakulsiripunth
Faculty of Engineering and Research Center for Communication and Information Technology,
King Mongkut’s Institute of Technology Ladkrabang, Bangkok 10520, Thailand

Phone: (662)7372500 Ext.5028, Email: kusuvepo@kmitl.ac.th

Abstract

This paper study the method for identifying alarm measure
when system channel is going to suffers in performance due to the
excess multiple-access interference and impaired channel
characteristics caused by long-term and short-term fading.
Channel expressions obtained -in this analysis are based on the
characteristics of Direct-sequence spread slotted ALOHA system
-under fading and shadowing effect. To achieve this, wé compare ; 1
SNR of DS-SSA to threshold probability which is relative to
common level of fade depth. Numerical and simulation results of
decision are presented in casc of the bad state assumed to be when
the user who has been assigned. margin encounters undesired
random variability of signal amplitude in which a short-term
variation is superimposed on a long-term variation.

1. Introduction

In multiple access amhltecturcs such as slotted or unslotted
ALOHA and Spread-spectrum random access, several classes of
packet streams containing various traffic characteristics share
channel resources and statistically perform traffic loads to the :
system. This load results in ynstable behavior in which low
throughput and high delay may be experienced. Such undesirable
condition also occurs in the spread-slotted ALOHA(SSA) systcm
in which hybrid schemes of slottcd ALOHA and spread-spectrum
multiple access are exploited. By deriving the distribution of
interference variance over all possible phase and delay, we obtain
root mean square(r.m.s) value of noise plus interference. This
paper study the method of using user packets as an alarm measure
when system channel is going to suffers in performance due to the
excess multiple-access  interference and  impaired channel
characteristics caused by long-term and short-term fading. The
former 1auing effect is possibly reduced by adding margin into
LOS component or using diversity schemes, but the latter is more
difficult since any restricted areas in close vicinity may need
vastly different margin. If improper adding power is used, the
signal from that terminal will becomes significant interference to
other "users, especially, in the spread-siotted ALOHA system
where all users operate in time-coordinate burst mode. Although
hardware counteraction have been cxploited, particular protocol
having ability to adjust traffic loads in order to sustain system
stability is necessary. The method of identifying point of state
transition is considered by mean of an alarm packet which
contains the number of error bits morc than that was boundcd.
When an alarm packet is detected, system can decide the process
to protect or moderate the effect of degradation. The total number
of crror bits in a packet may or may not exceed “f bit errors
which can be completely corrected by a FEC code.

2. Characterization of SSA Channel

In this section, we consider channel characteristics of SSA
scheme under impaired environment, a< depicted in Fig. 1.

In saie’ine mobile system, hine-of=sight signal become @
dominant componeni since the propagation environment is fess
hostile than that in the errestrial link. unless the sysiem is

opcrated under the circumstance close o zera clevation angle.

Such circumstance is normally treated as an exceptional area for
usage because it requires more link margin for reparation to high
shadowing, propagation loss and interference caused by other users.
It is also important to state that channel is assumed to operate in
frequency- non-selective channel and multipath - chamctenstncs do
not change the correlation properties of spreading scqucncs

Pa (1) ()cos@,(+8) %_
Burst Mode . E L Z w9
Pa,(n)b(1)cos(,t +8) Delay ™
) Burst Mode
—{ }—
Pa,(1)b(1)cos(w,1+8)

Fig. 1 Basic SSA Channel

A. System Performance : Bound on error Probability.

To simplify the analysis, we assume tracking error results of
signal and phase can be neglected. We also define bursi(slot) mode
at cach users is ‘constantly synchronized to satellite channel slot.
Following Pursley([1], Assume that K users occupies simultancously
a satellite timeslot and each transmits a signal :

5 (1) = Pb, (), (t)cos(@, +6,) M
b, (1) € {+1,~1} is user
binary sequence, a, (!) € {+1,—1} is spectral-spread PN sequence
which is gencrated at a period of N chips and g, is carrier phase. If

the desired user is user 1, afier sequence correlation and coherent
demodulation, we have signal at the receiver output :

where P, is transmitted signal amplitude,

r(t) = Zb ()P, cosd,
+ ZP.. (bR, (1) + b7 . R, , (,))cosd,

K M R
DY PR, (1,,)+ )R, (1,,))c05 8,

ho2m:2

+ 1y, (2y

Here 7. @ and P are time delays, phase shift and signal amplitude
respectively. 1 7 is chip duration of PN sequence. M7 represents
one period of user data bit(7p). Random variable p, is Gaussian



noise with mean equal to zero and variance o-”z. b () € {+1,-1)

is user data sequence and @, (1) € {+1,—1} is code sequence.

where k and m denote the user who transmits this signal and its
propagation path, respectively. The relation of cquation (2) is
computed with respect to the independent random variables Pr,
@. a(#Vand h(k). The second and *kird term of the tighl—hand
side of (2) state the events of direct and mullipaih components,

respectively. ;' and $° are previous and current user data bits,
p (Y [y p

and R, 4 and l‘é' 4 [1]-are partial cross-correlation function defined

by:
Ry (1) = [a,(t - v)a, 0yt
I

%’ )
Ry(®)= [a,(t - v)ay ()
- r
For simplicity, we assume 3,0, ¢"’= 0, cqual received
power for all signals traveling in direct(line-of-sight) link which
free from shadowing, and let interference caused by multipath

signals which are inadvertently produced by desired user be
characterized as Gaussian random variable and included in 7.

We also assume ¢_, is uniformly distributed on_the interval
[0,2x] ana r,, is uniformly distributed on the interval [0,7,]-
As stated in Pursley(2), the maximum value of the term
[(b;’, R, (r )+b:, IE, 4(7))cosd ] in equation (2) is achieved
when T is an integer multiple of 7, and when .¢=0. Thus
equation (2) can be rewritten in the form

N
ri (1) = Nb, "'tho'/’: cosg,,
n=2

M
+ Z PY 4HCOs P

=2

K M
+ D Wb COSE, 417,

42 m=2

&)

where A_, symbolizes amplitude of multipath components which
are normalized with received a}nplitude level of the first path. V.
s the maximum periodic cross-correlation magnitude over all &,
ind y_is the maximum of odd cross-correlation magnitude(2].

