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1 Introduction

As the development of packet switched network infrastructures advances, man-
aging the resources of these networks becomes inevitable. Resource manage-
ment in packet switched networks differs substantially from that of traditional
telephone networks, because a wide range of applications and services with
diverse traffic characteristics and quality of service (QoS) requirements have
to be transported. The task of resource management typically includes the
solution of a complex optimization problem: the fraction of packets that get
lost or suffer from unacceptable delays must be kept below a given threshold,
while the amount of used resources should be minimized.

In the 80-90s, the ATM (Asynchronous Transfer Mode) technology was de-
veloped to cope with the new requirements on resource management. ATM has
been equipped with the basic tools of resource management, such as resource
allocation and service differentiation, for example [1]. On the other hand, the
dramatic growth of the Internet in the late 90s made it clear, that developing a
general framework of QoS support and resource management for the Internet
can result in a more widely used option of multi-service networking.

Although the original goal of ATM, namely to provide a global, multi-
service network, did not prove to be viable, ATM is used in the transport
infrastructures of backbone networks. One example is the land-line transport
network of UMTS [2, 3] (Universal Mobile Telecommunication System). UMTS
may be regarded as the future successor of today’s GSM (Global System for
Mobile): the objective with UMTS is to enhance the capabilities of current cel-
lular systems to be able to deliver high quality multimedia content, to become
connected to the Internet, etc. [4, 5]. WCDMA (Wideband Code Division
Multiple Access) [6] is the radio interface of UMTS. WCDMA essentially op-
erates with so called radio access bearers (RAB), which are basically packet
switched radio connections with dedicated resources. Due to requirements of
user mobility and radio interface timing, the major QoS requirements on these
connections are fast connection set-up and low packet delay, respectively. To
support the bandwidth efficient transmission of low bit-rate, delay-sensitive
applications (typically conversational voice over an ATM network), ITU-T has
standardized a new ATM Adaptation Layer, AAL2 [7, 8, 9]. Also fast AAL2
connection set-up has been an important goal of AAL2 protocol design, there-
fore the ATM/AAL2 infrastructure is a suitable transmission technology for
the UMTS Terrestrial Radio Access Network (UTRAN) [10, 11]. The IP based
transport infrastructure of UTRAN is currently being specified in 3GPP [12].

Since UTRAN is a connection oriented network (transporting the RAB
connections), the strict delay requirement must be ensured by connection ad-
mission control (CAC). CAC decides whether a newly arrived connection can



be accepted such that the delay requirements of all connections in the system
are met.

According to the needs of the WCDMA radio interface, the connections are
subject to soft handover. It means that a mobile can communicate with several
base stations at the same time. This technique reduces the overall system
interference, but puts additional demand on the land-line network. Several
questions arise related to this extra traffic load: How large is it? How does it
depend on user mobility? How is it possible to minimize it? Such problems
could be analyzed by a proper traffic and mobility model for WCDMA system:s.

In the backbone network (or core network) connecting access networks
with other access networks or external networks, best-effort traffic (typically
Internet traffic) is not transported in RAB connections. Therefore, this type
of traffic is not subject to CAC. For aggregated best-effort traffic, resource
allocation in the backbone network may be solved by a measurement-based,
dynamic bandwidth control algorithm, which is able to adapt the allocated
bandwidth to actual traffic demand such that the packet loss ratio is kept
under a predefined threshold.

2 Research Objectives

The objective of my dissertation is to give answers and solutions to three

resource management problems arising in: (1) UTRAN transport networks,
(2) WCDMA systems, and in (3) general ATM backbone networks.

e In the second Chapter, a connection admission control algorithm is pro-
posed, which is applicable in the UTRAN Iub interface connecting base
stations and radio network controllers.

e In the third Chapter, a mobility and traffic model for WCDMA systems
is presented, which can be used to analyze the additional traffic load on
the access network, which is caused by soft handovers.

e In the fourth Chapter, a real-time bandwidth control algorithm is pre-
sented, which can be used in ATM backbone networks to dynamically
adjust the bandwidth of constant bit rate VPs (Virtual Paths) carrying
best-effort traffic, such that the loss ratio of ATM cells is kept under a
predefined level.



3 Methodology

The results of Thesis 1 were obtained through analytical methods. For the
validation of the queueing model computer simulation was used. Admissible
regions provided by the algorithm were also compared to simulation results.

Thesis 2 provides a numerical method for calculating several connection
level performance measures in UTRAN. The results were obtained through
modeling and analytical considerations.

The results of Thesis 3 are founded on analytical basis. However, the aim
was to propose practically tractable methods, therefore different simplifying
assumptions and approximations were needed. The validation of the band-
width control algorithm was performed using simulated as well as measured
traffic traces.

