Ariinas Saltis

RADIO TECHNOLOGIES IN CUSTOMER'S
ACCESS NETWORKS

Summary of Doctoral Dissertation
Technological Sciences, Electrical and ElectromigiBeering — 01T

1021

Vilnius , Technika“ 2004






VILNIUS GEDIMINAS TECHNICAL
UNIVERSITY

Artinas Saltis

RADIO TECHNOLOGIES IN CUSTOMER’S
ACCESS NETWORKS

Summary of Doctoral Dissertation
Technological Sciences, Electrical and Electro&iogineering — 01T

Vilnius “Technika“ 2004



Doctoral dissertation is defended by extern.
Doctoral dissertation was prepared at Vilnius Geédas Technical University in
1999-2003

The Scientific Supervisor:

Prof Dr Habil Algimantas Kajackas (Vilnius Gedimmdaechnical University,
Technological Sciences, Electrical and Electrofingineering — 01T).

The dissertation is defended at the Council of Saiéfic field of Electrical and
Electronics Engineering at Vilnius Gediminas Techrdal University:

Chairman:

Prof Dr Habil Romanas Martadius (Vilnius Gediminas Technical University,
Technological Sciences, Electrical and Electrofingineering — 01T);

Members:

Prof Dr Habil Gintautas Dzemyda (Institute of Mattaics and Informatics,
Technological Sciences, Informatics Engineering¥)Q

Assoc Prof Dr Sanas Paulikas (Vilnius Gediminas Technical Universit
Technological Sciences, Electrical and Electrofingineering — 01T);

Prof Dr Habil Arminas Ragauskas (Kaunas Universify Technology,
Technological Sciences, Electrical and Electrogingineering — 01T);

Prof Dr Habil Julius Skudutis (Vilnius Gediminas chaical University,
Technological Sciences, Electrical and Electrofingineering — 01T).

Opponents:

Prof Dr Habil PranciSkus BalaiSis (Kaunas Universiof Technology,
Technological Sciences, Electrical and Electrogingineering — 01T);

Assoc Prof Dr Dalius Navakauskas (Vilnius Gedimifi@shnical University,
Technological Sciences, Electrical and Electrofingineering — 01T).

The dissertation will be defended at public meetifighe Council of Scientific Field
of Electrical and Electronics Engineering in then&e Hall of Vilnius Gediminas
Technical University at 10 a.m. on September 10420

Address: Saugtekio av. 11, LT — 10223 Vilnius, Lithuania.
Tel.: +3705 2744952, + 370 5 2744956, Fax: +320@0112;
e-mail: doktor@adm.vtu.lt

The summary of doctoral dissertation was distridute August 10, 2004
A copy of dissertation is available at the Libra¥ Vilnius Gediminas Technical
University (Saultekio av. 14, Vilnius).

© Arinas Saltis, 2004



VILNIAUS GEDIMINO TECHNIKOS
UNIVERSITETAS

Artinas Saltis

RADIJO TECHNOLOGIJOS VARTOTOJ U
PRIEIG U TINKLUOSE

Daktaro disertacijos santrauka
Technologijos mokslai, elektros ir elektronikosimetrija — 01T

Vilnius , Technika“ 2004



Disertacija ginama eksternu
Disertacija rengta 1999 — 2003 metais Vilniaus Gwdd technikos universitete

Mokslinis vadovas:

prof. habil. dr. Algimantas Kajackas (Vilniaus Gmitio technikos universitetas,
technologijos mokslai, elektros ir elektronikosimetija — 01T)

Disertacija ginama Vilniaus Gedimino technikos uniersiteto elektros ir
elektronikos inZinerijos mokslo krypties taryboje:

Pirmininkas:
prof. habil. dr. Romanas Mart&uis (Vilniaus Gedimino technikos universitetas,
technologijos mokslai, elektros ir elektronikosimerija — 01T);
Nariai:
prof. habil. dr. Gintautas Dzemyda (Matematikosinformatikos institutas,
technologijos mokslai, informatikos inzinerija =197

doc. dr. Samas Paulikas (Vilniaus Gedimino technikos univetsi,
technologijos mokslai, elektros ir elektronikosimetija — 01T);

prof. habil. dr. Arminas Ragauskas (Kauno techrijdsg universitetas,
technologijos mokslai, elektros ir elektronikosimerija — 01T);

prof. habil. dr. Julius Skudutis (Vilniaus Gediminiechnikos universitetas,
technologijos mokslai, elektros ir elektronikosimerija — 01T).

Oponentai:

prof. habil. dr. PranciSkus BalaiSis (Kauno teclbggbs universitetas,
technologijos mokslai, elektros ir elektronikosimerija — 01T);

doc. dr. Dalius Navakauskas (Vilniaus Gedimino h#lobs universitetas,
technologijos mokslai, elektros ir elektronikosimerija — 01T).

Disertacija bus ginama vieSame Elektros ir elekkas inZinerijos mokslo krypties
tarybos poadyje 2004 m. ruggo 10 d. 10 val. Vilniaus Gedimino technikos
universiteto senato pédziy sakje.

