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« Skype Interworking Test

— VolP Gateway to Skype (online number)
— IP-PBX to Skype(online number)
— IP-PBX to Skype(Skype name)

» Skype Configuration for IP-PBX or VolP Gateway
» Configuration for Skype Application

 AddPac VolP Gateway Configuration

 AddPac IP-PBX Configuration

» SIP Register Scenario
— Signal Flow Diagram
— Message Format
* Inbound Call Scenario from Skype
— Signal Flow Diagram
— Message Format

Outbound Call Scenario from IP-PBX

— Signal Flow Diagram
— Message Format
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Skype Interworking Test

(GW — Skype :using onli

PSTN Analog Phone

070-7951-0919
(online-number from Skype WEB)

Test Point

PSTN — Skype OK
FXS Interface

PSTN - G/W OK I l

G/W — Skype OK !"__“,_
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Analog Phones

070-7893--1524
Addh‘ www.addpac.com online-number from Skype WEB)



Skype Interworking Test

Test System Diagram (IP-PBX — Skype)

7~ A

PSTN Analog Phone

SN g

070-7951-0919
(online-number from Skype WEB)

Test Point Result

PBX- Skype OK LAN
10/100Mbps 10/100Mbps
PBX— PSTN OK Ethernet Ethernet

AddPac IP-PBX Series

IP Terminals
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Skype Interworking Test

(IP-PBX— Skype :using ame
Test System Diagram (IP-PBX — Skype)

&

PSTN Analog Phone

Skype
abc.woosun

Translate Called-Number (abc.addpac.com)
to extension - number

LAN

10/100Mbps

10/100Mbps
Ethernet

Ethernet

IP Terminals

Abc.addpac.com
(extension number : 1000)

Addec www.addpac.com



Skype Configuration for IP-PBX

Skype for SIP Beta

i

= 48 =/ AddPac Technology Business Control Pangl = Help = Sign out
= ”

People  Company @ | €510 Add ﬁﬁ 2 people Add

Account dotails Skype for SIP Beta Profile

Purcha kype credi « Back to profile hst

Ad mbar Profile overview Calling Online numbers Caller ID

Redeem voucher

Headquarter

Raname this profile | Delete this prohle

Manage enline numbers

Group paople p "

S|P authentication
Order list LI g 1 )

Skype for SIP supports authentication via registration (usemame and password), or
Allocatlon | I IP address,

This S51P profile uses the registration avthentication settings below

Paymgnt preferances

Skype for SIP Bela {*) Registration (usemame and password) i) ) WP address g

SIP Registration Information for IP-PBX or
You will need this information 1o configure your PEX ) VoIP Gateway
SIP User: 99051000003457
Password: aBk‘.‘\l"l"UE“ ° user
* password
Skype for SIP domain sip.skype.com « SIP domain
UDP Port: 5060 « UDP port

ﬂ SIF user successiully registered at sip. skypé.com
Last registration: March 29, 2010 at 01:38 GMT

Generale a new password Q)

Addpa‘ www.addpac.com



Skype Configuration for IP-PBX

Manage online numbers

AddPac Technology Business Control Panel Help Sign out
People  Company '(3 €5,10 Add A 2 people Add

Account details '€) Manage online numbers

Purchase Skype credit 1 online number(s) available Purchase more online numbers
Select all Assigned to Expires

Add members g P
[] % +82707893 1524 SIP profile: Headguarter Jun 24,2010

Redeem voucher

|Extend selected numbers {S}N:rnths]l V| [ Extend ]

Group people _ _ \m
Assign and reassign your online niNnbers here.
Order list
Allocation report Assign the online-number for receiving a PSTN or |
VolIP call.

Payment preferences

Skype for SIP Beta
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Skype Configuration for IP-PB

Configure Extension Line

People Company

Account details

Purchase Skype credit

Add members

Redeem voucher

Manage online numbers

Group people

Order list

Allocation report

Payment preferences

Skype for S5IP Beta

AddPac

S)) €5,10 add B‘."ﬂ 2 people Add

Skype for SIP Beta Profile

« Back to profile list

Profile overview Calling Online numbers Caller 1D

Headquarter - Calling
Business accounts can have their incoming calls redirected to this profile.

