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- 3. VoIP A 2R \/
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323 SIP ﬁS?ﬁ 5P
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TH ZE3) 7T
e [TU (Internet Telecommunication Union)
e oo b= ol el Al ol
e [ETF (Internet Engineering Task Force)

o SIP(Session Initiation Protocal), MMUSIC, IPTEL, PINT,
IMPP, ENUM.

e ETSI (European Te lecomm. Standards Institute)
o “FIPHON "SPS5

VolP Al21d9d 2= &EF : H.323, SIP
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e IETF (Internet Engineering Task Force) 33} 7] .
e loao S REC s s S v e o o
e End to End®] "HEH T AlAS B, =4, sjAst= & As
o AAAN2EH) TREF,
o H.323 igjgl I E==0] 20L0 & VglP AH|AE pellol
(Internet Engineering Task Force) 22 = E &

e SIP: & AlAH AAMS O F = T2 E T,
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SIP 748845
e UA(User agent)
« UAC(User agent client)
— A Aol Fhe] A7l sk Aol Al Request KW= 9.
« UAS(User agent server)

— SIP 2.4l t§38F ResponseE HESH3}

|

o] 5}
>

e NS(Network server)

 Proxy Server

Caller®} Callee A}l 9] SIP Messages S Forwarding 3.

» Redirect Server
Caller®] request(AAd3o]) SIP WM X & ®31, Calleeol] gt AR E
Calleroll Al d&st= A
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o Z} Ab-g-2bult} 3143k SIP URI(F4)S Hof 3t

e Ex) sipiuser@host

s in iy o e e
o user : AR&A}L9] o &

e Host: & Hr|Ee F+4

(PC, HIEY A A8 %2 IP/Domain, d3HS, A~ HTE)
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Request
e 8 HWAME
. INVITE : Call &%
= ACK : INVITE 8 89| tsia] MBle BE = otie Jighs uf olof tish
Acknowledge(ACK)3t.
« BYE : call& Releasedt.
« CANCEL : Pending requestE Cancel3tt},
(BYE : AlA £=, CANCEL : request& cancel)
« OPTIONS : capabilityol] tjst AH Q
- REGISTER : SIP location server®] AF-&2F 24l 2e] 9] %] (location)d H. & <.
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23.8IP YR/ IIS —

Class 9] o] e
1xx Informational Provisional
2xx Success Final
3xx Redirection Final
Axx Client Error Final
KK Server Error Final
6xx Global Failure Final
Response

o Httpoll A9} Zo] Eq 29 54 on|E U= 6714 SHE 2.

e Privisional : Al AA S st= S Qs AHE AEst7]| Yok .

e Final : A|A A8 AL vlX|go HF/AHE dHF7] AT
o GilEieaim

« ¥ :INVITE/200/ACK

1

: INVITE/4xx, bxx =+ 6xx/ACK
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HAA AS TRES

e SIP s Al 2L =

o AF W2 1 TCP, UDP, SCTP(Stream Control Transmission Protocol)
SDP(Session Description Protocol) AF-&

o SIP Al A3 %of %2 endPointol] A AA do]g S Fuit= S
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e Registration

e Location Server W 2] DBl A}&-x}¢] %] AHE 2e]F11, Register
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I:: :} (1Y INVITE peniaexample se - A TE e Fbm.ﬂ.ﬁm !
733 11 200 Ok
j * (71200 OK Dq () (51
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e Proxy

e USCEHH AA 44275 Proxy serverol| 4] wtol g s},
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3.2 =X} HFAl i

’ : location server
Redirect Server
v
— Caller@| request(MI&&0) SIP A X2 , Calleelfl CHet A E Pt
Caller®i HE5ts g fiction.com A |3
. - - i) o
=" 2
filizfiction. com (1) INVITE peniaiexample se > k4 E
{4) 302 Moved temporarily oy
< Contact: peni@pepperoni.example. se Z
science (5) ACK peni@example.se - ]
sippo
F 3
(6] INVITE peniapepperoniexample.se - )
pepperoni
(71200 OK
(8) ACK peni@pepperoni_example.se -
. peni@pepperoni
Redirect I

e Caller(UAC)7} Redirect Serverel] 42 AlAd 2%
o AW ZoA Callee(UAS)O that A A3 HH(F2)E Callerdl Al AEs|Ful.

e Caller7} thA] INVITE &4 (AL H)S S8 == &7 &
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e Hardware — A2 =7} 9+ PC 29 or Vmware©l| 7} PC 249.