Adresas: Sautekio al. 11, LT — 10223 Vilnius — 40, Lietuva.
Tel.: +370 5 2744952, +370 5 2744956, faksas: 432000112;
El. p. doktor@adm.vtu.lt

Disertacijos santrauka iSsiundta 2004 m. rugpmicio 10 d.
Disertacip galima periiréti Vilniaus Gedimino technikos universiteto bibkébje
(Sauktekio al. 14, Vilnius)

VGTU leidyklos ,Technika“ 1021 mokslo literatos knyga
© Ariinas Saltis, 2004



1. INTRODUCTION

Motivation of the thesis

The liberalization of telecommunication market, which is unrolieygdly
these days, brings out more and more new providers of servitesugh the
previous monopoly holders telecom’ still predominate in customeress
networks and receive only moderate strife from new membettseafnarket.
That allows them to sustain the high level of rental paymehthel new
comers are not willing to rent the communication channels, they tughte
new communication lines. However this is acceptable only in cadensily
populated area, where the number of subscribers is high. In conagrythe
investment would be pointless. In the less populated areas rlessiaccess
network is a much-welcomed alternative. Unfortunately, despéddct that
the special equipment and appropriate frequency range wengexirfor the
use of those wireless access networks, they are not veagtiatt because of
high implementation price. In the recent past a new way of conwuation
networks was found, that is wireless local access netwokis|BEE 802.11
or ETSI HiperLAN that is most suitable in the given situation.

A detailed analysis on technologies, which are designed for
implementation in the densely populated urban areas for higidspe
communication, is not carried yet. And that is an important reasardating
such a doctoral dissertation, for promoting the research work#evnagive
way to apply existing communication technologies. In the futdme t
dissertation may be the ground for creating regional expansion ofition
systems after Lithuania’s integration in European Union.

The objectives and tasks

The aim of this work is to analyze the modern radio communitati
technologies and to formulate a methodology and means for implegenti
them in customers’ premises networks.

It was necessary to solve these tasks:

1. to analyze standard wireless communication devices, to ceeate

methodology for investigation of their capabilities to function in@uers’

access networks within non-typical conditions;

2. to examine by experiments the means of wireless radio commonicati

that function in non-licensed frequency and to determine the main

parameters;

3. to analyze the methods of voice coding and specify the dafe traf

models that are created by voice;



4. to investigate the data traffic that are created by custdme
technologies and to select the appropriate models for them;

5. to create the methodology and the means for rational application of
wireless communication technologies in customers’ premises networks.

Scientific novelty and utilization of results

Now days in the world there are done many works in the field of
consumers’ access optimization and creation of new technolagids
protocols. The mechanisms of standard LAN and WLAN are examined anc
adapted to typical conditions of data transferring when netwaogkahelear
defined infrastructure or when it has nad(hocversion). In this work the
research object is atypical network, created on the ground ofdrmaNANLAN
mechanisms, called customers’ premises network (CPN).

The main elements of novelty presented in this work:

1. introduction of alternative category of customers’ premises/ar&t

running on the ground of non-licensed frequency radio communication

devices;

2. experimental examination of IEEE 802.1la/b standard devices in

Lithuania;

3. determination of correlation features between voice spéksits

intervals;

4. proposal and examination of joint voice and data multiplexing protocol

for efficiency rising with the help of radio communication chdnoke

limited throughput.

5. proposal of costumers’ premises network and the criteria of thei

estimation.

The results that are performed in this work may be addre$ssxdlydto
creation and implementation of PCN or other networks, based dh8BE 11
standard and IP technologies. The proposed packets multiplabgngthm
may be also implemented in the networks, where it is a high ¢ overhead
of packets headers.

For the defense are presented:

6. methodology of IT estimation;

7. experimental examination of IEEE 802.11 protocol;
8. adjusted model of voice speech-silence intervals;
9. algorithm for packets grouping.

Approbation of the research and publications
The results of this work were presented in eleven repodsdiscussed at
nine technical conferences:



1. Inthe conf. of Young scientists "Lithuania without science — Litiua

without future” in Vilnius in 2000, 2001 and in 2002.

2. In the conf. ,Electronics’2001” and ,Electronics’2002” in Kaunas

in 2001 and in 2002.

3. In the int. conf. “18 International Wroclaw Symposium on EMC” and

“17" International Wroclaw Symposium on EMC” in Wroclaw in 2002 and

in 2004.

4. In the conf. ,Electronics’2003” and ,Electronics’2004” in Vilnius

in 2003 and in 2004.

The material of the dissertation was published in 8 sdiemtifblications:
4 of them in appreciable technical magazines.

The structure and the scope of the work

The work is written in Lithuanian. It consists of 6 chapterst 6f
references, and 1 appendix. There are 147 pages of text, 16 taBlégui®,
and 191 bibliographical sources.