In some practical purpose, not only average or cstimate
esults obtained from statistical evaluation of the experiment, but
Iso the upper bound values are required to optimize appropriate
arameters. We adopt Chemoff bounds technique described in
iterbif3) to analyze the upper bound of error probability.
Assuming the occurrence of data bits -1 and 1 arc equiprobable,
ve obtain simple expression of bit error probability :

PE_hp = Pr(rovl > 0 I bl = _l} < E(exp[p-nm])
jiven real number p>0.
By using the expression, we have in place of (2), "

(4)

.
P < cxp[—p.'\’].ﬂ Elexplpw b cos g, )
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X M 1
H H E[E exp(xpy,A,, cos B )

ke2 m=2

1 -
+ -; exp(iquA.‘ cos ¢m‘ )]

M
L] Elexploy 1 cos ¢,;)]

mu2

‘Elexp(pn,)} &)
Since the 374 te.m of the right-iand side is depend on multipath
components from relative propagation paths, each arriving signals
will have Rayleigh distributed gain and uniformly distributed phase.
Then

K M < —AY
=HHAT"‘I°XP( ~2) (v, )
] :

tal a2 ¢ a
. +I°(p¢7,A,.,)]dA'
K M pla
=] II texp@.)+exp(. )] * ©)
) inl .1-22‘ |
where | _(x) = > ! exp(x cos9)d6
and _ )
7 R A
Elexp(pn,)] = i T exp( . Ydn
' =exp(%a,,p’) &)
Thus '
K M
Pe,p <expl=pN1] T1oCow )] [1oCow.22)
An2 -2
K M . pla I,
- J1TTtexp@ ) +exptiir, )} * exp(; @, p’)
k=2 m=e2 . d
8)

B. System Performance : Guassian approximation. _
Let us start by considering signal at the receiver output with
respect to chip duration(T,). We have

Yu=Pia, () +n, ®)

Note that Gaussian noise n, is different from n, identified in (2)

since it comprises system noise plus multiple-access interference
defined from correlator output[1]{4]. Multiple-access interference
will be modeled as a Guassian random variable with the distribution
specified by means and variance. Assuming the data bits are
cquiprobable and following the concept of discrete apcriodic and
continuous-time partial cross-correlation functions described in 2}
[3]. From the correlator output, we reorganized noise variance as

K H-l .
o2, = —'; O ERALY (R () + RE (£,))

2» =2

K M 2 BT
s EPY [ R ()
=2 m=2 120 !



N,T,

+R2, (r,,)dr)}+ 2% (10)

where M is.multipath components and 0 < /T <7, .
. After some algebraic manipulations, we have r.m.s noise

3u; exp(o;)+4o}

n.={(k-y?[ N

N Tb }IIZ

]

an

Where ¢ : and M, arc variancc and mean of long-term

(lognormal) fading. 0', and 7, arc mean signal power of
multipath components and data period ,respectively. !

C. State Probability

To moderate the effect of- Iong-lerm fading, a margin is
‘assigned to users when they are passing fading region. This can be
achicved by recorded data related o satellite angle which has been
kept in on-board processor. We consider the case when a signal X
dBm oscillating by W dB around arca mean of fading, A dBm
(users are assigned M-dB margin when moving into a specific
ares), X = M+ W, while arca mean ¥ dB is the combined
result of short-term(Rayleigh. variables) and long-term fading
(Lognormal variables) around its local mean, W=y + 3, . We
-use the general concepts that the cumulative distribution for a
random variable 2 = x + y is given by

P(z) JP(z ~ Y)p(y)dy

Thus, the probablllty that the envelope level does not cross a

specified level W dB below long-term margin is:

P = chp(—w /1267).exp(10%'% )dw
270,

Let B be defined as fade depth factor.

This equation bases on the assumption that short-term
fluctuation variables and slowly varying variables are statistically
independent{5](6].

(12)

C. Average Fade Duration(AFD)
According to Castro[7] AFD is defined by the equation

AFD = j 7. (w)dw

N()
P

where N w(W) is the level crossing rate defined as the expected
rate at which the envelope crosses a specific signal envelope with

the negative slope(downward LCR). and P is the cumulative

distribution function given in (12)

94

3. Numerical Results .

This section presents some numerical and simulation results
for channel performance under a number of different conditions.
Since S, depends strongly on shadow characteristic as well as

long-term margin, we will treat £ as the key pasameter. To

evaluate channel behavior in different circumstance, we have four
environment conditions obtained from the experiment resulls
recorded in Lutz{8] and rearranged in Table 1.

Table I Channel Parameters

Case £,(dB) o,(dB) o x(dB)
1 -12.9 5 11.9
2 -11.8 4.0 93
3 -88 . 3.8 11.7
4 % 2 N 119

Fig. 2 illustrates the upper bound or guaranteed probability of
bit error as a {unction of received signal variance under short-term
fading. With regard to the condition that each user has been
assigned margin to compensate long-term fading, we fix mean
signal gain(z, ) equal to 0 and -3 dB, optimum factor( p }=0.115,
thie number of user X=10, and M =5 for each user. Since signal gain

~3 dB below threshold causes small effect on channcl performance,

vanance(o’2 ) related to short-term variation can be viewed as a
major factor. We obtained from Fig.2 the maximum probability of
bit emror in case of. clear sky and impaired link. With reference to
Fig.3, results of Ep/l, versus 5 with channel parameter according
to Table I show the relation between signal gain due to fading
Ep/lo. Parameters use in the experiment are K=10, M=5 and N=127.

The curve indicated that O is likely to dominate the SNR while

M, has the least effect. According to Fig.2, O, : can be used as an
indicator of the channel behavior. If statistic information of each
rcgion was known, we would have important parameter such as
average fade duration(AFD) as a reférencé data in associate with the
specified threshold envelope.

PE
0.003
0.0025 4 = H=0dB
0002 "o H=-3dB
0.0015 - ,
0.001 -
0.0005 ~4———o————"">""

0- T -
0 1 2 3 4 5
Variance

6 7 8

Fig. 2 Upper bound process : PE versus received signal

Variance for g£, = 0dBand y, = -3 dB



8- case 3

case 2

case 4

0 1 T 1 T 1 T
| 0 45 3 45 6 15
B.(dB)

Fig.3 Ep/l, versus S, for channel parameter case 1 to 4.

This can be done when momentary fade duration is assumed to
exceed two consecutive packets.

In case we select transition threshold at Jower values of fade
depth factor(higher values of Ep/l,), probability that signal
fluctuation will be kept within threshold level and probability- of
bit crror(dcrived from Gaussian approximation mcthod) are

increased, as shown in Fig.4 and Fig.5, but duration of fade is also,

extended. Long fade duration tend to obscure the received
information and higher order of FEC is required to improve

system performance in this state. The results obtained from Fig.2 -

to Fig. 5 can be concluded by following itcration route
e Pp~p P ~Epflg—Pr—p P, .. .Epfig-..

which are bounded by Py derived from equation (8).