Create more business accounts.

Business Accounts

Change or add business accounts to this profile.

Business account Extension number

wshwang.addpac.com 1002

Remove

Assign the extension line number for receiving a PSTN or
VolIP call.
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Configuration for Skype Applic

Online number for Skype Application

You have
s
. @ e © Q o @
Free calls and video Call phones Online number Skype To Go number Voicemail Send SMS5 Call forwarding Caller ID
Your online numbers Need more online numbers?
. (70] 7951 -091 9 Buy more online numbers so even maore friends can save money
&

Kaorea, South - Expires on

when calling you.

Get another online humber

Assign the online-number for receiving a PSTN or
VolIP call.
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AddPac VolP Gateway Con

AddPac G/W configuration

dial-peer voice 0 pots A - - —
destination-pattern 827078931524 Configure online-number for receiving a call.
port 0/0 Also, The authentication information should be
no register e164 " | configured.
user-name 99051000003457 - reference page 4-5
user-password e8kVVTU2JIXxXXxX »
!
dial-peer voice 1 pots h
destination-pattern 99051000003457 The authentication information should be
port 0/0 > | configured for REGISTRATION.
user-password e8kVVTU2JIXxXXxX - reference page 5
sip-ua Configure SIP-Proxy Server information
sip-server sip.skype.com : . '

i i & The option(called-party-number) should be
called-party-number to-field } configured for extracting called-number from “To

filed’.
- reference page 5

AddPac www.addpac.com



AddPac IP-PBX Configuratio

Skype Proxy Server Configuration

™ Add a New SIF Proxy Server

Prowy Server Name |5k‘5’DB |
Description | |
Device Poal | defautt | Edit SIP Promy Server List
Location [n/A | Select *e
- . MNo. Address Port
Security Profile [ <N/A> w | Edit - oo srapre e \
SIP User Name [99051000003457 |
" |SIP Password | | Configure SIP-Proxy Server information.
N == | | - reference the page 5
- T e |public b | = Y
The authentication information should |Fip-2833 v —
be configured. |uoP |
- reference the page 4 out |60 | (10-86400 sec)
[] RTP Proxy Required Use Music On Hold
[] Use Local Hestname at Registered Domain Mame  [_] Nortel Hold Method
[] Use Username at Registered User Information [] REFER Method Supported
Register
[ ok ]| cancel

Addpa‘ www.addpac.com
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AddPac IP-PBX Configuratio

Translation Rule Confiquration

Number Translation Rule

Mo Mumber Translation Rul | Input Matched Pattern | Substituted Pattern | Description
9T 2 02%99
8T 2 02%99
R3T 203%99
1 71 E22M _called R4T 203399
BET 203399
BET 203%99
E1T 220 00
p skype_outbound_called  O70T 82302299
3 skype_inbound_called aa70T 0% 03299

Configure Translation-Rules for inbound and outbound call.

For the outbound call starting with ‘070°, Eliminate one digit, and then insert ‘82’ digits.
(ex: called-number 070-8888-9999 - 8270-8888-9999)

For the inbound call starting with ‘8270°, Eliminate two digits, and then insert ‘0’ digit.
(ex: called-number 8270-8888-9999 - 070-8888-9999)

Addpa‘ www.addpac.com
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AddPac IP-PBX Configuratio

Apply Translation Rule

Bouting Pattern Properties

Routing Pattern | | <090 TF=

Description |

Partition |N/A v| Edit

Trunk/Routing List | Skype b | Edit

AAR Group | MNAA w | Edit

Mumber Translation on Outgoing Call Routing Mode

Called Number Skype_outbound _ % || Edit (2) Preference
Calling Mumber N/A i w|| Edit () Sequential

~N

P-Asserted [dentity F‘rf:serltatl{:n| Mone w

[] Used as Service Code

Service Code Subscriber Number

[] Provide Qutside Dial Tone
[] Do Mot Generate Outbound COR.