2. RADIO TECHNOLOGIES IN CUSTOMER’S ACCESS NETWORKS

This chapter presents the review about wireless local aaoesvork
(WLAN) as an alternative to wired communication devices in daesely
populated areas. The analysis has shown that mean time in the ciplvezd
premise networks the most applicable are the devices of I&EE11b
standard, but in the near future the devices of IEEE 802.1tkardasd should
be used instead. However this device is not designed for sgmviented to
connections, so if there is a need to implement it in CPN efédgtia new
methods should be found for sustaining a satisfactory level oitygudiile
using resource of radio channel.

3. CUSTOMERS’ PREMISES NETWORKS BASED ON WLAN

In this chapter a definition of customer’s premises netwaksa new
category of access networks is defined. In CPN the cussorneate networks
on their own by themselves. These features may describe CPN:

1. CPN is the last chain between PSTN and Internet networks anc
customers’, it contributes integrated telephone and internet services;

2. the architecture of CPN is mixed, and its topology is ad hoc. The
devices are also mixed, though the dominancy of radio communicatior
prevails. The most applicable standards are IEEE 802.3, IEEE 802.11 a/bl/
IEEE 802.16;



3. for data and voice transmitting in CPN it is recommended tahese

stack of TCP/IP protocols because it is the simplest and popsiar form

of transmission that links CPN with Internet;

4. the creation of CPN is based on the principle of territwrigelonging-

affinity.

The object of this research is an area of a number of suburbelatofely
small towns, settlements, or steadiness, where the congantadt radio
communication devices is not high and where is almost no interference.

The examination of CPN was carried out on basis of devltasare
characteristic for IEEE 802.11a/b/g standard. That is because:

1. qualitative and uncostly radio communication devices are already

created;

2. radio spectrum, used by above mentioned devices, is free for utilizatior

3. technical potentiality of the devices is high, and for thisoa is it is

possible to create systems for various purposes.

While analyzing the adjustment of IEEE 802.11 standard WLAN fdd,CP
a mathematical model of WLAN was developed. One of the obgscti¥ this
analysis was to calculate the maximum throughput of the netwdrk. T
experiments show that throughput is very dependable from the sittes of
packets that are being transmitting (Fig 1). In the casenwthe size of the
packet is equal 64 bytes and the throughput of physical channeMb/$1he
transmission rate is not more than 0,5 Mb/s.
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Fig. 1. The dependence of network throughput in IEEE 802dr packet size
1 pav.Tinklo laidumo priklausomybnuo paketo dydzio

The other objectives of the research on possibilities ofEIBB2.11b
standard devices to be applicable in CPN are as follow:



1. to examine the characteristics of data transmission rate tand i

dependence from frequency range and the number of stations;

2. to ascertain the mutual effects of the channels that functi2@iGHz

frequency range and their impact on the work of devices;

3. to examine the dependence of errors from the size of the pawkets

signal-noise ratio.

Experiments show that there are several dependences of trsinamie
and other variables. First of all transmission rate depends omuthber of
intermediate stations. A consistent pattern of transmissitenreduction 1
1), whenn —a number of stations, was experienced. Secondly, transmissiot
rate depends on higher-level protocol. It was stated that T&fRc tis
transmitted by the maximum transmission rate of 5 Mb/s and i by 6
Mb/s.

The dependence of data transmission from mutual interferenaimivn
in Fig. 2. It was determined that when the distance betwetonsigshort, the
central channel frequencies often may be remoted less than 15 TNt
means that when the distinction of central channel frequenciessighan in
the regulated standard, the specification of protocol does no tingrac
transmission rate. When the distinction of central channgliénecies is less
than 10 MHz, but not equals zero, then one of the pairs is notcabtllscern
from the noise around a signal of a near by working pair. Trislves
additional interference that in turn influences the reduction ofabigoise
ratio (Fig 3.). This is also the same reason for reduction of trasgmirate.
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Fig. 2. The dependence of data transmitted by TCP protmankmission rate on
the distinction of channel frequenéy— f;. 1,2 — 11 Mbps; 3,4 — 5,5 Mbps; 5,6 — 2
Mbps; 7,8 — 1 Mbps pairs.

2 pav. Informacijos perduodamos TCP protokolu spartoklgusomylké nuo
kanaly daznio skirtumd,— f;. 1,2 — 11 Mbps; 3,4 — 5,5 Mbps; 5,6 — 2 Mbps; -+ .B
Mbps poros.



The gqualitative measurement of channel has shown that the freqoiency
missing packets does not depend on the size of the packetdepeitds on
the signal-noise ratio. Long-term examination leads to predic#tat in the
distant areas the (ratio) between signal and noise rerahimsst unvaried
(Fig 4.). That means that customers’ networks WLAN based ogrtwnd of
IEEE802.11b is likely to function steady.