When bit eror probability( Py ) is known, the simplest
method to derive packet error probability is by following equation

X

Pt = Z(;’L—)(PE)I(I - P

i=0

where L is the number of bits in a packet. -

Based on above diagram, designer can design point of alarm
based on “x™ eror bits within a received packet in accordance with
AFD. Range of both x and AFD are limited by means of upper-

bounded P, .

o
5 -20 case 2
L
casc |
-30 ——— Numerical
Simulation |
40

- E 20 -4.5 -6.0 75
Fade Deptl. Tactor (d413)
(M
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case 3

Numerical

e Simulation

-5 -3.6 4.5 -6.0 ' -75
Fade Depth Factor (dB)
L)
Fig. 4 P versus fade depth factor( 3, ) for channel

2 parameter (a) case | and 2, (b) case 3 and 4.

v

O—7r 7 vTr T T 77T 1T T T 1 1T ¢TI
1 4 7 10 13 16

E,11,(dB)

Fig.5 P, versus Ep/l, for channel parametér case 1 and 4.
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Abstract

Satellite link has been employing as the minor part of data
networks for many years, but it is a hard 1ask for engineer to
initially design and cvaluate a network employing both
terrestrial and satellite links, since the satellite scheme from
each vendor has different aspects and conditions, though their
basic structures are similar. This paper presents a- general
model of satellite channe! with multiple access scheme, It
employs a simple flow basis of the number of blocked stations

to represent system behavior at equilibrium point. The model :

has a general and plain structure and, thus, has the benefit of:
1) easy o be conformed to different types of satellite channel

which rudiment structure is random access method, especially

sletted ALOHA, for inroute channel, 2) results are expressed
in terms of general performance measures which could ‘be
painlessly interfaced to terrestrial network, Finally, results
obtained from simulation and numerical computation are

‘presented and compared.

1. Introduction

Currently, the existence of various satellite that has
multiple access become a problem for the engineer who, at the
outset, designs and selects the type of satellite links which are
suitable for his network and also conforms the desirous
application for operation. This paper proposes a general model
of multiple access satellite channe] which has basic structure
as slotted ALOHA and could be easily adapted to satellite
channel from different vendors. Before describing further in
detail, we must first make clear that the result obtained from
this model might be not as precise as that from the original
claborate analysis and detailed simulation which had becn
done by system owner. The primary purpose solicited here is
to build a simple model which can be utilized as a primary
idea for enginecr who is designing and mvesugalmg the
performance of the integrated media network by examining
alternate conditions of satellite thannel. Section 2 presents
basic channel models which can be used as a general model
for ALOHA based satellite channel. Section 3 demonstrates
the idea of proposed model by analyzing well-known satellite
channel. Section 4 describes and compares the results
obtained from numerical and simulation method. Some
conclusions are given in section S.

2. Performance Analysis

A familiar gencralization of the described model for
slotied ALOHA channel with multiple access scheme, had
been summarized in [1). Wec define here the simple
parameters that used 1o characterize the pcrformancc of an
expected satellite channel. There are, 1) maximum throughput
at equilibrium point, 2) average delay measured from the
time that a packet is first transmitted from sender station until
it was successfully received v receiver station, including time

0-7803-5146-0/95.510.00 ©D1995 [ LE.
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that spent for retransmission(s) and waiting in buffers in case
of overlapping of subframes, 3) channel capacity and input
load, 4) optimum and stability point of system performance.

2.1 Throughput Consideration

Behavior of satellite channel (or state) depends upon a
number of factors such ‘as the. number of thinking or idle
stations, blocked sations, relransmission algonthm. the
methodology of the particular algorithm.intended to gain more
efficiency of network parameters for different types of
application, input rate of terminal, etc. However, our principle
concern in this paper is the number of blocked station
(terminals in retransmission mode). It should be obvious that
the state of slotted ALORA channel can be described by the
transition of blocked stations[2). To reduce the complexity of -
computation, . system behavior will be evaluated at the
equilibrium point. Thus we can first define & simple formula
for slotted ALOHA based channel as :

where
o @, and- Q,, denote respectively’ the number of
packets arrived at the system and packets successfully
transmitted in a period of time,
. P,. is the probability that a newly generated packet and
retransmitted packet will be successfully transmitted.
We will use “Q, " as a key parameter to contain the

“channel event occurred in cach condition: for those different

types of satellite channel as previously mentioned. We shall
demonstrate this further in section 3.

2.2 Delay Analysis

The expected average time from when a packet is
generated until it is successfully received, in case that the
positive acknowledgment is not required, can be simply
cxpressed as the sum of averagk delay time occurred in each
possible condition (assumed independent to cach others)

" weighted by probability of the gocurrence of event in that

condition. With this definition, lhc total delay time can be
written as :

To =T, +T,) + Pi(sz +T)+...
p, (T, +T.) @
where p, is the probability of n-th conditioned event.

In writing this delay formula, we take advantage of the fact
that, in slotted ALOHA multiple access system, there are only
two possible delay cncountered by a terminal afier it had
transmitted a packet. One is the delay time occurred in case of
successfully transmission.T,, and the other is delay time
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caused by collision, 7, ,. Noted that, generally, the first part of

the delay encountered by a message when it arrives at a
station is the delay in the queue before it is conformably
divided into satellite packets. The evaluation of this delay is
complicated by the fact that the time spent in the queue
depends on the number of messages coming from other
stations, though the stations in that system has been defined to
be independence between each others. This corresponds to the
behavior of the whole system and is important for designation
of the integrated network previously mentioned, thus, it will
be left to concerning topic and not included here. .

3. Example of Numerical Analysis .

For example, let us demonstrate the utilization of the
above model by analyzing a well-known satellite reservation
access scheme proposed in (3]4), The computation will be
made by using frame structure categorized as shown in Fig.1,
and by using chanmel conditions and processes which had been
Gefined in [3][4). B

..... OO0 YT
al stots —n— (1 - a)l stoss ——"I
. (Reserved Subframe)
Fig. 1. Frame structure

Sesse

3.1 Throughput Analysis ( : S)

Based on above definition, each remote station in the
thinking state generates new packets (packets contain one short
message or first part of long message) with a Poisson rate of
A packets per frame. The terminal which encounters a
collision at the channel and have to process retransmission by
following retransmission algorithm is said to be “blocked”, and
terminals in this state are called “blocked stations - n,, "

Each packet suffering collision must delay for r slots (assumed
exponentially distribution and conforms to next ALOHA parts)
before retransmission. When a packet occurs, the station have

to calculate whether its transmitted packet will arrive ALOHA

part or reservation part. By observation with respect to the
frame, the arrival of new packets can be identified as follows:
1) If the station transmits that packet, it will arrive at the
.reservation part. This case is prohibited, thus station has to
wait until next frame. Assume that 0<2,a <1, we can

estimate the number of paékels generated during a frame
period by:

(N - nnx ) X’a . (3)
Since the events are independent, the average number of
stations in this state are simply :

B =i0|(N =1, )., .(1 ~a)] )
where int[..] is minimum positive integer. Assume that

stations are defined to transmit the packets to next ALOHA
parts with independent random process, thus packets from
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n,,, which will access to any slots in the next ALOHA pan

and follow uniform distribution are n,_, /al.