[] Emergency
[] Block this Pattern

| ok [ Cancel

AddPac

8 Add a New SIP Proxy Server

| General “ Routing Pattem || Phone Number |C.aIICor|troI| Optionsi

EBX

Inbound Call
Partition Access List /A v Edit
Call Priority 4 v|
Inbound Access Rule |N/A w|| Edit
Malicious Call Filter | N/A w|| Edit
Number Translation on Incoming Call
CalledNumber | Skype_inbound_called v Edi
Callng Number | /A "\ % Edit
9 Apply Translation-Rule for inbound call.
Calling Party Presentation | Defauk v
Caller ID DN | |
[[] Use P-Asserted-Identity Header
Purpose of Trunking | Unspecified hi |
(] De Not Generate CDR
[] External Device
J [ Cancel J

www.addpac.com



AddPac IP-PBX Configuration

Confiqure Routing Pattern

Routing Pattern Properties .

Bty Pt |o70T | qo-esInTF>
Descniption |
S |N,-fﬁ. v| - Number Translation Properties
Trunk/Routing List S ~ || Edit
sl | i | e MName Slype outbound_calling |
AAR Group | MAA - | Edit
Description | |
Mumber Translation on Outgoing Call Routing Mod
Mumber Translation Rules
Called Mumber | Skype_outbound_« v | Edit (&) Prefers
Calling Number | Skype_outbound_r | Edit Sequen| No__Input Matched Pattem Substituted Pattem
e E 1T 4905100000345 7::98
Display Mame Presentation | MNone w | '
P-fAsserted |dentity F‘resental:i{:n| MNone L |
e Configure the calling number translation rule.
Mo e _ ( Skype Proxy Server allows only registered user ID.)
Seriice Code Subscnber Mumber
etk - reference the page 5
[] Provide Outside Disl Tone
[] Do Not Generate Dutbound COR [ Add ][ Delete ]
[] Emergency
[C] Block this Pattern
| ok | [ Cancel |
[ ok ][ Cancal |
TMuuruac www.addpac.com
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SIP REGISTER (1/3)

AddPac IP-PBX Series
(1) REGISTER

EER

(2) 401 Unauthorized

(3) REGISTER

(4) 200 OK

Addec www.addpac.com
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SIP REGISTER (2/3)

(1) REGISTER

Method: REGISTER
[Resent Packet: False]
= Message Header

= Request-Line: REGISTER sip:sip.skype.com 5IF/2.0

via: 5IP/2.Q4Uoe 80 108 & 77 . s080 branch=79hG4bK494b7346a41

F From: <31pd99051000003457@s51ip.skype. coms
H To: sip:990 .
Call-ID: 495fb04b-9947-7314-8

CSeq: 1 REGISTER
Date: Mon, 29 Mar 2010 17:05:29 GMT

User-aAgent: AddPac SIP Gateway

Expires: 60
Content-Length: 0
Max-Forwards: 70

F Contact: <sip:990510000034572860.196.6.77>; expires=60

;Tag=494b7346ad

02a34ff4860860.196.6.77

SIP user is inserted to From-Field.

- reference the page 5

= 5tatus-Line: 5IF/2.0 401 unauthorized
status-Code: 401
[Resent Packet: False]

= Message Header

C5eq: 1 REGISTER

Server: OpensIPS
Content-Length: 0

# From: <5ip:99051000003457&s1p. skype. com=; tag=494b7346a4
# To: <s5ip:99051000003457@s1ip. skype. com=; tag=05aeddeb43523e28715622dab464d890. Fe30

Call-1ID: 495fb04b-9947-7314-8046-0002a4ff4869860.196.6.77

Via: SIP/2.0/UDP 60.194.6.77:5060; branch=z9hG4bK494h7346a41
Www-Authenticate: Digest realm="sip.skype.com”, nonce="4bb05f6b000128eb7223ee8f101719a27202e08df27d98d7", algorithm=MD5

AddPac

www.addpac.com
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SIP REGISTER (3/3)

