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1. Uvod

Asterisk je free a opensource software, ktory vytvara Siroku Skdlu telefénnych aplikacii a sluzieb
napriklad IP PBX systém, VolP gateway, conference server, voicemail, IVR system, Call center ACD,...

Asterisk zahfha vSetky zakladné ,stavebné bloky“ potrebné
na vytvorenie systému PBX, IVR systému alebo prakticky akéhokolvek iného
druhu komunikaéného rieSenia. K "blokom" v suprave patria:

e  Drivers for various VolP protocols.

e Drivers for PSTN interface cards and devices.

e Routing and call handling for incoming calls.

Outbound call generation and routing.

Media management functions (record, play, generate tone, etc.).

Call detail recording for accounting and billing.

Transcoding (conversion from one media format to another).

Protocol conversion (conversion from one protocol to another).

Database integration for accessing information on relational databases.

Web services integration for accessing data using standard internet protocols.

LDAP integration for accessing corporate directory systems.

Single and mult-party call bridging.

Call recording and monitoring functions.

Integrated "Dialplan" scripting language for call processing.

External call management in any programming or scripting language through Asterisk Gateway Interface
(AGI)

Event natification and CTI integration via the Asterisk Manager Interface (AMI).

e Speech synthesis (aka "text-to-speech") in various languages and dialects using third party engines.
e  Speech recognition in various languages using third party recognition engines.



2. InsStalacia
stiahneme si ISO AsteriskNOW CD z:
http://www.asterisk.org/downloads/asterisknow/i386/asterisknow32.iso

Systém dame bootovat z tohoto CD.

Objavi sa menu:

dlgélk)um

AsteriskNOW.

To install with Asterisk 1.6 and FreePBX, type:

To install with Asterisk 1.4 and FreePBX, type:

To install with Asterisk 1.4 and Asterisk-GUI, type:
To install with Asterisk 1.6 only, type:

To install with Asterisk 1.4 only, type:

[F1-Mainl [FZ2-Options] [F3-Generall [F4-Hernell [F5-Rescuel

Vyberieme prvi moznost (<KENTER>) : ,To install with Asterisk 1.6 and FreePBX “

V dalsom menu (Hard disk layout) je dobré vybrat : "Remove all partitions on selected drives and
create default layout" ¢o vymaze vietky data na disku.

Timezone settings: vybrat ¢asové pasmo
Root password: vybrat si heslo pre root-a

Zacne instaldcia operac¢ného systému CentOS + Asterisk + FreePBX (GUI pre konfiguraciu Asterisku)



3. Konfiguracia
Po instalacii sa treba prihlasit ako ROOT.

Sietové nastavenia sa daju robit pomocou prikazu system-network-config (alebo setup->network
configuration)

Edit Devices:
Static IP: 158.193.139.80
Netmask: 255.255.255.0
Default Gateway IP: 158.193.139.1
DNS configuration:
hostname:server.a.local
Primary DNS: 158.193.152.2
Search: netlab.kis.fri.uniza.sk

ESte treba nastavit : domainname a.local

Restartovat...
(Pri dlhom bootovani na starting sendmail zadat: chkconfig --levels 345 sendmail off)
Objavi sa obrazovka ak chceme pouzit na konfiguraciu FreePBX(v nasom pripade ano) tak

Point your browser to http://158.193.139.80/

Klik FreePBX administration.
Defaultné prihlasovacie meno/heslo: freepbx/fpbx

3.1. Pridavanie extensions (pouzivatel'ov):
Extensions -> Add extension -> Generic SIP device -> Submit

Add SIP Extension

Add Extension

|ser Extension 123
Display Mame Moy
iZ|D Mum Alias

SIF Alias 123

Device Options

This device uses sip technology.

cecrat tajneheslod4
dtrmfrmode rfc2833

< autentifikacia


http://158.193.139.80/

Po potvrdeni SUBMIT sa vytvori extension 123:

Extension: 123 Add Extension

Feto Repan <201=

& Delete Extension 123 Martin Galovic <202

Radelk Sevcik <323=

Edit Extension

Display Mame Moy

CID Mum Alias

SIF Alias 123
Extension Options

Cuthound ClD tAaaaatooo
Ring Time Default
Call Waiting Enahle -
Call Screening Disahkle
Finless Dialing Disakle -

Emergency CID

Device Options

This device uses sip technolooy .