2) In ALOHA part, a packet arrived at the station’s
transmission buffer is transmitted immediately with rate /'{u
packets per frame, '

Frame ne2 Frame p+)

Frame e}

1L 1a
A 3 23 A 4 A A
Fig..2. Interval of the retransmission probability

In reference to (1), the.quantity of packets (per slot) that flow
into the system can be derived as

Q,=(N-n_, =n,)A.a+(n, /a) (5
After learning that & collision has taken place, the station
transits 10 blocked state and" retransmits with uniform
probability anywhere in next' ALOHA parts and on the
average 3., packets/frame. Fig2 Dlustrates the probability
renge of packet randomly retransmitted from blocked station, _
following definition of channel division. Let Dyee denote the
probability that blocked stations will transmit to any slots in
the ALOHA part of next frames, We have :
™ 1-exp(-4,)
Thus the number of packets represented blocked stations
trying to.flow out of the system are simply as :

"(6)

Qou.l =nrtx2'rpru : ¢
Consider the probability that a packet is . successfully
transmitted, P, ,[4] which is equal to exp(=G,) ,where:

G,=(N-n, -n,).a.4, +
(n, laD)+(n,Ap,.) ®)
From (1), (5), (7), we can now derive n,, a the equilibrium

point, and average throughput (S,) can also be obtained from
the following well-known formula -

S, =U(N -n, ~n_).a.2,
+(n,, /al)).exp(-G,) ®
At the equilibrium point, the average numbers of the first
packet of long message which are successful ly transmitted in
each frame is given by:

W, = al(1-1,)G,P, (10)

When [;:[s is assumed to be the ratio of the first packet of long
message and  short message (single packet), Consider
reservation part which is limited at (1—a)/ slots, if the
quantity of reserved packets exceeds the limited number,
they wili be suspended and would try to reserve again in future
frames. Assume that each siation’s queue is independent, and
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filled up by following exponential process and FCFS queuing
discipline, we now compare such event to the event that at
least r outcomes had occured during interval [0,x]. Suppose

that the probability of eventis P(N, 2 ), then we have :
1—-P(N, <r) =1-Prfatleast r queues have contained

total packets equal to x].
Thus the probability that at least 7 queues have contained x

packets is equal to ;
£ x.
= exp *.(—)
- y—N an
=0 i! .
where, w represents average number of packets per queue.
Since we define Poisson process for newly generated
packets, we have i queues from i.stations derived by a
probability function
il
¥x=(l1—a)l, we have the probability that the queue
will not suspended, p,,., &s:

(1- a)l (1- a)l

X( ) W'r
=0 (‘ !)2
(12)

Then the average throughput of reservation part is
W, PoumW-

a-ay exp(-W, —

P nm™

3.2 Delay Analysis (: D)
Consider T}, , the response time after a packet had been

transmitted. 1t is the sum of propagation delay(R), processing

time(Tprec), retransmission delay and delay according to each

particular condition. Let us classify delay time due to both

parts of the frame, ALOHA and reservation, When a packet is .
generated during ALOHA part, it is sent immediately,

Following this event, there will be two possible delay

according to transmission results, delay in case of successful

transmission given by [4]:

=15+2R+2T,,, a3)
and delay in case of collision given by:
=15+2R+2T,,. +E[r}(D,) (14)

where, E [7] is the average number of retransmission given by
1- Pn / Pnpnx

retransmit to ALOHA part only, we have :

. By definition that blocked station must

l
D, —1-+2R +2T,c
For the case when a packet is gencrated during reservation
part, it can also be divided into 1wo types of delay.

as)
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exp (W, ) ‘
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Orie is in case of suocessful transmission given by :

a-ai
T,= 2 2 +2R+ 2T 16)
and the other is in case of collision given by :
(d-a)l a)l al
=" 2 +2R+2T,, +E[r]1D, )

Queue which is suspended will be sent once again in future
frames. Then the average response time of the system is:

T, =1(D)+Q1-L)(p,..D,)+
(A= poum)-(D, + (A= a)D))]

D, = exp(—-é,)[dn +(1-a)T,]+

(1 —exp(-G, laT;

4, Numerical Analysis Results

In this section we present both numerical and simulation
results showing system performance parameters versus A, . To
analyze system performance, a number of states have to be
considered and in order to cover possible characteristics of the
system, but we will peesent here oaly to justify in the case of
practical interest at the parameter value: w=3, 1=24, R=6, =
0.54,4, =0.5. The algorithm of the software model used for
simulation was constructed based on realistic events with
simulation time 20,000 slots. In Fig.d4-5 (a),(b) and (), the
average throughput and mean delay are depicted as a function
of input load(A,) at 75, 100 and 125 stations respectively.
Slot size in the satellite channel is chosen to be 0.0416 sec.
Note that the scale of input load is stepped in three intervals
for clarity purpose. To obtain the moderate optimization
between throughput and delay curve, we select the length of
ALCOHA part with respect to the distribution of average packets
in queue at a=0.5(see Fig.3). The mean throughput given by
(9) is a global measure of the packets ttansmitted by the-idle
stations in every inbound channel conditions. The results
exhibits unstable behavior as shown by {5] and [2]. In Fig. 5,
mean delay given by(18) is rapidly increase when it is close to
saturated point.