(3) REGISTER

= Request-Line: REGISTER sip:sip.skype.com SIP/2.0
Method: REGISTER
[Resent Packet: False]
5 Message Header
via: SIP/2.0/UDP 60.196.6.77:5060; branch=z9hG4bk494h7346a42
[ From: <51p:99051000003457@s1p. skype. com=; tag=494h7346a4
¥ To: 51p:99051000003457@51p. skype. com
Call-ID: 495fb04b-9947-7314-8046-0002a4f4869260.196.6.77
€5eq: 2 REGISTER
Date: Mon, 29 Mar 2010 17:05:29 GMT
User-Agent: AddPac SIP Gateway
Authorization: Digest username="99051000003457", realm="sip.skype.com", nonce="4bh05feh000128eh7223ee8f101719a27202208df27d98d7", uri="sip:sip.skype.com”, response="9e7434a787cdef395518k
[ Contact: <51p:99051000003457@60.196.6.77>; expires=60
Expires: 60
Content-Length: 0
Max-Forwards: 70

(4) 200 OK

\"/

E status-Line: 5IP/2.0 200 oK
Status-Code: 200
[Resent Packet: False]
= Message Header
F From: =sip:99051000003457@s1p. skype. com>; tag=494b7346a4
F To: =s7p:99051000003457@s1p. skype. com=; tag=05aeddeb43523e2587156e2dab464d820. d621
Call-ID: 495fb04b-9947-7314-8046-0002a4fT4869@60.196.6.77
CS5eq: 2 REGISTER
via: SIP/2.0/UDP &0.196.6.77:5060; branch=z9hG4bk494b7 346342
F Contact: =51p:99051000003457@60.196.6.77>; expires=560
Server: 0pensIPS
Expires: &0
Content-Length: 0

AddPac www.addpac.com 17



Inbound Call from Skype (1/5)

AddPac

AddPac IP-PBX Series

(1) INVITE

(2) 183 Session Progress

(3) 200 OK

(4) ACK

www.addpac.com
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Inbound Call from Skype (2/5

(1) INVITE

[#
[#

*

=

# Request-Line: INVITE sip:99051000003457@60.196.6.77 SIF/2.0
= Message Header

From: <sip:anonymous@sip.skype. com=;tag=a4al09cc-13cd-4bb0601c-2729e3f7-30880baf
To: <s5ip:827078931524@s517p. skype. com=

Call-ID: C¥C-59-69423370-343100cc-13c4-4bb0601c-272023f7-2af 240

CSeq: 1 INVITE

via: SIP/2.0/UDP 204.9.161.164:5060;branch=z9%hG4bk-287ea-4bb0601lc-2729a3f7-3242e07¢C
Max-Forwards: 12

User-agent: sipgw-1.0

Privacy: id

F-Asserted-Identity: <sip:anonymous@sip.skype. coms

Remote-Party-ID: <sip:anonymous@sip.skype. coms;party=calling;screen=yes;privacy=full
Allow: INVITE,ACK,CANCEL,OPTIONS, BYE

Contact: <sip:Anonymous@204.9.161.164:5060; transport=udp>

Content-Type: application/sdp

Content-Length: 263

= Message body

Session Description Protocol

Session Description Protocol version (v): O

owner /Creator, Session Id (o): Anonymous 1269850140 1269850140 IN IP4 204.9.161.164
Session Name (s): Skype call

connection Information (c): IN IP4 204.9.161.164

Time Description, active time (t): 0 O

Media Description, name and address (m): audio 28924 RTP/AVP 18 0 8 101
Media Attribute (a): rtpmap:18 G729/8000

Media Attribute {(a): rtpmap:0 PCMU/E000

Media attribute {(a): rtpmap:8 PCMA/B000

Media Attribute (a): rtpmap:101 telephone-event,/8000

Media attribute (a): fmtp:18 annexb=no

[+

O EEEEEE

Addpa‘ www.addpac.com
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Inbound Call from Skype (3/5)