4. VOICE AND DATA TRANSMISSION IN CPN
Data traffic examination

The analysis of data traffic is well expatiated in sdfientiterature, but it
concentrates mainly on the traffics of backbone, leaving the examination c
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Fig. 3. The change of signal and noise: a — increaseiséno

3 pav. Signalo ir triukSmo polgiai: a — triukSmo padigimas
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small customers’ groups traffic aside. For this reason tresunement were
carried out in one of the points of Litnet networks and in one netwbrk
Lithuania’s ISP, where at the same time internet was useatbtgnore than

100 customers.

Pending the experiments the statistics of around 200 millions gsackee
collected. According to them, 50 % of packet traffic consissackets, which
sizes are less than 97 bytes, and the rest 50 % belongs tackegspavhich
sizes are from 1434 to 1514 bytes (Fig. 5). Further investigatiomsdmmwn
that the main programs used in the Internet are p2p and www.itAas
stated that the traffic in all of these programs consis@dll size packets.
From the experiments it must be said, that the essentiabfpdata traffic is
covered by virus or other intrusive data, and this becomes a mdrmare
warring question of network security.
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Fig. 5. CDF of packet size
5 pav.Paket, dydZiy pasiskirstymas

On the ground of the above-described investigations the model of dat:
traffic was descried. The best way to annotate the ddfi fkaa self-similar
model, and a model of Poisson is most inappropriate. It is cledettates of
self-similarity are manifested even in short time irdés\(less than 15 min.)
though then Hurst value is not typical. It becomes more alike to taenpters
described in scientific literature only in long time intervals.

Voice traffic examination

Well and widely known algorithms of coding and compression are
described as G.729, G.723.1 codes of ITU recommendations or asautbsr c
valid by digital means processing and used for reduction ofviétizne, i.e.
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6 pav.a — dviej autoriy kalbos interval pasiskirstymas, b — igtpaiiuy autoriy
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detectors of voice activity, which are able to extract psriaf talkspurt when
a person really speaks and periods of silence when a speaker falls silent

Experiments for clearing out the voice model using 3GPP AMR as
detector of voice activity (frame size 30 ms) were edrout. They helped to
determine the distribution law of speech-silent intervalaals stated that this
law does not diverge a lot from the exponent law (Fig. 6). Awad voice
intervals of speech-silent are correlated and that is theomewhy the
dispersion of mutual speech-silent period is less than the d@peo$
analogous independent intervals. According to verified voice sommdel,
special software for generation of synthetical voice data traffsconeated.

Efficiency examination of voice transmission through WLAN

For the attainment of voice traffic transmission through WLAN
possibilities  efficiency computation of voice transmission through
IEEE 802.11 a/b/g was executed.



The search of this chapter concentrated on the dependenosrofet load
on voice compression and physical channel protocol. The dependence ¢
channel load from voice coding algorithm is shown in Fig. 7 bsgems that
the channel load is much more dependable from packet formatiorthane
from voice coding algorithm. The figure explains that when tine of packet
formation is short, like 10 ms (G.711-1), the channel load increases 2,85 time
comparing to the long formation time (G.711-3).
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For the reduction of the packets’ headers overhead the CRTét@rct
used. This protocol is applicable only in point to point connectidine
efficiency of packet compression CRTP protocol is shown in Fig. 8. According
to it, while transmitting voice through IEEE 802.11 network the chaael |
had decreased from 4 to 20%. The relative efficiency of thegbincreases
when the transmission traffic decreases.

Total of voice channel quantity, which is subject to chanradfi¢rand
voice coding algorithm, is shown in Fig. 9. All transmissions thaeweade
handling the RTS/CTS channel reservation are marked with RprElsented
data shows openly that, while transmitting voice through IEEE 802.11b
protocol network, the complex voice compression algorithms (G.72hhpta
impact greatly on channel throughput's disengagement. In this tbase
channel load, created by voice transmission, comparing to G.711 protocc
decreases only slightly.

5. WLAN adaptation for CPN

The third chapter illustrates that fact that the main WLAftiency is
bigger while transmitting large size packets and it deeréaastically while
transmitting small size packets. The fourth chapter stidias mutual data
traffic, created by modern information technologies, consist&lyndrom
small size packets and their direct transmission leadvé¢oyairrational usage
of channel throughputs. This chapter explains other possibikties yet



unused methods to decrease the volume of transmitted packets.vimitkia
special packet complex multiplexer KMUX is proposed, which groapiall
voice and data packets into amount frame for mutual trariemigsfter deep
and comprehensive analysis on available multiplexing protocols anc
algorithms it was clear that non of them is suitable faxgasin CPAN
networks because of their particularity. These are tiectiges for creation of
KMUX algorithm:

1. to group data and voice packets of various sources and types;

2. to have an opportunity to change time of buffer formation;

3. to betransparent for TCP, UDP and higher protocols;

4. to betransparent for network devices that function in network level,

5. to have a system of service quality.

The objectives Nr. 3 and 4 point out that IP used as network prasdbel
most suitable for creation of KMUX. KMUX data packet stwue is shown in
Fig. 10.