secrat tajneheslodq
dimfmode 2833
canreinvite no

Context from-internal
host dynamic
type friend

nat WES

port 5060
qualify WES
callgroup

pickupgroup

disallowy

allow

dial SIFM123
accountcode

mailbox 123@device
demny 0.0.0.0/0.0.0.0
permit 00000000

3.2. Registracia a Autentifikacia:

Outbound CID - je nazov
volajuceho ktory sa bude
zobrazovat pri
medzidoménovom volani, ak je
prazdny, tak sa pouziva Display
Name

Cez SIP klienta(Blink, XLite, ...) prihlasit pomocou Cisla (User Extension) a hesla (Secret)

Pr.: 123 a tajneheslo99



3.3. Intradomain call:
Zadat ID volaného pripadne aj doménu

Pr.: 202@a.local

3.4. Interdomain call:

192.168.1.201 192.168.1.202
PBX 201 PBX 202
server.a.local server.b.local
Extensions 123
201 IF Phone m
Extensions 626
§g§ (:@\ 3 IP _,,/(;@
t 123 PBX PBX iP Phone
d E Ext 626
PEX 201 Trunk PBX 202 Trunk

Configuration Configuration

202 -peer SIP trunk

Outbound 5 Inbound
Trunk: 202-peer Username: 201-user
Username: 201-user

201-peer SIP trunk | Qutbound

Inbound
Username:202-user

)

Trunk: 201-peer
Username: 202-user

Na interdomain call budeme potrebovat vytvorit (1.)Trunks medzi SIP servermi a (2.)Outbound
Routes.

3.4.1. Vytvorenie Trunks:
PouZijeme metddu ,,SIP PEER/USER Trunk Pairing”.
Majme dva (PBX 201 a PBX 202), jeden v doméne a.local a druhy v doméne b.local.
SIP Trunky su znadzornené Sipkami smerovanymi k ich PBX.
Na strane PBX 201 potrebujeme nakonfigurovat outbound trunk (202-peer) ktory bude spojeny
s PBX 202 pomocou uzivatela 201-user. Na PBX 202 potrebujeme vytvorit uZivatela 201-user na
inbound trunku. PouZivatel 201-user sa bude registrovat na PBX 202.
Na PBX 201 potrebujeme este vytvorit pouZivatela 202-user na inbound trunku aby sa mohol 201-
peer z PBX 202 cez neho registrovat.
(Mena trunkov a uZivatelov sa mdzu volat hociako)


mailto:202@a.local

Nastavenie Trunku na PBX 201:
Trunks -> Add SIP Trunk

Add SIP Trunk

General Settings

Trunk Description: 202-peer

Cuthound Caller ID: |

CID Options: Allow Ay CID

Maximum Channels:

Disable Trunk: [ Disable

Monitor Trunk Failures:

Dutgoing Settings
Trunk Mame: 202-peer
FEER Details:

Channel g0 {zap)

[ Enable

Host — PBX IP alebo domain name

hozt=zerver.b.local
R
ugername=201-user
fromuser=201-user

Sggret=201-pagsyord
type=peer
oMalify=yes

Incoming Settings
USER Context 202-user
USER Details:

secrer=202-passuord
LypeE=user

context=from-trunk

Registration
Register String:
abcdetgh

Submit Changes

na ktory sa chceme pripojit
Username — meno PBX 202
uzivatela cez ktorého sa budeme
autentifikovat

From user — pouZiva sa pri
autentifikacii

Type=peer — trunk je typu peer

USER Context — meno pouzivatela
ktoré bude PBX 202 vyuZivat na
prihldsenie sa na PBX 201
Type=user — user account

v peer/user trunk pairing metdde
context=from-trunk — tento
pouzivatel je dostupny cez trunk

Po potvdreni Submit Changes sa vytvori trunk 202-peer (sip)

Add Trunk

Channel g0 (zap)



Nastavenie Trunku na PBX 202:

Add SIP Trunk
Channel gl (zap)

General Settings

Trunk Description: z01peer
Outbound Caller ID; |

CID Options: Allow Ay CID -

Maximum Channels:

Disable Trunk: I Disable

Monitor Trunk Failures: | Enable

Outgoing Settings
Trunk Mame: 201-peat
FEER Details:

host=server.b.local
ugernames= 202 -user
fromuser=202-user
segrat=202-password
type=peer
qualify=yes

Incoming Settings
USER Context: z201user
USER Details:

secrer=201-password
LYpeE=user
context=from-trunk

Registration
Feqgister String:
abcdetgh

Submit Changes

Po potvdreni Submit Changes sa vytvori trunk 201-peer (sip)

Add Trunk

Channel g0 (zap)

Overenie trunkov pomocou prikazu: sip show peers



3.4.2. Vytvorenie Outbound Routes:
Sluzi ndm na ,,adresovanie” hovorov do druhej domény.

Vytvorenie Outbound Route na PBX 201:

Outbound Routes -> Add Route

Add Route

Foute Name:

Route CID:

Foute Passivord:
Emergency Dialing:
Intra Company Route:
Music On Hold?