(2) 183 Session Progress

# Status-Line: SIP/2.0 183 Session Frogress
= Message Header
Via: SIP/2.0/uDP 204.9.161.164:5060; branch=z9hc4bK-287ea-4bb0601c-2729e3F7-3242e07 ¢
# From: <sip:Anonymous@sip.skype.com=;tag=ad4al09cc-13c4-4bb0601c-2729e3F7-36880b6T
H To: <sip:827078931524Gs1p. skype. com=; Tag=194b5h49a4
Call-ID: CxC-59-6942a370-a34a109cc-13c4-4bb0001c-2729e3f7-2afee549
CSeq: 1 INVITE
User-aAgent: AddPac SIP Gateway
F Contact: <sip:99051000003457@60.196.6.77=
Content-Type: application/sdp
Content-Length: 177
= Message body
= Session Description Protocol
session Description Protocol version (v): O
F Owner/Creator, Session Id (o): addpac 1269850137 1269850137 IN IP4 60.196.6.77
Session Name (s): AddPac Gateway SDP
Connection Information (c): IN IP4 60.196.6.77
Time Description, active time (T): 1269850137 O
Session Attribute (a): sendonly
Media Description, name and address (m): audio 26128 RTP/AVP 18
Media Attribute (a): rtpmap:18 G729/8000

BHE

B E

Addec www.addpac.com
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Inbound Call from Skype (4/5)

(3) 200 OK

Status-Line: SIP/2.0 200 oK
= Message Header
Via: SIP/2.0/uDP 204.9.161.164:5060; branch=z9hG4bK-287ea-4bb0601c-2729e3f7-3242e07C
F From: <sip:Anonymous@sip.skype.coms=;tag=a4al09cc-13cd-4bb0601c-272923F7-36880b6T
#H To: <sip:827078931524@s1ip. skype. com=; tag=194b5b49a4
Call-ID: CXC-59-6942a370-a4al09cc-13c4-4bb0601c-2729e3f7-2afee549
CSeq: 1 INVITE
User-Agent: AddPac SIF Gateway
F Contact: <sip:99051000003457@60.196.6.77>
Content-Type: application/sdp
Content-Length: 248
= Message body
= Session Description Protocol
session Description Protocol version (v): 0
owner /Creator, Session Id (o): 07078931524 1269882543 1269882543 IN IP4 172.17.111.211
Session Name (s): AddPac Gateway SDP
Connection Information {c): IN IP4 172.17.111.211
Time Description, active time (t): 1269882543 0
Media Description, name and address (m): audio 23106 RTF/avF 18 101
Media Attribute (a): ptime:20
Media Attribute (a): rtpmap:18 G729,/8000,/1
Media Attribute (a): rtpmap:101 telephone-event /80001
Media Attribute (a): fmtp:101 0-15

&3]

HEEEEEEE

Addec www.addpac.com
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Inbound Call from Skype (5/5)

(4) ACK

H Request-Line: ACK sip:99051000003457@60.196.6.77 SIP/2.0
= Message Header
H From: <sip:Anonymous@sip.skype.coms;tag=a4al09cc-13c4-4bb0601c-2729e3f7-36880baT
FH To: <=s5ip:B827078931524@s1ip. skype. com=; tag=194b5b49a4
Call-ID: CXC-59-6942a370-34a109cc-13cd-4bb0601c-2729a3f7-2afee549
Cseq: 1 ACK
via: S5IF/2.0/UDF 204.9.161.164:50680; branch=z9hc4bK-287eb-4bb0601T-2729eel0-662221b2
Max-Forwards: 70
F-Asserted-Identity: <sip:anonymous@sip. skype.coms
H Contact: <sip:Anonymous@04.9.161.164:5060;transport=udp>
Coptent-Length: 0

Addec www.addpac.com
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Outbound Call from IP-PBX(

AddPac

AddPac IP-PBX Series

(1) INVITE

(2) 407 Proxy Authentication

(3) ACK

(4) INVITE

(5) 180 Ringing

(6) 200 OK

(7) ACK

www.addpac.com
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Outbound Call from IP-PBX(