MAC header IP header KMUX header 1-st data 1-ed data n-ed data
(14-4C bytes) (2C kytes) (0-127 bytes) packet packet packet

MAC header Multiplexing header Data packets

Fig. 10.Data packet structure of KMUX protocol
10 pav.KMUX paketo strukiira

For QoS support there was created a new type of deviceafeantission
of the content of buffer. This new type allows creating sepavatfers for
separate kind of data traffic with separate timergrmmsmission. The station
has a number of different buffers for various priorities bezdhis helps to
decrease the packet delay, which is created by multigeXdata, which is
sensitive to delays, for example, voice, is placed in the higtierity buffer
and data, which is not sensitive to delays, is placed in the |oegity buffer.
The duration of the higher priority buffer’s timer is smaller, ardhis reason
a packet stays in buffer a shorter period of time. Thisnsw¢faat its delay is
smaller. After timer goes off, in case the multiplexing padkas free space,
some packets from the higher priority buffers are attachebet first one. If
there are no such, packets from the lower priority buffezsattached. The
same proceeds until the size of mutual packet expands to maximum. Followin
this routine the content of buffers may be transmitted everrebétie fixed
time of timer. This helps to prevent packet delay and seberefficiency of
channel exploitation by maximizing the size of transmitted packéis kind
of buffers contents transmission may be called adaptive.
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The software was created for the examination of new muttige
algorithm. It operates in Unix OS in language C and is compounded ef mor
than 4000 lines. The material for examination was generated by 38 voic
sources coded with G.723.1 6,3 kb/s with/without VAD and 2 Mb/s Internet
data traffic. The model had two types of buffers that have sepamer set:
one for data and one for voice. The results of simulationrenersin Fig. 11-

13. To be more precisely, the Fig. 11 shows the load of the channel, whe



voice and data traffics are transmitted with or without mpldting. It is clear
to see, that even if time for filling in the voice and dat® imtultiplexing
buffers is as small as 5ms after switching on the multiplekingtion, the
traffic is definitely reduced by two times. Fig. 12 is helpfulexplain how
multiplexing efficiency, which is defined as a part of savedsimassion time
expressed in percentage, depends on buffer timer‘s value. As thetiméies
value increases, the efficiency appears to be higher. rithwo mention that
the impact of voice buffer timer's value on multiplexing aéficcy is stronger
than the data one (see Fig. 12, 4-5 row) because the voite ¢oafsists only
of small packets whereas in data traffic there are packetsiofig sizes.
Finally, the distribution of packets size modulation results is sHowrig.
13. It points that the increase of buffer timer's value stireslahe larger
number of large packets transmitted through the network. Evére ibuffer
timer’s value is only 5 ms, the amount of half of the pacisettsore than 1000
bytes, whereas when there is no multiplexing proceeded the amdaduait of
the packets becomes less than 100 bytes. During the simulatiosetisewere
linked with wireless station through IEEE 802.3 interface, whittbwa
transferring a MTU (Maximum Transfer Unit) equal 1500 byfdsat is why
after switching off the multiplexing function, as it is shownhe Fig. 13, the
maximum packet size accordingly is up to 1500 bytes. NeverthbiedEEE
802.11 standard allows MTU to exceed even till 2313 bytes. And thigdea
helps to raise higher the exploitation of channel by adding emadickets to
the large ones sent by the users of stations that are conbgdtedE 802.11
standard communication channel after the multiplexing is baitcon. The
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Fig. 13.CDF of packet size of multiplexing data stream
13 pav.Multipleksuoto srauto pakedydziy daznio tikimybi funkcija



distribution of packet delay due to multiplexing is shown in 14 Fig. tlear
to see that 10 % of all packets are transmitted with noiadaitdelay and the
delay of the rest is distributed evenly.

In conclusion it must be said that in case of using the abevdioned
multiplexing algorithm it is possible apparently to increase Huhefficiency
of channel utilization and the capacity of CPN.
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Fig. 14.Packet delay distribution depending on buffer timegalue
14 pav.Paket, vélinimo pasiskirstymas priklausomai nuo buigldiko

6. THE SUMMARY OF THE RESULTS

1. The means of radio communication in customers’ access netwerks ar

the real and substantive alternative to the means of figgancinications
sphere where monopolies of Telco’s still predominate.

2. The experiments of IEEE 802.11a/b standard technologies were carrie

out both in the laboratory and outdoors. The results show clearlyhthat
levels of signal and noise while working in stationary lin@syvonly

slightly. For this reason it is recommended to implement the eabov
mentioned technology in customers’ access networks.

3. Typical devices constructed on the basis of IEEE 802.11b standarc

may be successfully implemented in sporadical customeecs'sa networks

to connect mutual telephone networks with the networks of nieter
services providers, in the case when the distance betstaBons is from

several hundreds meters up to 20 km.



4. When the sources of voice are a few and the other load is nattiégh
average load is not higher than 50% of monochannel conduction), the
efficiency of the channel is not important. According to these dondit

the standard IEEE 802.11b installation equipment should be used.