4 New Results

Thesis 1 : Connection admission control in UTRAN [J1,
J2, J3, J6, P2, P4]

While performance and resource management of the WCDMA radio inter-
face is thoroughly discussed in the literature (see e.g., [6]), few work is ded-
icated to the performance evaluation, traffic control and provisioning of the
transmission infrastructure of UTRAN. Up to the knowledge of the author, a
CAC algorithm for the Iub interface, which works in the multi-service scenario
and fulfils all practical requirements (e.g., on limited computational complex-
ity and high precision) has not yet been presented. In this thesis, I present
a connection admission control algorithm, for which background information
and modeling details are given below.

The algorithm makes its decisions based on traffic descriptors and QoS
parameters. In UTRAN, the traffic of a connection can be approximated by a
periodic ON-OFF model (see Figure 1), and described by three parameters: the
packet size b, the packet inter-arrival time TTI (transmission time interval)
and the activity factor «, which is a number between 0 and 1, and can be
interpreted as the average ratio of the ON state compared to the sum of the
average ON and OFF period lengths. The sources can be classified based on
the traffic descriptors and the QoS parameters. The number of traffic classes
is denoted by K. The number of class ¢ connections in the system is /N;. The
traffic descriptors of class ¢ are the following: b;, TTI; and «;. The constant
rate of the server (the capacity) is C. The packet scheduling principle is FIFO
(first-in-first-out).



The CAC algorithm should ensure for each class that the probability of
that a packet is delayed more than its target delay is kept below a small target

value: )
PI‘{DZ > Dl} <é; Z:L,K,

where D; is a random variable describing the sum of the times spent by the
packet in the queue and in the server. It will be referred shortly as “delay”.
D; is the delay requirement, &; is the allowed maximum probability of delay
requirement violation.

OFF ON
> <«—>
TTl,,b, 0,
<>
'I‘I'Iz,bz,azl | | | | |/

Figure 1: A queueing system with two periodic ON-OFF sources

According to the UTRAN system model, a queueing model is needed that
is accurate if the delay requirements are strict (5-15 ms) and the buffer size
is small (e.g., smaller than 20 ms). The queueing model of this section is
developed for these conditions.

The RAB connections are modeled with independent ON-OFF sources.
The ON and OFF periods are bursty, meaning that typically both are many
TTT long. The long term correlation characteristics of the arrival process
could not be taken into account, because traffic descriptors do not contain
any information on the correlation structure of the sources, and it was also
not possible to get information on this by measurements. It is not a problem
in practice, because the buffer is small enough such that it fills up quickly
even during a temporary overload. Therefore we can assume that the ON-
OFF burst component of the queue is negligible. The system is temporarily
overloaded, if so many connections are temporarily in ON state at the same
time, that the server can not serve within one TTI the packets arriving in one
TTI. T used the approximation that all packets arriving during a temporary
overload situation violate the delay requirement.

If the server can serve during one TTI all packets that arrive within one
TTI (i.e., when the overall arrival rate remains below multiplex capacity),
the system behaves like the so called Y . D;/D/1 queue: a superposition of
independent periodic sources of possibly different periods and independent
phases is offered to a multiplexer with a deterministic server. The time between



two packet emissions of a class 7 stream is equal to T71'1;, and its phase with
respect to a common time origin is chosen at random between 0 and T7TI;.
According to the assumptions and approximations used when setting up the
queueing model, the non-overloaded and the overloaded states were examined
independently, and the &; target probability was divided into two parts:

~ ~delayed ~ load
& = gi Y + ggver oa ’

where 29! i5 the maximum allowed probability of that the delay requirement
is violated due to temporary packet congestion in the non-overloaded system,
and £9verload jg the maximum allowed probability of that the delay requirement
is violated due to temporary system overload.

Thesis 1.1 : Connection admission control algorithm

By using the queueing model introduced for UTRAN, I have developed a con-
nection admission control (CAC) algorithm, which can be efficiently used in
the Iub interface of UTRAN and handles all RAB types. Based on the input
parameters { b;, TTI;, oy, D; and &;, i =1,...,K } it decides whether a newly
arrived connection can be accepted into the system.

The block-diagram of the algorithm is shown in Figure 2. When a new con-
nection arrives, the algorithm checks:

(A) the probability of delay requirement violation in non-overloaded system

due to temporary packet congestion (¢7**%), and

(B) the probability of delay requirement violation due to temporary system
overload (g¢verioad),

The connection gets accepted if these probabilities for all traffic types are
below their respective thresholds: e/ < g®ed and goverload - zoverload
1=1,..., K.

The admissible region is approximated by the intersection of a number of
regions with linear borders (also referred to as hyper-planes) and one region
with (generally) non-linear border. A region bounded by a hyper-plane con-
tains the mixes, where the delay requirement of a certain class corresponding to
A is fulfilled. The region with the non-linear border contains the mixes, which
can overload the queueing system only with a small probability (requirement
corresponding to B).