(18)
where,

n+(1=a)T,]

S. Conclusion

We do not develop here any new treatment of feasibility
but rather limit ourselves to the simplicity of that how to deal
with the complexity of satellite channel in case of designing
integrated media system. Finally, our results indicate, 1) for
each value of station N, there is a critical value of load that
causes the system saturate. As general examine method, we
can use this throughput-delay relationship to design or select
the acceptable point of operation, 2) the comparison of the
results obtained from simulation and analytic model exhibits
the conformity. Thus both method can be employed to find the
optimal value of system parameter, 3) the results obtained from
the model described through this papers are based on the
fundamental architecture with independent property of each
station and cach channel condition, thus they arc casily adapted
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in accordance with conventional model of computer network
which used only land-line media,
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Performance Analysis on the Controllable Slotted

DS-CDMA with an Allocating Buffer for Collided Traffic

Seri ASAVARUK!, Suvipol SITTICHEVAPAKH,

Ruttikorn VARAKULSIRIPUNTH!, Nonmembers, Yasushi KA'I‘OmhMember,

SUMMARY This paper presents an analysis of the Slotted
. DS-CDMA system with modified rode components in order to

construct a load control structure in which the service rates of- ¢

each node can be dynamically adapted without using feedback
information. In contrast to the traditional Slotted DS-CDMA
which is widely represented with gingle queue, prior emphasis of
thoappmadx!shidonthemageofanadditionalqueuewhid:
is applied to manage the collided packet traffic while its queue
size is also used as a load control . Semi-Markov pro-
cess is applied to describe the statistic behavior of the system in
steady state. Trade-offs between two major performance parame-
ters, ie., delay and throughput, are presented and compared with
those of the traditional system. Results obtained from the sim-
ulation and numerical analysis using queuing concept are com-
pared. With these results, an advantage performance for group
padeefsiasbown,mdmﬁmllyaztendtbeconoeptbasedontbe
obtained results to describe a simple algorithm using one way
control message as the tool to alleviate the stability problem.
key words: Slotted DS-CDMA, collision-resolved queue, system
throughput, message delay.

1. Introduction

In certain applications, user information is sent in the
form of variable-sized messages that need to be seg-
mented into smaller packets. The length of the packet
is assumed to be equal to the size of the channel time
slot. When these packet segments are sent across the
large propagation network such as satellite system, the
delay incurred by the propagation, multiple access and
time spent in the terminal’s queues may cause upper
protocol layer to assume some of them as lost events,
despite correctly receiving, and possibly retransmitted
them needlessly. These disadvantages will significantly
limit the channel performance and capacity. Main fac-
tor that also makes the system susceptible to the delay
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figures is the backlogged condition which is considered
necessary for stabilizing chennel reliability and alsa for
keeping the packets in the correct sequence when ar-
riving at the receiver {1),{2]. Although the correspond-
ing results achieve the required performance when con-
sidering individual packet, the scheme has a potential
problem of incressing the waiting time within the inter-
nal queue, resulting in throughput constraint and high
message delay when input traffic is the messages carry-
ing one or more packet(s)[3],[4]. To mitigate this dis-
advantage, we apply the concept of freely transmitting
the packets in order to reduce time spent in the termi-
nal’s queues. When a terminal has the new packet(s)
in its first buffer, it immediately sends those packets to
the next time slot. In the proposed system, the termi-
nal can send the new packets up to the limited window
size, and the terminal whose packet was collided can
also sends new packets at the original rate, and simul-
taneously manages the retransmission. The rest of this
paper is organized as follows. Section 2 introduces and
explains the model of the proposed system. Section
3 study analytical models for deriving the throughput
and delay. Numerical and simulated results are ana-
lyzed and compared in section 4. Control architecture
and its simulation results are also given in this section.
Finally, discussion and conclusions are provided in Sec-
tion 5 and 6, respectively.

2. Modeling

The system illustrated in Fig.1 consists of N terminals,
each of “which is assigned a different spreading code.
New traffic is assumed to be in the form of message car-
rying one or more packet(s), and will be uncondition-
ally sent out in order to reduce the time spending in the
queue. Each terminal is represented with three queues.
The first queue (@) deals with newly arrival packets,
while the second queue {collision-resolved queue : Q2)
is used to store and manage the sequence of packets that
are declared as collided traffic. The third queune (Q3) is
used as the output queue which is assumed to operate
in First-In-First-Out order. P, and P. are defined as
unconditional successful and unsuccessful transmission
probabilities, with P=1-F...

In traditional Slotted 1DS-CDMA syvstem, the col-
lision is not declared unless the munber of packets in
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Fig.1 System Model

a slot exceeds the limitation. The terminals with un-
successfully transmitted packets will be called backlog,
and backlogged terminals will attempt to retransmit
their packets until they are successful as shown by tim-
ing diagram in Fig. 2. The disgram in Fig.3 shows
the timing process of the proposed approach starting
at the time when a message is sent out from Q;. The
shaded box represents the collided packet which will be
acknowledged as a failure to the source.

If we denote the average number of packets arriving
at the channel during one slot duration by the offered
load, it will consists of new and retransmission traffic.
New traffic arriving at the terminal is assumed to be the
variable-sized messages which can be divided into one
or more packets. These messages will be transferred to
Q,. When their first segments(packets) reach the head
of the queue and ready for service, without backlogged
condition, they are orderly sent out to Q3 with expo-
nential rate of yu, packet per slot. After transmission,
the terminal sends the replica of the transmitted pack-
ets to Q2, and waiting for individual acknowledgements.
When receiving the successful acknowledgements, the
terminal discards the success packets out of Q2. It will
starts the retransmission process with Poisson param-
eter us packet per slot if collision acknowledgements
are received. This collision-resolved process will be
repeated until each collided packet is successfully re-
ceived. We assume a terminal can process the new
transmissions and retransmissions individually and in-
dependently. Terminals also assume to operate in two
-states defined by the status of Q2. It generates traffic
with rate g; when Q; is idle and with rate p; +po when
Q2 is busy.

With the concept of unconditional transmission, it
frequently results in increasing the sending rate of ter-
minals based on the active Q2. This requires a simple
control approach which can adjust the burstiness of the
offered load to obtain overall system availability while
maintaining individual user’s performances. More de-
tail of the control approach is explained in section 5.
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3. System Analysis
3.1 ‘Throughput Analysis

In this section, the channel throughput (S) is used asa
measure to evaluate the system performsnce. Here, S is
defined as the average number of successfully received
packets per time slot, and is given[5],[6] by

N

S=Y_ kPcPi(K) (1)

k=1 X

where N is the number of terminals, Py is the proba-
bility that a packet is transmitted simultaneously with
other k-1 packets, P,(k) is the conditional success-
ful transmission probability of a packet and given by
P,(k) = [L — Qy(k)]*. Here, L is the number of data
bit per packet, and Q(k) is the bit error probability
given in [7] as follows

Q) =5 + 7217 @

where Q(.) is the integral Gaussian function, % is the
ratio of energy per bit and spectral density of noise
power, k is the total number of simultaneously trans-
mitted packet(s)in the slot, and n. is the spreading se-
quence length. The modulation scheme used in the sys-
tem is BPSK(the results are also valid for QPSK) [71,8]-
We assume that the long spreading code sequences and
perfect power control are employed. Approximate ex-
pression of Qu(k) will be derived based on the same
manner of channel environment originally described in
[7]. Svstemns are also assumed to be ideal, and all im-
perfections such as nmlti-path fading is not considered.