5. The results of this research indicate apparently that complex
algorithms for voice compression, like G.723.1, despite variousonet
management functions, give small effect. Significantly, compating
G.711 protocol, voice codecs are unable to reduce the channel lataticre
by voice transmission.

6. Nowadays voice is coded by using G.711 protocol in PSTN. It is
unnecessary to reconvert voice code in the gateways bef&EN and
CPN, if G.711 is used in CPN. In other cases, voice codes should b
changed for CPN for connecting with PSTN networks. This chestjeces
voice quality. According to factors mentioned above, it is purpdsivese
G.711 codec in CPN and send voice packets blocked together by 240 ar
more bytes.

7. The investigations on the duration of coded voice signal's speech-
silence intervals and their interconnections show that theticlsaof
contiguous intervals are correlated. Typical correlation isathey and
because of that dispersion of mutual speech-silent peritabdsthan the
dispersion of analogous independent intervals.

8. In order to increase the efficiency of packet transmissimough
extremely heaped channels a new data and voice multiplexing lahgorit
was proposed.

9. Also new software for packet multiplexing is created. Thedels
examination helped to ascertain the impact of the parameters o
multiplexing algorithms for its efficiency.

10. The suggested method for packet multiplexing designed for customers
access networks enables to transmit both data and voice padketsame
time and provide customers with maximum telecommunication serface

the lowest price.
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REZIUM E

Temos aktualumas

Siuo metu vykstanti sparti telekomunikacijinkos liberalizacija skatina
atsirasti vis daugiau nayj paslaug tiekéju. T&aiau telekomai, tuie
telekomunikaciy rinkos monopal vis dar dominuoja vietigi prieigu srityje,
sulaukdami nedidés konkurencijos iS nawjrinkos dalyvi; ir tokiu badu
iSlaikydami aukStus linij nuomos tarifus. Naujai rinka akje operatoriai,
kurie réra linkg nuomotis rySio kanal i egzistuojatiy telekomy, privalo
tiestis naujas rySio linijas. Teu tai tinka tik tuo atveju, kai vietés yra
tankiai apgyvendintos, t.y. ten, kur vartatggkatius yra didelis, tuo tarpu
maZzai apgyvendintose vietgse tai daryti per brangu. Tokiose vieisg
labiau tinka naudoti bevied kreipties tinklus. Tam tikslui paslaugekéjams
buvo sukurtajranga, specialiai skirta fiksuotai bevielei ki@, ir paskirti
atitinkami dazni ruoZai. Vis dlto tokia technologija ¢ra plaiai paplitusi ¢l
aukst; diegimo kaim politikos, toal kaip alternatyva fiksuotai bevielei
kreip¢iai vis daZniau yra 8loma naudoti bevielius vietinius tinklus,
pavyzdZiui, IEEE 802.11 ar ETSI HiperLAN standafeina. Tokiy tinkly
pagrinduimanoma kurti alternatyvius telekomunikacinius tinklus.

Iki Siol nera atlikta detali toki technologij, skirty dideks spartos rySiui
retai apgyvendintose urbanizuotose vietsv diegti, anali nors darb
skakius Sia tema diga. Toctl Siuo darbu yra bandoma papildyti taKiyrimy
sara® bei paskatinti alternatyvius egzistuojap rySiy technologiy
panaudojimo tyrimus Lietuvoje. Ateityje Sio darbo pagrindtytmalima kurti
regioninius pttros planus bei skatinti informacipisisteny plétra Lietuvai
integravusig Europos $unga.

Darbo tikslai ir uzdaviniai

Sio darbo tikslas — iSnagtith Siuolaikines radijo ry3io technologijas ir
parengti metodik bei priemonesyjjdiegimui vartotoj prieigu tinkluose.

Darbo tiksluijgyvendinti formuluojami Sie uzdaviniai:

1. iSnagrireti standartizuotus bevielio rySicenginius ir sukurti metodik

ju galimykems netipigse vartotay prieigy tinkly salygose vertinti;

2. eksperimentiSkai istirti bevielio radijo rySio priemonesjkiancias

nelicencijuojamame daznyije, ir nustatyti esminius parametrus;

3. iSnagrireti balso kodavimo #dus ir patikslinti balso sukuriam

duomenm sraut; modelius;

4. istirti informaciniy technologij; vartotojy sukuriany duomenm srautus

ir parinkti ju modelius;

5. parengti metodikir priemones racionaliam bevielio rySio technolagij

vartojimui informaciniy technologiy vartotoj; prieigu tinkluose.