An example is depicted in Figure 3, where there are two classes. The first
service has significantly stricter delay requirement, therefore the hyper-plane

’



| Fast update of the matrix
describing the hyper-planes
Eq.(3)
Store the parameters of the
Add new new class | Update the matrix describing
class i (traffic descriptors and delay the hyper-planes Eq.2)
requirements) -
N2
Store the updated matrix
Yes \I/ )
ew traffic Check delay violation in the Accept or Reject
class? non-overloaded system Eq.(1) N%
No Acc. or Rej.
&
connection arrival, c T N Check delay violation due to 7~
actual mix: ompute or read from the temporary overload Eq.(7) ]
N..N...N memory the per-class limits Accept or Reject
mEK (L)) of the number of
connections in ON state | non-real-time computation |
according to the results of
Thesis 1.4 ‘ real-time computation ‘

Figure 2: Block-diagram of the algorithm.

corresponding to the second service (which is not depicted) would be outside
both depicted regions. In the shaded area, mixes containing connections from
both classes can be accepted. In this figure, some mixes are within the delay-
limited region, but outside the overload-limited region, because it is possible
that at 100% utilization the delay-limit is not yet exceeded. If the activity
factor of the first class is less than 1, then the maximum number of connections
from the first class given that there are no connections in the system from the
second class, Ny 4z, increases to Ny, and the border of the overload limited
region becomes non-linear.

Ni A N1 A mixes, where the delay
mixes, where the delay N requirement of the first
requirement of the first N1 max service are met

service are met mixes, where the buffer can
become overloaded only

mixes, where the buffer can with a small probability

not become overloaded S~

\

N2,max N2 N2,max N2

a,=1, 0,=1 o<1, O=1

Figure 3: Construction of admissible region approximation



In the algorithm, the computation of the two types of regions is separated.
Also the update (non-real-time) and decision-making (real-time) parts are sep-
arated. If a connection of a new traffic class (not yet included in the matrix
describing the hyper-planes) arrives, a fast (real-time) but more approximate
update of the matrix is performed.

Thesis 1.2 : Checking delay violation in the non-overloaded system

I have proposed the hyper-plane approzimation for checking delay violation due
to temporary packet congestion in the non-overloaded system.

Applying the hyper-plane approximation, the necessary condition of ac-
cepting the traffic mix (Vy, Ny, ..., Ng) is

K

TN, .
T]\;?'NiSTij+1 j=12,....K, (1)

i=1 R
where T'N;; is defined as the maximum number of connections from class i
assuming that a single packet from class j would fulfil the delay requirement
of class j. I have approximated by T'N;; the maximum number of class i
connections if one additional connection from class j is present in the system.
The proposed formula for determining T')V;; values is the following:

= ®)
N; )
max {Nz Z Hz(nl) Pr {D1 > D] _ EJ NillCt (tO) — n1} S é;;ielayed} 7

n;=0
where I1;(n;) is the probability that n; connections of class i are active (are in
ON state) at the same time. N%(t;) is the number of active class ¢ connections

at (an arbitrary) time . 5?81“‘”8'1 is the allowed maximum probability of that

packets from class j get delayed more than the target maximum delay Dj due
to temporary packet congestion in the non-overloaded system.

I have validated the hyper-plane approximation for UTRAN-specific pa-
rameters using simulation and mathematical analysis. For connections with
the same TTI, I have shown that the delay-limited part of the constructed
admissible region (i.e., the hyper-planes) can be approximated by Eq.(4) in
Thesis 1.4, which is practically linear in /N;. I have also shown that having
different TTIs for different classes does not invalidate the hyper-plane approx-
imation. In this case, the complementary distribution function of the virtual
waiting time can not be obtained analytically [13]. Therefore, I have given
simple upper and lower bounds and I have shown that (1) for strict delay
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requirements (i.e., as  — 0 in Eq.(4)) the difference between the bounds dis-
appears and (2) for loose delay requirements (x — min; TTI;) it is already the
region with the non-linear border that constrains the admissible region.

Thesis 1.3 : A closed form approximation for calculating the values
of the T'N matrix

I have given a closed form approzimation for calculating the values of the TN
matriz:

TN~ C (TTL + q; ,y) ) bz In <§;i€layed> - D bj (3)
CA o, bz 2C Y r Y= C

I have approximated the arrival process by a Gaussian process (Brownian
bridge), and showed that for this arrival process, assuming that all classes are
characterized by the same packet inter-arrival time (TTI), the delay-limited
part of the admissible region can be approximated as:

2 2 2

o p; 7 TTI Czxz Y., N;a;ip;
N (o pi <C i , 4
zi: (O‘H C 2z ) TTTI S N, o 7 (4)

where p; = b;/TT1I; is the bit rate of an active class ¢ connection, z is the delay
criterion, y = — In(89%e) and gleloved — gdelaved o a1l 4, j = 1,..., K. From
this approximation Eq.(3) directly follows.