(1) INVITE

F Request-Line: INVITE sip:827079510919&@sip.skype.com SIF/2.0
= Message Header
Via: SIP/2.0/UDP &0.196.6.77:5060; branch=z9hG4bK964b554ca484
F From: <51p:99051000003457@s1p. skype. com=; Tag=964b554cad
H To: <sip:827079510919@s1p. skype. com=
Call-ID: 9666h04b-146C-5562-804c-0002a4FF4869860.196.6.77
CSeq: 84 INVITE
supported: timer, 100rel
Min-SE: 1800
Date: Mon, 29 Mar 2010 17:36:38 GMT
Session-Expires: 1800
User-agent: AddPac IP-PBX
F Contact: =s5ip:99051000003457860.196.6.77>
Accept: application/sdp
Allow: INVITE, ACK, CANCEL, OPTIONS, BYE, UPDATE, PRACK, REFER, NOTIFY, INFO
Content-Type: application/sdp
Content-Length: 449
Max-Forwards: &9
= Message body
= session Description Protocol
Session Description Protocol Version (v): O
Owner /Creator, Session Id (o): 99051000003457 1269884196 1269884196 IN IP4 172.17.101.240
Session Name (s): AddPac Gateway SDP
Connection Information (c): IN IP4 172.17.101.240
Time Description, active time (t): 1269884196 0
Media Description, name and address (m): audio 23394 RTP/5AVP 18 101
Media Attribute (a): ptime:20
Media Attribute (a): crypto:l AES_CM_128 HMAC_SHAL B0 inline:wzF4,/tpRiWLdAXEzcCioXzodDOOTTSwIXMZMET wWrAX
Media Attribute (a): rtpmap:18 G729,/8000
Media Attribute (a): rtpmap:101 telephone-event/8000
Media Attribute (a): fmtp:101 0-15
Media Description, name and address (m): audio 23394 RTP/AVP 18 101
Media attribute (a): ptime:20
Media Attribute (a): rtpmap:18 G729,/8000
Media Attribute (a): rtpmap:101 telephone-event /8000
Media Attribute (a): fmtp:101 0-15

[#

HEEEEEEEEEE EE

Addpa‘ www.addpac.com



Outbound Call from IP-PBX(3/

(2) 407 Proxy Authentication

# Status-Line: SIP/2.0 407 Proxy authentication Reguired
= Message Header
F From: <5ip:99051000003457@s1p. skype. com=; tag=964b554cad
F To: =5ip:B27079510919@s51p. skype. com=; tag=a43109cc-13cd-4bb08692-27433F01-4d79c7 6
Call-1ID: 9666b04b-146c-556e-804c-0002a4FT48692860.196.6.77

Cseq: 84 INVITE
Proxy-authenticate: Digest realm="sip.skype.com”, nonce="4bb066bE0001781bc891b9609d299d2022¢cac16Tb79e8c19”, algorithm=MD5

Via: SIP/2.0/UDP &0.196.6.77:50680; branch=z9hG4bK964b554cad84
Content-Length: 0

AddPac www.addpac.com 25




Outbound Call from IP-PBX (4

(3) ACK

# Request-Line: ACK sip:827079510919@s4p.skype.com SIP/2.0
= Message Header
Via: SIP/2.0/UDP 60.196.6.77:50680; branch=z9hG4bK964b554cad84
H From: <sip:99051000003457@s51ip. skype. com=; tag=964b554cad
H To: <sip:827079510919@s1p. skype. com=; Tag=a4a109cc-13c4-4bb0669a-27433T01-4d79¢76
Call-ID: 9666b04b-146c-556e-804c-000234FT4869860.196.6.77
CSeq: B4 ACK
Content-Length: O
Max-Forwards: 70

Addpa‘ www.addpac.com
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Outbound Call from IP-PBX(