The dominant. cause of unsuccessful transmission
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3
in a slot is the multiple-access interference(MAI). Note Q AP
that all spread interference appeared to the channel in- 3 povons | A
cluding MAI, is approximated as 8 Gaussian random x L=
variable (Gaussian approximation). Thus P} is mainly Yy @
based on the present number of terminals that have its , Aqgs?,
second queue(Q3) in busy condition(busy-Q3). Puncti .
Consider a slotted time quening system with N Fig.4 fona! Ding
statistical independent traffic sources. Let py; be a state
transition probability that the number of terminals hav-
ing busy-Qs changing from i to j (0<i<N,0<j <
N) st slot time ¢ and ¢+1, respectively. py; can be ob-
tained in according to the following conditions.
Case 1: when i < j '
pij = ang(N_j")Cﬁ—;ia le-i+a(1 — NI
Cirg(1 -7y~ )
Case 2: whent > j
Pij = Tmo QA -m) o N
.C;_arj"-“"'(l — 1y (4 Let p;,y denotes the equilibrium probability that
the-X bax and Q3 contains x and y packets respectively.
Case 3: wheni=j Using the property of the double z-transform, we ob-
; . . . tain a set of state balance equations as:
pij = Ln;:(N—t,t)C:'-grla(l _ Tl)N-l—c
Citt(1 =71, 5) Case 1: whenz=0,y=0
where C = -5y and 7, and 7y are the Busy-to-Idle #1900 = AaPaP1,0 8
and Idle-to-Busy transition probabilities of Q2. Both i _
events are assumed not to occur at the same given time Case 2: whenz> 0,y =0
slot. Let U, be the steady state probability denoting ko . Nt .
there are n terminals having busy-Q2 during a time Zﬂlp:.ozl + Z/\qsl’:.ozx
slot, and P be the state transition matrix of p;;(i-e., z=1 z=1 .
P = [pij}, (N+1)#(N +1)matriz) that can be obtained > had
from equations (3), (4) and (5). Then, we can derive = Zmp:-x,ozf + z’\‘ﬂp sPz+1,01
U, by using the following N+I equations (3]. ’:’ ==
uT=UTpP (6) + pope117 (9)
z=1
where, UT = [Uo,Uy,Ua,...,Un] and N Us = 1.
Thus, the average number of terminals having busy- Case 3: when z=0,y>0
Q3, i.e., Ngv, can be obtained as follows i v i v
Mmpoyz + H2Po.y%2
Nau = 2.’:’=onUn (7) y=1 y=1
To derive the value of 7, and 71, it is necessary to study _ b v b v
the queuing behavior of each terminal, especially that of = z_: Ag3Psp1yz2 + z—; Ag3Fep1y—1%2 (10)
Q2. With the component shown in Fig.3, let us rewrite v=l v=
it by folding all the components, except (2, into one Case 4: when z > 0,y >0
box as illustrated in Fig. 4. In diagram,p; and p2 are o oo
the generate rates of new and retransmitted packets + + 2=
presented to the X box, respectively. Ags is the packet ;;(I»‘l A+ palPeazizz
departure rate of the X box and P; is the uncondi- < o 0o oo
tional packet success probability. Now, let £ and y be = A3 PaPzi1pzszy + P1Pz—1,y27 25
the number of packet(s) in X box (including one being Z;uz::, @lsPerlvn g Vz=:, Wemhy oz
serve). and in Q.. respectively. By nusing the concept of o
birth-deatli process. we create the state-transition-rate + Z N JrPr g1 = 3138
: o 2= ¥

diagram for the system as shown in Fig.5. r=1y=1



o 0
+ Z Z Aq3P eP::+1,y-lzf z%’

=1y=1
Then summing both sides of all cases and identifying,
o0 00
Pz, ) =YY pPeafid
z=0 y=0

to obtain

(11)

Pl ) + AlPot,2) — 3 202
y=0
+alP(21,22) — Y _ P=.07]
==0

= plzlp(Zh ”2) + &:_})1[})(21132) - Zm.yzg]

1 =
+'Xq's_z}:ﬁ[P(zh z)— ZPOJZ;]

y=0

Py, ) - ) peoi] (12)
=0

Given Y2 pi07i = P(0,z2) and 3°724p0 8 =
P(z,,0) and substituting z; = 2z = z into (12), we
obtain

l‘lP(zl: 22) + &3[1’(2, z) - P(O’ z)]
+u2[P(z,z) — P(z,0)]
= mzP(z,z) + -/\%P'[P(z, z) — P(0, 2)]

+Ag3P.[P(z,z) — P(0,z)]
+lP(z,2)  P(z,0)]

with some manipulations, we obtain

p12P(2,z) + A3 P[P(z,2z) — P(0, z)] (13)

given z=1, we obtain
— A413P‘s — 1

P(0,1)= _—_/\q3Pc (14)

and
P,
P(,0)=1-£L= 1
(1,0) P2 (15)

Here, P(1,0) and P(0, 1) represent the probability that
there is no packet in the X box and in Q2, respectively.
With the description of 7, and 7 given earlier, we now
obtain 7, = Py Y oe g Pz and 1 = 1 P.P(1,0). Let
the ratio between the average number of terminals hav-
ing busy-Q1(n,,) and the number (N) of total terminals
be vy, we approximate the total offered traffic appeared
to the channel as:

Hu = i_l - "'u')-'\vl‘l + 1"1:'-’\’,(”'] + I"'Z)

(16)

—an
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Fig.6 Throughput results with :2=0.3

If the assumption of Poisson environment for s
and p1z exists, then w0 can also be assumed as Poisson
process. In considering the equilibrium probability, we
need the long-term unconditional value of P,. Instead
of evaluating the average, we analyze the system be-
havior by selecting P, corresponding to the system at
the condition between average and unstable area.

Let Py be the probability of having k attempted
transmissions(packet arrivals) in a time slot, when the
system is in state n, denoted by

P[k/"] = zglin[k.ll"" ::],O]C-N-" l"i (1- #I)N—n—i

Ol + )~ (1 — 1 — )" Qa7
Thus the successful transmission probability for a
packet at a given time slot is [8]

N 1 kpj
P, = EJ=1b2£v=J-k_CJkP3 (k)

(1 = Po(k)) ™ Py} (18)

Now the throughput can be obtained from (1), (18)
and P,(k). We verify the accuracy of our analysis by
comparing numerical results with the simulations run-
ning by OPNET software as shown in Fig. 6 and Fig.
7. Simulations are performed based on the same sys-
tem configuration and environment previously defined
for numerical analysis. The simulation period is 3600
seconds for every experiment. We fix N = 35,u2 = 0.3
in Fig.6 and N = 35, = 0.5 in Fig.7, and define
B = 15n; = 127,Ly = 1000 for the CDMA chan-
nel. Curves illustrate the generated rates(u) of the
new traffic as a function of throughput (packet per time
slot). We select the relevant parameters of P, at the
area where the traffic generated to the channel becomes
heavy. We remark that the results obtained by numer-
ical analysis show higher throughput than the simula-
tion around the maxhmnn area.