Using simulations I concluded that the accuracy of approximation Eq.(3)
is acceptable even if the number of multiplexed connections is low and thus

the continuous approximation of the arrival process is less accurate.

Thesis 1.4 : Checking delay violation due to temporary system over-
load

Based on the queueing model introduced for UTRAN, I have proposed a fast
calculation method for checking delay violation due to temporary system over-
load. The method exploits the statistical gain only within the different classes.
Therefore I have also proposed an extension for this method to take into ac-
count at least partially the statistical gains among classes.

Based on the queueing model introduced for UTRAN, I concluded that
to check delay violation due to temporary overload I need to find a solution
of the bufferless ON-OFF model (see e.g., [14]), which can be efficiently used



in the CAC. Unlike existing methods, I used a method that enables to carry
out the necessary computations independently for the traffic classes. Based
on numerical investigations I concluded that the method introduced below
performs well for parameters that are typical in UTRAN.

Assume that the new connection arrives from class ¢. I have introduced
L;, which is the smallest number of class ¢ connections being in ON state such
that the requirement on the temporary overload is met. We will also refer to
this value as the “per-class limit” of the number of connections in ON state.
Its values are calculated as follows:

L
/ 1
Kq 1— soverload E k H1 k 5
51 — Nz ai — ( )}i ( )

L; = min {L

and for the other classes:

L
Ko /1 — goverload < an(k)} A=1,2,.. Kyl #i, (6)
k=0

where K, is the number of traffic classes with activity factor smaller than one
(o < 1), goverload ig the target maximum probability that packets from class
i get delayed due to temporary system overload, and I1;(k) is the probability
that the number of active connections from class i is k. For always active
traffic classes («; = 1), the per-class limit equals the number of connections in
the system, i.e., L; = N;.

It is noted that this method can be implemented efficiently by storing the
resulting L; values in memory (the computational complexity can be reduced
to a memory-read).

When a new class ¢ connection arrives to the system, and the actual con-
nection mix becomes (N, N, ..., N;, ..., N), one needs to calculate or read
from the memory the new L; value and check the following inequality:

L; = min {L

K
i=1

which is the necessary condition of accepting (N, Na, ..., Ng).

It is obvious that using Eq.(5) and Eq.(6), only the statistical gain of
multiplexing sources from the same class is exploited. Keeping the property
that L; values can be obtained independently from each other, but taking into
account partially statistical gains from multiplexing different classes, I have
proposed the following method.

10



1. Find L for all i using Eq.(5) and Eq.(6) with

NP =N+ Y min(l, %) Ne k=1,..,K, (8
ki g

ap <o,
and calculate the statistical multiplexing gain for class 7 as:

MG; = (N — L})/N;. (9)

2. Repeat until M G; values are no longer increasing:

e Consider the classes with oy > «; and p, < p;, V2, k. If MGy >
MG}, then let o) := a4, and calculate M G, executing step 1 with the
temporary activity factor value of. If the resulting MG, > MG,
then let MG, := MG,. (At the end of this step reset the original
value of «;.)

e Consider the classes with ay > «; and pr, > p;, Vi, k. If MG, >
MGZ', then let MGZ = MGk

3. Finally, L; = N;(1 — MG;) for all i.

The multiplexing gain values, MG;, i = 1,..., K, have been modified in
steps 1 and 2 such that also statistical multiplexing effects between class-pairs
are taken into account. Therefore, L; values calculated in step 3 can be smaller
than the ones obtained using Eq.(5) and Eq(6).

Thesis 2 : Mobility and traffic analysis for WCDMA net-
works [C1]

I have extended the model of Nakano, Saita and Sengoku [15] for WCDMA
systems. My contribution is that I allow overlapping cells and consider soft
handover instead of hard handover. I use the extended model for estimating the
user-plane traffic on the WCDMA Iur interface, the soft handover intensities
in the cells, etc.

Thesis 2.1 : Model extension

By extending the model presented in [15], I have set up a mobility and traffic
model for analyzing WCDMA systems.

My objective was to analyze the UTRAN system on connection-level, such
that the results of the analysis are applicable to practical problems (e.g., di-

mensioning of the transport network). For this, i needed a model, which takes
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into account user mobility and operates with realistic parameters. I recognized
that the model of Nakano [15] fulfils these requirements. However, this model
can only be applied for CDMA based systems, if it can be extended to include
the modeling of soft handovers.

In the original model that works for hard handovers, cells along the roads
of the road system can be analyzed independently, because a call is handled
by a single cell at a time, i.e., a handover event results in a cell change. This
is not the case with soft handovers, where a call may use the resources of more
cells at a time, depending on how the user moves.

As it can be seen in Theses 2.2, 2.3 and 2.4, the model of Nakano can
be extended for soft handovers. However, the complexity of the calculations
significantly increases.