Dial Patterns

202 3KK

Clean & Remove duplicates

Dial patterns wizards: (pick one)

[sIPR02peer[+] T

Trunk Sequence

Submit Changes

Priklad:
Dial Patterns: 202 | XXX
Trunk Sequence: SIP/202-peer

default -

201-dial-202

-

L

Cwertide Extension CID

Route Name — nazov (hociaky)

Dial Patterns — pravidla
prefixov Cisel, urcuju tvar Cisel
ktoré budu prisluchat
konkrétnemu trunku(Trunk
Sequence — v naSom pripade
SIP/202-peer).

,X“ znamena lubovolnu cifru
0-9

,0-9“ znamena pevnu cifru
»|“ znamena Ze pevné Cislo
pred tymto znakom sa bude
vo volanej doméne ignorovat
(odoberat z pévodne
vytacaného Cisla)

»+“ pevné Cislo pred tymto
znakom sa vo volanej doméne
pridava k vyta¢anému
(p6vodnému) Cislu

Chceme z PBX 201 zavolat priamo na PBX 202 uzivatelovi 626, vytocime teda ,,202626", toto Cislo
splitia podmienku prvé 3 cifry = 202 a nasleduju prave 3 lubovolné cifry ¢o adresuje tento hovor na
trunk ,,202-peer” (CiZe prihlasi uzivatela 201-user ktory je zaregistrovany na PBX 202), odstrani prvé 3
cifry (vdaka ,,|“) a vytodi ¢islo po uprave (takze ,626“)



Vytvorenie Outbound Route na PBX 202:
Outbound Routes -> Add Route

Add Route

Route MName: 202-dial-201

Route CID: [l Override Extension CID
Route Password:

Emergency Dialing. [

Intra Company Route: [

Music On Hold? default

Dial Patterns

2071 [3HK

Clean & Remove duplicates

Dial patterns wizards: (pick one) v
Trunk Sequence
[SiPz0t-peer[+] @
submit Changes

3.5. Instant Messaging:
AsteriskNOW 1.7.1 nepodporuje SIMPLE protokol ktory vyuziva metédu MESSAGE

189 75,842936 192,168.1.103 192,168.1,201 SIP RegUesT: MESSAGE sip:202@192.168.1.201 (text/html)
150 75.844330 192.168.1.201 152.168.1.103 SIP Status: 419 Unsupported Media Type
192 76.034471 192,168.1.103 192.168.1,201 SIP RegUest: MESSAGE sip:202@192.168.1.201 (text/plain)

193 76,037343 192.168.1.201 192,168.1.103 Status: 409 Method Not AlTowed

Takyto packet je na serveri dropnuty.

3.6. Presence:
AsteriskNOW 1.7.1 takisto nepodporuje agent-based presence (presence server) ale iba end-to-end
presence model (automaticky):

53 37.861381 192.168.1.103 192,168.1.201 SIP Request: SUBSCRIBE sip:323@192.168.1.201, in-dialog
54 37.865177 197.168.1.201 192.168.1.103 SIP status: 401 Unauthorized

59 37.877500 192.168.1.103 192,168.1.201 SIP Request: SUBSCRIBE sip:323@192.168.1.201, in-dialog
56 37.870175 197.168.1.201 192.168.1.103 SIP Status: 200 oK

57 37.8B0178 197.168.1.201 192.168.1.103 SIP/iL Request: MNOTIFY sip:201@192.168.1.103:599061

i837,804213 192,168,1.103  102.168.1.200 status: 200 oK




4. Zdroje:

Oficidlna dokumentécia:
https://wiki.asterisk.org/wiki/display/AST/Asterisk+1.8+Documentation

http://www.asterisk.org/asterisk
http://www.asterisk.org/Asterisk NOW-1.5-QuickStart



https://wiki.asterisk.org/wiki/display/AST/Asterisk+1.8+Documentation
http://www.asterisk.org/asterisk
http://www.asterisk.org/AsteriskNOW-1.5-QuickStart