(4) INVITE

[ Request-Line: INVITE s1p:827079310919@s1ip.skype, com;transport=udp;maddr=204,9,161.164 SIP/2.0
E Message Header
Via: SIP/2.0/UDP 60.196.6.77:5060; branch=z9hG4bk964bh554ca485
# From: =sip:99051000003457@s1p. skype. com=; tag=964b554cad
# To: <5ip:827079510919@51p. skype. com=
Call-ID: 9666b04b-146c-556e-804c-0002a4FF4869@60.196.6.77
C5eq: 83 INVITE
supported: replaces, timer, 100rel, early-session
Min-5E: 1800
Date: Mon, 29 Mar 2010 17:36:38 aMT
session-Expires: 1800
User-agent: AddPac SIF Gateway
® Contact: <s1p:99051000003457@60.196.6.77=>
Accept: application/sdp
Proxy-Authorization: Digest username="99051000003457", realm="s1ip.skype.com", nonce="4bb0&66bE000L17E1bc891b9609d299d2022c6c16fb79eBC1a",
Allow: INVITE, ACK, CANCEL, OPTIONS, BYE, UPDATE, PRACK, REFER, NOTIFY, INFO
Content-Type: application/sdp
Content-Length: 449
Max-Forwards: 70
[ Message body
= session Description Protocol
Session Description Protocol version (v): 0
owner /Creator, Session Id (o): 99051000003457 1269884196 1269884196 IN IP4 172.17.101.240
session Name (5): AddPac Gateway SDP
connection Information (c): IN IP4 172.17.101.240
Time Description, active time (t): 1269884196 0
Media Description, name and address (m): audio 23394 RTP/SAVP 18 101
Media attribute (a): ptime:20
Media attribute (a): crypto:l AES_CM_128_HMAC_SHAL1_80 inline:wzF4/tpRiwLdxXEzcioxXzodDOOTTSwIXMZMETwr AX
Media attribute (a): rtpmap:18 G729/8000
Media Attribute (3): rtpmap:101 telephone-event /8000
Media attribute (a): fmtp:101 0-15
Media Description, name and address (m): audio 23394 RTP/avp 18 101
Media attribute (a): ptime:20
Media Attribute (a): rtpmap:18 G729/8000
Media Attribute (a): rtpmap:101 telephone-event/8000
Media attribute (a): fmtp:101 0-15

3]
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Outbound Call from IP-PBX (6/

(5) 180 Ringing

# Status-Line: sSIP/2.0 180 Ringing
= Message Header
H From: <sip:99051000003457@s1p. skype. com=; tag=964b554cad
H To: =sip:827079510919@s1ip. skype. com=; tag=a4al09cc-13c4-4bb0669a-27433T01-4d79c76
call-Ip: 9666b04b-146c-556e-804c-0002a4fT4869860.196.6.77
C5eq: B3 INVITE
User-aAgent: sipgw-1.0
Via: SIP/2.0/UDP 60.196.6.77:5060; branch=z9%hG4bK964b554Ccad 85
H Contact: =sip:827079510919@sip. skype. com:5060; maddr=204.9.161.164; transport=udp>

Content-Length: 0
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Outbound Call from IP-PBX(

(6) 200 OK

Status-Line: SIP/2.0 200 0K
= Message Header
# From: =sip:99051000003457@s1ip.skype. com>; tag=984b554cad
+ To: <sip:827079510919@sip.skype. com=; tag=a4al09cc-13cd-4bb0669a-27433Ff01-4d79c7a
Call-ID: 9666b04b-146Cc-556e-804Cc-0002a34TT4869060.196.6.77
CSeq: 85 INVITE
Allow: INVITE,ACK,CANCEL,OPTIONS, BYE
User-agent: sipgw-1.0
via: sIP/2.0/uDpP 60.196.6.77:5080; branch=z9hG4bK964b554cad485
# Contact: <sip:827079510919@sip. skype. com:53060; maddr=204.9.161.164; transport=udp>
Content-Type: application/sdp
Content-Length: 220
= Message body
= Session Description Protocol
Session Description Protocol wversion (w): O
owner /Creator, Session Id (o): 99051000003457 1269884196 1269884196 IN IP4 204.9.161.164
session MName (s5): skype call
Connection Information (c): IN IP4 204.9.161.164
Time Description, active time (t): 0 O
Media Description, name and address (m): audio 240688 RTP/AvP 18 101
Media Attribute (a): rtpmap:18 G729/8000
Media attribute (a): rtpmap:101 telephone-event,/8000
Media Attribute (a): fmtp:18 annexb=no

=

HEEEEE

(7) ACK

# Request-Line: ACK sip:827079510919@sip. skype. com; transport=udp; maddr=204.9.161.184 SIF/2.0
= Message Header
Via: SIP/2.0/UDP &0.19&6.6.77; branch=z9hG4bK964b554Cca485
# From: =sip:99051000003457@s1ip. skype. com=; tag=9%64b554cad
+ To: =s5ip:827079510919@s1ip. skype. com>; tag=a4al09cc-13c4-4bb0669a-27433T01-4d79c76
Call-ID: 9666b04b-146C-556e-804Cc-0002a34FT4869860.196.6.77
C5eq: B85 ACK
Content-Length: 0
Max-Forwards: 70
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