Mokslinis naujumas ir praktinis darbo rezultat y taikymas

Pasaulyje atlikta daug darbvartotop prieigu optimizavimo, nauj
technologijy ir protokoly karimo srityse, pradedant nuo fundamengatdijo
ryS§io moduliacijy iki ekonominiy vartotojy prieigg tyrimo aspeki.
Standartizuat LAN ir WLAN tinkl y iranga tiriama ir adaptuojama tipms
duomem, perdavimo slygoms, kai tinklas yra arba su aiSkia infrasttét
arba kai jos visidkai dra (ad hoc versija). Sio darbo tyrimo objektas — tai
netipinis vietinis tinklas, sukurtas standartizudtAN ir WLAN tinkly
irenginiy pagrindu, toliau vadinamas vartatoprieigy tinklu (VPT). VPT
batini prieigy prie bendujy tinkly resurg punktai (infrastrukiros pozymiai),

0 vartotoj jranga veikia ir kaip terminalai, ir kaip retransliator{ad hoc
mazg; funkcijos). Tokia misri tinklo architeita yra nauja, Sia tema atlikta
mazai tyrim.

Esminiai Sio darbo naujumo elementai:

1. Lietuvos alygomis eksperimentiSkai istirti IEEE 802.11b stangart

irenginiai;

2. pasiilyti vartotoju prieigy tinklai, ju vertinimo kriterijai;

3. nustatytos balso kalbos/tylos intenyddrpusavio koreliacis savyBs;

4. riboto laidumo radijo rySio kanalo panaudojimo efektyvumui didinti

pasiilytas balso ir duomen bendro grupavimo protokolas, atlikti jo

tyrimai;

5. grupavimo protokole pasiyta adaptyvi iSsiuntimo schema, atlikti jos

tyrimai.

Disertacijoje gauti rezultatai galiab tiesiogiai taikomi kuriant ir diegiant
vartotopy ar kitokius tinklus, kuriuose kaip informacijos transpontawi
priemoré naudojami IEEE 802.11 standarigenginiai. Balso ir duomen
paket; grupavimo — multipleksavimo algoritmas gatfitbpanaudotas ir kit
tinkly ,butelio kaklelio* susidarymo vietose.

Darbo aprobavimas

Disertacijos tema paskelbta 9 mokslo darbS kury 4 Lietuvoje
pripazintuose Zurnaluose, 2 uZzsienio konfergndgrhy rinkiniuose ir 3
atspausdinti kit konferenciy darhy medziagose. Disertacijos tema perskaityta
13 praneSiny, i$ kuriy 2 uzZsienyje.

Gynimui pateikiama:

1. Radijo technologij vertimo metodika.

2. Eksperimentiniai IEEE 802.11a/b protokolo tyrimai.
3. Balso kalbosi/tylos intervalkoreguod modelis.

4. Paket; grupavimo algoritmas.



Disertacijos struktara ir apimtis

Disertacip sudaro 6 skyriai ir vienas priedagvadiname skyriuje
aiSkinamas disertacijos temos aktualumastaini darbo tikslai ir uzdaviniai,
metodiniai darbo principai, mokslinis naujumas ir rezultpanaudojimas,
darbo aprobacijos ir publikacijos, formuluojami ginami teiginmirodoma
darbo strukira ir apimtis. Antrame skyriuje pateikiama radijo prigig
technologij; apZvalga. Prieinama iSvada, kad radijo rySio prieimamrtotoy
prieigu tinkluose — tai alternatyva laidinio rySio priendamis. Ta&iau Siuo
metu realistiSkiausia technologija IEEE 802.11a, b bei g neslsStpungimus
orientuotoms paslaugos teikti, tbgla taikant vartotaj prieigy tinkluose reikia
ieSkoti kudy, kaip iSlaikyti priimting paslaugos koky ir racionaliai iSnaudoti
radijo kanalo galimybes. T¢mme skyriuje formuluojama vartotpjprieigy
tinkly savoka bei pozymiai. ApraSomi bevielio lokalaus tinklo parametrai be
charakteristikos (1 pav.), pateikiami eksperimentinduomen tiriant
IEEE 802.11b standaricang Lietuvoje rezultatai (2 — 4 pav.). Nustatyta, kad
bevielius tinklus, veikiatius IEEE 802.11 pagrindu, galima taikyti kuriant
vartotop tinklus. Ketvirtame skyriuje nagrjami duomen ir balso 3altiniai
bei ju modeliai. Pateikiami eksperimentiniai balso ir duomenraut; tyrimo
rezultatai (5 —9 pav.) Taip pat Siame skyriuje yra pateikfatikslinty balso
ir duomem Saltinh modeliavimo rezultatai. Penktame skyriuje aprasomi
duomem multipleksavimo metodai. Pateikiama sukurto kompleksinio
multipleksavimo algoritmo apraSymas (10 pav.), modeliavimui $o&ur
programirés irangos strukira, modeliavimo pradiniai duomenys bei
multipleksavimo  algoritmo  modeliavimo rezultatai (11 —-14 pav.).
Modeliavimas parog kad sukurtas metodas leidzia iSlaisvinti iki 70 "%
kanalo resurso. Visi darbo metu gauti rezultatai apibendrirttirdeSskyriuje.
Disertacijos pabaigoje pateikiamas lit@éras grasas, kuriame nurodomi 182
kity autoryy bibliografiniai Saltiniai ir 9 disertacijos autoriaysublikacijy
bibliografijos Saltiniai.