I have assumed that the road network is covered by overlapping cells. 1
have introduced the notion of the soft handover regions (SHR), which are the
overlapping areas of cells. Soft handover can happen if a mobile moves to an
SHR covered by more cells. Along route r we have soft handover regions:

SHR;,...,SHR!,...,SHR},

listed in order of appearance.
To be able to formalize the connection between SHR and cell parameters,
for each SHR] I have defined the characteristic set as:

Z;, = {cells containing SHRT} {7 ,,z}(: ,

where SH R’ is overlapped exactly by cells z ye - zK] I have implemented
the model for circle-shaped omni-cells, in that case the number of those cells
is K;, =1, 2or 3.

Figure 4 gives a picture about the elements of the extended model and the
used notation.

Thesis 2.2 : Calculating soft handover region parameters

Using the extended model, I have calculated the following soft handover region
parameters:

e [ have determined the soft handover probability of new calls of class ¢
from SHR; (the probability that a call of class ¢ generated in SH R}
successfully reaches the boundary of SHR} and SHR,,):

he 1 _ ) tor1< < (10)
i —€ he ; or S ) < Ty
o ’

pIU(SHR,, | SHR}) =

12
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Figure 4: Hierarchy of sections on route r

where Tg”’" is the traveling time through SHR’ on route 7, and h, is the
mean holding time of a call of class c.

I have determined the soft handover probability of soft handover calls of
class ¢ from SHRY, i.e. the probability that while moving on route r
the call of class ¢ enters SHR] (so it is “handed over” from SHR] ; to
SHRY) and successfully reaches the boundary of SHR} and SHR7,, (it

is “handed over” to SHRY,,):

7T

p(SHR!,, | SHR)) = e e, forl<j<J,. (11)

I have determined the boundary conditions for the soft handover proba-
bilities as follows:

4T
pP(SHRY | SHRY) = e @he ™ (12)

where the first link of route r (link - between two junctions, denoted by
l in Figure 4) is “lengthened backwards” to reach the boundary of one of
the cells of Z;,, and the lengthened part is d, long. v(l]") is the speed
on link 17" (for the definition of a link see Figure 4).
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Calls in SHR]; are not “handed over” to further soft handover regions,
therefore:

P (SHRS, | SHR),) = 0, (13)
PI(SHR) ., | SHR},) = 0. (14)

I have derived the Z-set call arrival rates to be able to estimate the inter-
RNC traffic (the user-plane traffic on the Iur interface). 7 is a set of cells, by
definition: Z C Z;,. For example, if Z;, = {1,2}, then Z C Z;, means that
7Z € {@,{1},{2},{1,2}}. The Z-set is similar to the “active set” in CDMA
systems. The active set contains the radio cells the mobile could be connected
to, because the measured pilot signal strength is sufficient. The Z-set contains
the cells the mobile is actually connected to.

e [ have defined the Z-set arrival rate of new calls of class ¢ in SHR} on
route r as the proportion of the arrival rate of new calls of class ¢ in
SHR; on route r that get connected to the base station set Z C Z;,. 1
calculated this as follows:

INC(SHE]) = Ac @, Ty" 7P(SHR]),  foreach 1< j < J,. (1)

where ). is the arrival rate of calls of class ¢, (), is the vehicular traffic
volume on route 7 (vehicle/hour), and

“P(SHR}) =] (1= Bc(2)) [ Bels), (16)

2€Z SEZJ‘,T\Z

where B.(z) is the blocking probability of c-type calls in cell z.

e | have defined the Z-set arrival rate of soft handover calls of class ¢
entering S H R} (denoted by “A}°(SHRY)) as the proportion of the arrival
rate of soft handover calls of class ¢ entering SHR! that get connected
to the base station set Z C Z;,. It consists of two parts, namely the
newly initiated calls of class ¢ in SHR;_; and then “handed over” to
SHR;, and the calls of class ¢ “handed over” from the previous soft
handover region to SHR] ; and then “handed over” further to SHR;
for1 < j < J,.

If SHR; is covered by more cells than SHR_,, then the Z-set can be

unchanged, if the new cells block the connection setup request, or it can
be extended with new cells, if at least one of the new cells do not block

14



the request. Using the notations; for Z ¢ Z;, \ Z;_1,,if Z,_1, C Z;,,
I calculated the Z-set arrival rate of soft handover calls as follows:

ZN(SHR]) = piev(SHRS | SHRS ) Z0Zi—e\1ew(SHRY 1) x
x II {(-Bu2)Ipezy +Be(2) gz} +

2€Z; \Zj_1,r
+ pho(SHR} | SHR;_|) ZNZi—1o)\o(SHRY_ ) x
x I A0 =B Ipen + Bl Ign ). (17)

2€2,\Zj—1,r

The Z-set can not be entirely changed to a new set, i.e., for Z C
Zjﬂ" \ ijl,ﬂ if ijl,r C Zj’r, I gOt:

ZA\N(SHRY) = 0. (18)
If SHR is covered by less cells than SHR] ,;, then the Z-set can be

reduced or emptied. If the Z-set is reduced but not emptied, i.e., for
VA 7£ @, if ijl,r 2 Zj,r7 1 gOt:

Z)(SHRY) = pp®(SHR} | SHRi_)) > S\'“(SHR} ;) +
ZCSCZ; 1.,

+ pho(SHRY | SHRS_,) > SM°(SHRj ;). (19)
ZCSCZj 1,

If the Z-set is emptied, i.e., for Z = @, if Z,_,, D Z;,, I got:

ZXI°(SHRY) = pie(SHRY | SHR] ) X

X > SAIU(SHR]_,) +pl°(SHR] | SHR]_;) X
G#SCZj 1, \Zj,¢

X > SA°(SHR] ). (20)

g;’ﬁsgzj—l,'r\zj,r

For the completion of this recursive formula I have given the initial con-
dition as:

@y

oo

route h starts in SHRY

Z\he(SHRT) = ZXY(SHRY) (21)

for 7 C Z,,, where “A%(SHR}) = No(p}) ?P.(SHRY) (here p} is the
first centroid of route r). (I have assumed that the arrival rate of calls
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coming from outside the target area to SH R} is divided among the routes
starting in the particular soft handover region in the proportion of the
vehicular traffic volumes on these routes.)

e [ have calculated the Z-set traffic load for Z C Z;, for the call class ¢ for
each soft handover region SH R (defined as the proportion of the traffic
load that is induced by the calls that get connected to the base station
set Z C Z;,) as:

7 Load.(SHR}) = (22)
new - new Te ho T ho r
“X. (SHR}) h*"(SHR}) + 7). (SHR}) hl°(SHR}),

and thus the l-leg offered traffic load for any area (some soft handover
regions together) can be calculated as the sum of those Z-set offered
traffic loads of soft handover regions in the area for which |Z] = [, for
1=0,1,2,3.

Thesis 2.3 : User-plane traffic estimation at the Iur interface

Using the extended model and the calculated soft handover region parameters,
I have estimated the user-plane traffic at the Iur interface.

Let RNC; C {1,...,NL,} and RNCy C {1,...,N2,} represent disjunct
sets of cells, which contain the cells connected to RNC; and RNCj5, respec-
tively. Using Eq.(22), I have obtained a lower bound (A = 1 in Eq.(23)) and
an upper bound (A = 2) for the traffic generated on the Iur interface between
the two RNC-s:

C
Tur®(RNCy, RNC,) = > > > Y 7Load.(SHR}) x

21€ERNC1,22€ RNC2 Zj’»,-SZl,ZQ Zng,T c=1
X {Ziss ez, z1=2y + A Tz mez, |21=3) } (23)

where all those Z-set traffic loads of the soft handover regions are summed up,
which are both in RNCy and RNC, (see the first two summations) for sets
Z C Z;, that contain a cell of each RNC (z; € RNCy, 2, € RNC5), so the
proper 2 and 3-leg traffic loads (see the third summation and the indicator
functions) for each call class (see the fourth summation). Note that we need
the blocking probabilities here implicitly in the Z-set traffic loads through the
Z-set call arrival rates.

Notice that, using the extended model, we could determine the exact value
for the traffic on the Tur interface, but it is contagious to formulate it (the
3-leg traffic gives one or two-legged traffic on the Iur interface depending on
the route structure in the corresponding SHR).
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Thesis 2.4 : Calculating cell parameters

Using the extended model and the soft handover region parameters, I have cal-
culated the distribution of the channel occupancy time, the offered traffic load
and the soft handover intensity in a cell.

e [ have derived the distribution of the channel occupancy time in the cell
for the newly initiated calls of class c:

. TZJ’]' _ t
Pritd <t} = 1= "LoeTie, (24
0

where 77" is the channel occupancy time in cell z on the section of
route 7 that contains SHR], and 7" is the traveling time through cell
z on the section of route r that contains SHR;. (The index j is needed,
because it is possible that route r goes through the area of cell z more
than once.)

e [ have calculated the offered traffic load for a cell, which is composed of
all the newly initiated call intensities in the cell, the newly initiated and
handover call intensities in the SHR preceding the cell on some route
and successfully reaching the boundary of the cell and finally the call
arrival rates from outside the target area to the cell each multiplied by
the corresponding mean channel occupancy times:

LOGdC(Z) _ Z hnew (r,j )\new(SHRr) Z hlcw(z(T,j)) X
Zj sz j,732¢2j,1,7

« {pnew SHR|SHR,_) (A" (SHR,_,) — Z\r“(SHR_))) +

b SHRSHR )(N(SHR ) - “N*(SHR]))}  +

+ > AETINWY), (25)

ZO,',« o2

where 2("7) is the cell identified by the cell identifier z, and (r, j) means
that the computation of the mean holding times is done on route r over
the section, which is covered by cell z and contains SHR?.