In Fig. S. the average nunber of terminals having
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busy-Q; is plotted as a function of g; with N=35. The
results suggest that the critical area starts up at u; =
0.22. In solving the queuing behavior of each terminal,
v, should be kept lower than 10 for N=35 in order to
stabilize the channel.

3.2 Delay Analysis

In this section we evaluate the message delay by means
of numerical approximation. As'mentioned in the pre-
ceding sections, all queuing components are assumed to
operate independently, and the waiting time plus ser-
vice time in all queues is taken into account through
the total message delay. Let us define the total mes-
sage delay, Wy, over the satellite link in terms of the
sum of fixed transmission delay, processing time and
average queuing delay as follows

Wi =T +7~3 +7}-+E+(H_T;:«:) (]9)

In the above equation. Ty and 7y are the expected delay
time spent by each message in ; and @3 respectively, g
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is the average message size(packets), Ty, is the process-
ing time of central HUB, T, is the propsgation delay,
and b, is the mean delay of the retransmission events.
When all message segments are successfully received,
the total message delay is

Wil +T3+2Tp+(§Tpc)

The analysis of Wi can be carried out using the timing
sequence shown in Fig.9.

3.2.1 Delay on Qs

We describe the process of @, with the Bulk arrival
M/G/1 queuing system. A delay measure of @, is the
average waiting time for a message denoted by W,. To
derive the value, the first and second moment of service
time of a message denoted by &) and 2 are required.

Let T (s) be the Laplace transform of the density
function of message service time defined as Tp,(s) =

G(B(s)), G(z) = 3%, 92 be the distribution of the

message size, g; be the probability that a message car-, -

rying i packets. Given the service time distribution of
an individual packet, By (s), we have

T2 (s) = GO (B} () By () (20)
and )
T2 (s) = GO (B () By (s)
+(B ()26 (B} () (21)

where ToV(s) and T3 (s) are the first and second
derivative of T (s)- These values will be used to cal-

culate &) and t? Letting s=0 in (21) and applying
Little’s result, we have the average waiting time in @,
for a message{9):

A (?tg))z 2 C?
Wy =971 114C24+ = 22
a 2(1—Pq1)[ 9 3 ] (22)

where C2 and C are the squared coefficient of variation
for message size and message service time, respectively.
Ag is the message arrival rate per slot. pg is the uti-
lization factor of Q;. Given the average message size,
g, we obtain

Ty = (L) +w, (23)
1

g
"



3.2.2 Extended Delay on Q2 and Q3

Q- and Q, are assumed to generate interdeparture traf-
fic with Poisson process. The combined traffic which is
also in the form of Poisson process becomes the input to
"Qs. We use the expression of M/D/1 to evaluate aver-
age waiting time of Q3. Since its constant service time
is equal to the satellite time slot, the average waiting
time for Qs is given[9] by

W, 8 = A<l3t:lo¢.

= - pe) )

Applying this value and an average message segments, )

we obtain
T = g(Wys + taot) (25)

where t,10¢ is the slot time of satellite channel, pgs and
pqs is the utilization factor of Q3. Note that the first
packet from a message segment that arrives at Qs could
reach the head of the queue and gets service before the
complete arriving of the whole message segment. When
Q3 sends out a packet, it could be still in busy state,
or becomes empty. Given pg3, the distribution of the
interdeparture time can be obtained by

Bys(s) = (1 — pq3)Aga(s)D3a(s) + pg3Dia(s) (26)

where A; = ﬁ}\’; is the interarrival time distribution
of Q3. Ag3 = 1+ pgatta. Pg2 is the utilization factor of
Q.. Since service time of Q3, dg3(z), is deterministic
with value t,0¢, we have dg3(z) = Up(z — tsioe) and
D3s(s) = exp(—stsia). Applying these parameters to
(26) and taking out the Laplace transform, we finally
get the departure time density:

bea(t) = (1 — pa3)rgaexp(—Aga(t — tatot))O(t — tatot)
+pg3Uo(t — talot) (27)

If pg3 << 1(the service time is very short compared
to the arrival rate), we expect the effect of Q3 is in-
significant, and its interdeparture traffic is close to Ags.
When the packets arrive at the central HUB, they must
spend some time in the HUB to be considered a success
or failure before leaving to the higher protocol layer or
returning to the sender. We make use of this definition
to model Q- as a discrete time queue with general ar-
rival process and Poisson distributed service rate with
parameter P.A3 and 2, respectively. Given the upper
bound on average waiting time of G/M/1 by [10], we
have

_ a4+ C?)ra

qu — (03 + UE)PCAQS

oyl
1+C2p2 ' 2(1 - pp2)
where C? is the squared coefficient of variation of ser-
. . -y o - - -
vice time. o} and o} are the variance of interarrival
time and variance of service time. Since a packet may

] (28)
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circulate more than one time, the remaining priority
factor is the mean delay of the retransmission event,be ¢.

Let B24(s) be the Laplace transform of service
time of Q2, BZ(s) be the Laplace transform for de-
lay time of the attempt, and B; ,(s) be
the Laplace transform for delay time of the successful
attempt after retransmitting n times. Thus

oo

S I(PeB: ()™ (P2 B: o(5))]

n=0

(PB2(5))
= T—(B,()) 9)

Differentiate and let s=0, we get
P.B®(0) - P,P.(BE(0) -
(1-F.)?

where P, is the unconditional packet success probability
obtained from (18), P. =1 - P,, and

et (s)

Il

B

©) (g

bes =

BXR(0) = be,c = 2T + GPe(We2 + Wos + ta10¢X(31)

BY)(0) = bes = bee + Tpe (32)

We are now sble to derive by using (23), (25) and (30).