Disertacijoje yra 147 teksto puslapiai, 16 lentell07 paveikslai, 191
bibliografijos 3altinio gradas. Disertacijos priedas yra kompakpiokstet su
prograny, iSeities tekstais.

Atlikto darbo svarbiausi rezultatai ir j y apibendrinimas

1. Radijo rySio priemoés vartotoy prieigy tinkluose — tai reali
alternatyva laidinio rySio priemeéms.

2. Atlikti IEEE 802.11la/b standartgrangos eksperimentiniai tyrimai
laboratorijos ir lauko @ygomis leidzia teigti, kad signalo ir triukSmo
lygiai stacionariose linijose kinta nezymiai, ¢bdninéta irangy galima
rekomenduoti vartotaj prieigy tinklams.



3. Tipiniai IEEE 802.11b standarto pagrindu sukurgéinginiai gali it
sckmingai  naudojami  pavieai vartotoj tinkly prieigose rySiui su
bendraisiais telefono tinklais ir interneto paslatejkejy tinklais palaikyti,
kai atstumas yra nuo keleto Sipmhetny iki mazdaug 20 km.

4. Kai balso Saltini nedaug ir kita apkrova¢ra auksta (bendra apkrova
nevirSija 50% monokanalo laidumo), taikytina standartiBEE 802.11
a/b/gjranga.

5. Pateikti rezultatai akivaizdZiai rodo, kad perduodant abdEEE
802.11b protokolo tinklu sutingi kalbos kompresijos algoritmai (G.723)
duoda palyginus menkefekt, balso sukuriama kanalo apkrova lyginant
su G.711 protokolu maja nezymiai.

6. Siuo metu vieSuosiuose telefono tinkluose balsas koduojamas G. 71
protokolu. Todl nagrirgjant balso perdavimVPT, reikia atsiZzvelgtj tai,
kad gsajose su vieSaisiais tinklais koduoto balso nereikia papddom
perkoduoti tik tuo atveju, jei jis koduotas G.711 protokolu. Bet koks
papildomas balso perkodavimas kokyb nepagerina, tétl mazai
apkrautose VPT linijose tikslinga taikyti G.711 kalbos kodavimo progokol
papildomai sublokuojant kalbos paketus po 240 ir daugiau. bait

7. EksperimentiSkai tyriglant koduoto balso signalo kalbos ir tylos
intervaly trukmes beiy tarpusavio rySius nustatyta, kad gratimterval
trukmes yra koreliuotos. Tipinis koreliacijos koeficientas yragiahas,
todkl bendro kalbos ir tylos periodo dispersija mazedyginant su
nepriklausom analogiSk period; dispersija.

8. Sukurtas naujas duomenir balso paket grupavimo algoritmas,
pagerinantis ekstremaliai apkrauysio kanal naudojimo efektyvum

9. Sukurta programifiiranga paket grupavimo priemoéms modeliuoti.
Modeliavimo kdu iSnagrigta grupavimo algoritmo parametitaka jo
efektyvumui.

10. Atlikty tyrimy pagrindu pasilytas vartotoy radijo prieigy karimo
budas naudojant standartines bevielio rySio priemones maZeawpins
linijoms ir papildant jas programémis paketi grupavimo priemoémis
auksto intensyvumo kryptyse.



Ariinas Saltis received B.Sc and M.Sc. in EEE fromivdrGediminas Technical Uni-

versity in 1999. In the same year he entered dakcsbudies in Electronics Department
of VGTU. His field of research is wireless commuations. A. Saltis is a member of
IEEE Communications, Computer Society and ACM.

e-mail: arunas.saltis@el.vtu.lt

Ariinas Saltisigijo elektros ir elektronikos inzinerijos bakalauiromagistro laipsp

Vilniaus Gedimino technikos universitete 1999. Taaésiais metais jigstojo i dokto-
rantira VGTU radioelektronikos katedroje. Jasfujama mokslo sritis yra bevisl ko-

munikacijos. A. Saltis yra IEEE komunikagir kompiuteriy draugijos, bei ACM na-
rys.

El. paStas: arunas.saltis@el.vtu.lt

Ariinas Saltis

RADIO TECHNOLOGIES IN CUSTOMER'’S ACCESS NETWORKS
Summary of doctor dissertation

Technological Sciences, Electrical and Electromigikeering (01T)

Ariinas Saltis

RADIJO TECHNOLOGIJOS VARTOTQJ PRIEIQU TINKLUOSE
Daktaro disertacijos santrauka

Technologijos mokslai, elektros ir elektronikosiirerija (01T)

SL 136. 2004 08 05. 1,5 apsk. leid. 1. Tirazasdgf)

Leido Vilniaus Gedimino technikos universiteto lgith ,Technika®,
Sauttekio al. 11, LT-10223 Vilnius

Spausdino UAB ,Sappsala“, S. Moniuskos g. 21-10, LT-08121 Vilnius