The offered traffic load and the blocking probability (obtained with a
multi-dimensional Erlang-B formula) are not independent of each other,
therefore it is not possible to get them explicitly. Therefore, I have solved
numerically the related simultaneous system of equations.
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e Finally, I have derived the soft handover intensity (mean number of han-
dover requests in the cell (to the cell)) that consists of the non-blocked
newly initiated calls in the SHR region preceding the cell on some route
and the non-blocked soft handover calls in the same SHR that reach the
boundary of the cell and the call arrival rates from outside the target
area (if the cell is on the boundary of it):

in\ho(2) = > {pi"(SHR;|SHR; \)(\/“(SHR; ) -
ij92¢2j—1,r

— ZXN(SHR;_ ))+p20(SHRr|SH R;_ )(,\hO(SHRg_l)
- INO(SHR; )+ Y MN(p (26)

ZO rJ%

Thesis 3 : Real-time VP bandwidth control [J4, J5, C5,
C6, P8]

I proposed an algorithm, which adjusts dynamically the bit rate of an ATM
Virtual Path (VP) such that the cell loss ratio (CLR) in the output buffer
associated with the VP remains below a pre-determined threshold. In this
algorithm I have applied the buffer monitoring method of Vidacs [16], which
is able to accurately measure the cell loss ratio in the output buffer of an
ATM switch for both short and long-range dependent traffic. For the on-line
adaptation of the VP bandwidth I have introduced the notion of state-space
representation of a single server queue, and I have applied Bayesian regression
analysis to estimate the state variable of that system.

Thesis 3.1 : VP bandwidth control algorithm

I have proposed a VP bandwidth control algorithm, and showed that it converges
iteratively to the optimal bandwidth value for both short-range and long-range
dependent traffic.

In [16], the following simple approximation has been derived:
1—
P nd log pr, (27)
p

where p is the link utilization (p = A/C, A is the long-term average rate
of a stationary process, and C is the constant bit rate of the VP), and d
is a coefficient, which is constant given that the utilization and the buffer
occupancy probability, px, do not change with time.
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In the bandwidth estimation algorithm, the utilization and the buffer oc-
cupancy probability are periodically measured. The measurement intervals
are indexed, for example p(n) denotes the utilization in the n-th measurement
interval.

As it is shown in Thesis 3.2, I have given a simple state space representation
of the queueing behavior, in which d(n) (that corresponds to coefficient d) is the
system state variable. I have proposed the following equation for controlling
the bit rate of the VP:

C(n+1)=A(n+1)(1 +d(n)log CLR;), (28)

where C(n +1) is the VP bandwidth in the n + 1-th control interval, A(n+ 1)
is the estimated average traffic in the n+ 1-th control interval predicted in the
n-th control interval, CZ(?’L) is the estimate of the system state variable in the
n-th control interval and C'LR,; is the target cell loss ratio.

Assuming that the packet arrival process is stationary, such that fl(n) = A,
and considering the coefficient d as a function of the VP bandwidth C| the
sufficient condition of that the control converges to the optimal VP bandwidth
is:

2d(C,pk(C)) 9d(C, CLR,;)
‘ ac < ac ’ (29)
where O A
d(C,pr(C)) = m; (30)
and O A
d(C, CLRO()]') - m (31)
obj

The above condition together with the robust estimation provided in Thesis
3.2 allows us to use the method for controlling the bandwidth of VPs carrying
either short or long range dependent traffic. This property ensures that the
method works for traffic patterns that appear in practice (examples for this
can be found in [J5]).

Thesis 3.2 : Estimation of the state variable of the queueing system

I have provided the state space representation of the considered single-server
queue and I have set up a Kalman Filter to estimate the state variable d(n).

Based on Eq.(27) I have assumed the following relation for the measurement
intervals:
1—p(n)

m =d(n) + o(n), (32)
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where o(n) is Gaussian white noise with mean 0, representing the measure-
ment error. To take into account traffic pattern variation and to ensure the
convergence of the bandwidth to the objective, I have allowed the coefficient
d to change with time according to the following equation:

d(n) =d(n—1) +w(n), (33)

where w(n) is also a Gaussian white noise with mean 0.

In the terminology of the control system Eq.(32) and Eq.(33) are called the
“state space representation” of our single server queue, and the variable d(n)
is called the state variable of the system.