e Software

« Call Agent : A3} ng7] 9-& GET A 2 A
Cisco CUCVM : www.cisco.com
Asterisk ! www.asterisk.org
Trixbox @ www.trixbox.org
Brekeke : www.brekeke.com

- Call Client : M3}7], st=do] R LT ES o] &
X-lite : www.counterpath.com
Port SIP : www.portsip.com

Android SIP : sipdroid(freeware)
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s SIPSorver

e http://www.brekeke.com/sip/

. Bolas R,

e http://www.brekeke.com/download/download_license_sip.php

Edition Get ID
Brekeke SIP Server Advanced Edition Buy Now
Brekeke SIP Server Standard Edition Buy Now
Brekeke SIP Server Evaluation Edition Get Product ID
Brekeke SIP Server Academic Edition Reqguest

e Free 60-Day Evaluation ¥+ Academic Edition(&tal o]H A =2 A1 Al
FEASHEE g Wd2 AFAFUT-DEA Guddnt 7hs)

onNnYcCom



=il

Brekeke Server(BSS#} % &
e BSS Install.($§4 ¥ Tomcat 252
« http:localhost:18080/proxy
- ID/PW : sa/sa
- BSSt foAM #EE

By

,A‘QQSHE!HETEEEEh!..-!!!!====;'

)
2 A% ol qLt})

G’ﬁﬁ%ﬁn&r
[

Login

User D:  |=a |

Password: |@® |

Domain: <administratory -

[ tosin, |

Brekeke SIP Server , Version 2.4.5.5 Academic
ID: A100000845

Copyright © 2002-2010 Brekeke Software, Inc.
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W/m@hSum Server

Dial Plan | User Authentication | Registered Clients | Active Sessions | CallLogs | Configuration | Maintenance

e BSS Server AA,
e Configuration —> SIP —> Authentication(REGISTER, INVITE) : off 2 4.
o Client 2 HZEEZ 93] 215 7|52 v EA 3 A4,

e 922 A RESTART/SHUTDOWN oA Z A A &),

e User Authentication

ol e

1

e Registered Clients
e HA SIP Serverdl F<3 UACY AHE g,
o Active Sessions

o Aol A2 HA=H S JH.
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3. Clinet ZX|(x-Lite)

Account | Voicemnail | Topology || Prezence | Transport | Advanced

X-lite : www.counterpath.com Account name: ( Accourt 1 |

Protocol:

Display Name : p1001

Allow this account for

| Caill

USGI’ ID : DlOOl V| IM | Presence

Domain : 211.232.xxXX.XXX

User Details

(BBSQ }\i m ‘?“,/J\_) User ID: I:_:p'I 001

Domain: |~ 211.232 3000004
Register with domain add receive incoming Password: (
calls iﬂﬂ(l{-—_ﬂﬂ ?_]_'% %‘6]] %01 9_% < f_ﬂ—g—) Dizplay name: I:_:p'IDIZII

Authorization name: I

Send outbound via

Domain Proxy

il
oft
:CI:»L_I‘
Het
1

— domain(¥ ¥ &+ Domain? =]

+ | Register with domain and receive calls
Send outbound via:
® Domain

Proxy Address: I

Dial plan: I #1\a\a. T;maich=1;prestrip=2;
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P Call Flow
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w
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_180Ringing
_180Ringing
200 0K
20D 0K
ALK i ACK N
RTP Stream
1 BEYE N
200 0K

Signaling

w

onNnYy'cCom



6. A2V / ABAHPH B——
—
nA]
o At VoIP A H| A& 1 IETF SIPY] 7= 53 24 (FE 544X 3-4)
e VoIP A H| 2 B QS 2] 3} Virtual SIP Proxy Al =8l (gl= Q1 E Yl A 1 5}3])
e RTP_AF REE5_ X33 Java 7|HFS]_SIP_User_Agent®] &
e Fredrik Fingal, Patrik Gustavsson. “A SIP of [P-telephony”
« http://www.cs.columbia.edu/sip/papers.html

HAAGH
e VoIP #d Alo|E A1

 http://www.voip-forum.or.kr/html/index-e.html

e ITUSG 16
» http://www.itu.int/ITU-T/com16/index.html
e SIP
 http://www.ietf.org/html.charters/sip-charter.html (IETF SIP WG)
« http://datatracker.ietf.org/doc/rfc3261/ (SIP: Session Initiation Protocol )
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