The correctness of the mathematical model is ver-
ified by comparing with simulation results given in
Fig. 10 and Fig. 11. Regarding the message seg-
ments presented at @), we define Ag= 1,9 = 8 and
02 = 144.2. With the same environment as in the last
section, curves show analytic and simulation results ob-
tained for average delay of an individual message with
fixed values of go= 0.3 and 0.5. One of the main im-
pacts that makes the difference between the results ob-
tained by the simulation and numerical analysis is the
effect of gap size between channel slots. This gap size
belps the simulation program to identify two slots in
a roll. If we select the value too high it will results



ASAVARUK et al.: CONTROLLABLE SLOTTED DS-CDMA

@ e :
—+ Nomerical 185
¥ - Simwlation | 4
P
S J
o
'(
30 \d
n-a
3 . ,‘
= tpgpsoly- Y
_ Lo g
™ o Cpind »
& Wy Y
200 por Ly
-
1 wo“"""'l

0% 02 0% 03 0F 04 06 05 05 0§
New trafic

Fig.11 Delay result, with 3 =0.5

in losing throughput, but gain more success probabil-
ity and lower delay. In this paper, we concentrate on
the results obtained from two systems (traditional and
proposed one) at the same channel environment. Thus,
we select the gap size that causes the lowest value of
the packet error. This results in losing around 7 per-
cent in throughput, but gain the reduction in success
probability and system delay by factor of 13 percent.

4. System Comparison

In this section, we evaluate the performance of the con-
trollable scheme by means of numerical results, and
compared them with that of traditional scheme. We
assume that both techniques are equivalent for which
the offered loads are generated with the same manner
and have the same pattern of throughput. Thus, u2 of
the controllable system and average retransmission rate
of traditional system can be considered as a common
parameter.

4.1 Throughput Comparison

Computing the throughput S as a function of y; using
(1) and (18) resuits in the plots of Fig. 12 - 15. In the
figures, the throughput is plotted against the offered
load for various values of u; with ps qual to 0.3 and
0.5 with N equal to 25 and 35. The new traffic gener-
ated with rate 1, is assumed to be an average departure
rate of Q; of all terminals. Compared with the tradi-
tional scheme, we define p) as the transmission rate
for the terminal in ready mode, while p is compared
with retransmission rate for the terminal in backlogged
mode.

The plots are made with transmission rate g, (new
traffic) as a parameter while retransmission rate, /i3,
is kept constant. We do not use the transmission rate
more than 0.6. since it may be too large for the Markov
chain to provide the correct values of the steady state
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distribution. When the control method is applied, each
terminal will try to adjust its resources to keep the
channel operating below this point. By simulation, we
found that varying p2 doesn’t result much in adjusting
the performance. A parameter that is more appropriate
for this purpose is y.

4.2 Delay Comparison

We present in this subsection the mean message delay
results assuming infinite terminal's queue size. Let us
reconfigure the equation (19) into two components as
Ty + T T) is the message waiting time which occur
on the terminal’s first queue, while T, is the delay

since the first segment of the message was sent out from

the terminal’s first queue (input, queue) until all the
Inessage segments is successfully received. Fig. 16 -
Fig. 18 illustrate the results of delay comparison. with
the parameters of N=25, 30 and 35, and 1, =0.3-0.5.
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Since both schemes are operated based on time interval
of channel slot, the results are shown in the unit of slot.

As an illustration of the results, the controllable
technique is more sensitive to the offered loads than
the traditional ones. This is because we assume two
individual queues contained in a terminal. When the
channel status becomes worse by the result of heavy
traffic, the number of terminals that have active-Q2
rapidly increases, and the throughput reaches the satu-
rated point faster than that of traditional one. On the
contrary, it can be seen that the total message delay ob-
tained from the controllable system is far better, since
the terminal is allowed to freely send out the packets
in their input queues and let Q2 take care all the col-
lided packets. This makes a message deal with only
one propagation delay plus the waiting time in queue,
nltiplied by the number of segments contained in that
message in case of no collision ocenmrring. Packets are
also kept waiting in the buffer for a shorter duration in
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the @, and Q2.
4.3 Control Architecture

The flowchart of the control approach is given in Fig.19
Since Q2 is used to store and manage the sequence of
packets that are declared as collision, we simply use
its queue size associated with ACK messages as the
parameters for determining the current status of the
system and also for specifying the sending rate at which
Q, shouid be performed.

The cycle of the control process start when ter-
minals receive the acknowledgement (ACK). In case
that ACK is negative, terminal stores the packet at the
tail of Q2, and checks whether its queue size reach the
threshold. By adjusting the output rate of Q) based
on pre-assigned threshold, we can control the total of-
fer loads presented to the satellite channel. For sim-
plicity of the simulation. we assign single control step
at each terminal. For example, given the fixed value of
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Fig.19 Flowchart of control approach

2 = 0.4, the service time of Q) is T}I when its queue
size < 8, and is -2 or - when its queue size > 8 (in-
cluding the one being serviced). Fig. 20 provides the
results of message delay in unit of second under normal
condition. It can be noticed that the results obtained
from the systems with and without control conditions
become close to each others, since the channel is stable
and the queue size of Q; is always lower than thresh-
old. Fig. 21 shows the results when the channel] suf-
fer with degradations(Eb/No lower than 5 dBm). In
this range, the lower u; becomes, the better the total
message delay is. This is because the packets are kept
within Q2 instead of letting the terminal attempt to
transmit packets over the acceptable traffic level. This
event is not last if the arrival messages rate of Q1 keep
increasing. It is confirmed by the results illustrated in
Fig. 22. The plots show the average time duration
of turning the terminal state from stable to unstable
(start) and from unstable to stable (stop).

5. Discussion

In Fig. 12-18. we see that the controllable scheme drives
the system into saturation point faster, but gives the
better delay results. For a particular load offered to
the channel. we wish to determine if the throughput at
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Fig.21 System with control approach under impaired condi-
tion

this point is still below the saturation point and the
delay can be accepted by the application. In consider-
ing these questions, we use power factor (i.e., through-
put/message delay) as a parameter to justify the perfor-
mance of our system, and the results shown in Fig.23.
As seen form the plots, it is evident that the controllable
scheme still works well if the offered load presented in
the area mask of 30 percent below the saturation point,
although the performance of the controllable technique
degrades very rapidly as the offered traffic increases. To
keep the system in the workable area, we need a control
policy for each remote terminal. Since the propagation
delay is high not only in the satellite environment, but
possibly also in other wireless media, it is not appropri-
ate for the remote terminal to depend strictly on the
response messages sent. fori the centralized or main
HUB to control the output traflic.
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Fig.23 Power Factor versus new traffic,with u2 == 0.3

6. Conclusions

In this paper, we concentrate on the structure of the
ground terminals. By allocating an additional buffer
as Q- for resolving problem packets, the terminal can
manage two types of traffic independently. Further-
more, the terminal can sense the channel status by eval-
uating the size of this queue. We found that the number
of active terminal does not change much when varying
the average departure rate assumed to be used in all
terminals when we consider the number of terminals
who have their second queue active as the parameter of
system status. The results of analytical and simulation
show that the approach is capable to change the traffic
intensity and, consequently, keep the system stable for
longer period. Thus, to stabilize the whole systemn sta-
tus. cach terminal is designed to control its service rate
based on the behavior of Qa.
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