Bayesian regression analysis (for an introduction, see [17]) can be applied
to estimate the state variable d(n). The state variable can be recursively
estimated at the end of every measurement epoch by the following Kalman
Filter formulation:

[State Renewal]

dn) = dnjn—1)+ K, {% — d(nln — 1)} ,
D(nln —1)
Kn D(nln —1) 4+ X(n)’
D(n) = (1-K,)D(nln—-1),
S(n) < Var{o(n)}. (34)

[Projection]

~

dinln—1) = dn—1),
D(n|n—1) D(n—1)+Q(n),
Q(n) Var{w(n)}. (35)

[
o)
—

Here d(n) and d(n|n — 1) are respectively estimates of the state variable d(n)
at the n-th and (n — 1)-th measurement epochs, and D(n) and D(n|n — 1)
are respectively the variances of d(n) and d(n|n — 1). Initial value of the
state variable can, for example, be given under the assumption that A4; is a
stationary process, and we have [18]:
1 .. Var{A;}
I=—srim Ty (36)
In practice, to implement the above Kalman Filter formulation it is not a
trivial question how to set and/or measure the noise variances X(n) and Q(n).
Based on the characteristics of the system and the task of the algorithm I have
proposed the following settings:
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e I proposed to set the variance of the measurement noise as follows:

- a(l— p(n)) ?
(n) = ((a ~“1)p(n) log CLRobj> ’ (37)

where @ is a number between 0 and 1. According to my experience,
a = 0.25 is an acceptable value in practice.

e [ have determined the variance of the state noise as follows:
523 (n)
(1/b=1)2(1 — p(n))? = s(1/b—1)(1 = p(n))’

Q(n) = (38)

where the following rule has been set: at any desired p(n), if (due
to measurement uncertainties) we estimate such a small logpg(n) as
log pk(n) =b-log CLR,,; for some b > 1, the relative change in the VP
bandwidth should be less than s (for example, s = 5%). Note that we
set the state noise variance for the desired p(n), because we intend to
regulate the behavior of the system when it is stabilized, i.e., the vari-
ations of the state are due to measurement uncertainties. According to
my experience, b = 2 is an appropriate choice.

I have validated the method with the proposed settings using simulation,
and concluded that it works correctly for both generated and real ATM traffic.
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5 Application of New Results

The research work related to Thesis 1 and Thesis 2 was sponsored and the
results have been applied by Ericsson’s Product Unit Wideband Radio Network
(PU WRN).

The CAC algorithm has been patented [P2]. Two other patent applications
are directly related to this algorithm ([P4] and [P6]). The algorithm has been
implemented in Ericsson’s UTRAN transport node products, which contain
AAL2 multiplexers.

The traffic and mobility model of Thesis 2 has been implemented in a
software tool at Ericsson. It has not been used to solve practical problems yet.

Methods presented in Thesis 3 have been implemented in a simulator. Us-
ing this simulator it was possible to try the algorithm for both simulated and
measured traffic. A patent application has been filed [P8].
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7 Summary of Theses

Thesis 1 Connection admission control in UTRAN [J1,
J2, J3, J6, P2, P4]

Thesis 1.1 Connection admission control algorithm

By using the queueing model introduced for UTRAN, I have developed a con-
nection admission control (CAC) algorithm, which can be efficiently used in
the Iub interface of UTRAN and handles all RAB types. Based on the input
parameters { b;, TTI;, oy, D; and &;, i =1,...,K } it decides whether a newly
arrived connection can be accepted into the system.

Thesis 1.2 Checking delay violation in the non-overloaded system

I have proposed the hyper-plane approzimation for checking delay violation due
to temporary packet congestion in the non-overloaded system.

Thesis 1.3 A closed form approximation for calculating the values of
the T'N matrix

I have given a closed form approzimation for calculating the values of the TN
matriz.

Thesis 1.4 Checking delay violation due to temporary system over-
load

Based on the queueing model introduced for UTRAN, I have proposed a fast
calculation method for checking delay violation due to temporary system over-
load. The method exploits the statistical gain only within the different classes.
Therefore I have also proposed an extension for this method to take into account
at least partially the statistical gains among classes.

Thesis 2 Mobility and traffic analysis for WCDMA net-
works [C1]

Thesis 2.1 Model extension

By extending the model presented in [15], I have set up a mobility and traffic
model for analyzing WCDMA systems.

Thesis 2.2 Calculating soft handover region parameters
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Using the extended model, I have calculated the following soft handover region
parameters:

- the soft handover probabilities of calls generated or moving through a given
region,

- the Z-set intensities of calls generated or moving through a given region,

- the Z-set offered traffic loads.

Thesis 2.3 User-plane traffic estimation at the Iur interface

Using the extended model and the calculated soft handover region parameters,
I have estimated the user-plane traffic at the Iur interface.

Thesis 2.4 Calculating cell parameters
Using the extended model and the soft handover region parameters, I have

calculated the distribution of the channel occupancy time, the offered traffic
load and the soft handover intensity in a cell.

Thesis 3 Real-time VP bandwidth control [J4, J5, C5,
C6, P8]

Thesis 3.1 VP bandwidth control algorithm

I have proposed a VP bandwidth control algorithm, and showed that it converges
iteratively to the optimal bandwidth value for both short-range and long-range
dependent traffic.

Thesis 3.2 Estimation of the state variable of the queueing system

I have provided the state space representation of the considered single-server
queue and I have set up a Kalman Filter to estimate the state variable d(n).
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