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Avaya Solution & Interoperability Test Lab

Application Notes for Avaya Voice Portal 5.1, Avaya Aura®
Session Manager 6.0, Avaya Aura® Session Border Controller
6.0 with Skype Connect™ 2.0 — Issue 1.0

Abstract

These Application Notes describe the steps to configure Avaya Voice Portal 5.1 and the Avaya
Aura® R6 SIP reference architecture with the Skype Connect™ SIP trunking service.

Skype Connect™ allows PSTN users and Skype’s 600 million registered user community to
access the Avaya Voice Portal self-service platform hosted on a secure enterprise network
through click-to-call applications without the need for TDM media gateways and the
associated maintenance costs. Skype Connect™ also provides a low-cost inbound and
outbound PSTN calling service with DID and Caller ID support.

Testing was conducted in the Avaya Solution and Interoperability Test Lab, utilizing a Skype
Manager account on the Skype Connect™ production service.
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1. Introduction

These Application Notes describe the steps to configure Avaya Voice Portal 5.1 and the Avaya
Aura® R6 SIP reference architecture with the Skype Connect™ SIP trunking service. Skype
Connect™ allows PSTN users and Skype’s 600 million registered user community to access the
Avaya Voice Portal self-service platform hosted on a secure enterprise network through click-to-
call applications without the need for TDM media gateways and the associated maintenance costs.
Skype Connect™ also provides a low-cost inbound and outbound PSTN calling service with DID
and Caller ID support.

Avaya Voice Portal 5.1 runs on a single Avaya S8800 server and is connected to Avaya Aura®
Session Manager over a TCP-based SIP trunk while DTMF is transmitted within the RTP stream
using RFC2833 compliant messages. Both Avaya Voice Portal 5.1 and Skype Connect™ 2.0
support G711Mu-law, G711A-law and G729 codecs.

The Avaya Aura” R6 SIP reference architecture consists of Avaya Aura® Communication
Manager, Avaya Aura® Session Manager, Avaya Aura® System Manager and Avaya Aura®
Session Border Controller. Avaya Aura” Communication Manager controls the Avaya H.323,
digital, and analog endpoints, normalizes the called and calling numbers for both incoming and
outgoing calls to/from Skype Connect™™, provides telephony features such as Call Forward,
Transfer and Call Pickup as well as Automatic Call Distribution for phones belonging to a contact
center agent group. The role of the Avaya Aura” Session Manager in the reference architecture is
to act as a Registrar for Avaya SIP endpoints, SIP Proxy for outbound/inbound trunk calls while
providing a centralized dial-plan for least-cost and time-of-day based routing. Avaya Aura®™
System Manager provides a web-based interface for the provisioning and maintenance of Avaya
Aura® Session Manager while the Avaya Aura® Session Border Controller provides topology
hiding without the need for Network Address Translation (NAT), SIP header manipulation and SIP
signaling and media channel conversion services.
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1.1. Design Principles and Assumptions

The service offer described in these Application Notes is designed for business customers using
Avaya Voice Portal, Avaya Aura® Communication Manager and Avaya Aura”™ Session Manager
on a private protected enterprise network who wish to provide their customers and partners with
publicly routable E.164 self-service access numbers and/or Skype Names that could be used to
access the Avaya Voice Portal self-service platform from the Skype P2P Network through the
Internet. It is assumed that the Avaya Aura” Session Border Controller (AASBC) acts as a peering
host between the public Internet and the private enterprise network and provides Denial-of-Service
(DoS), packet filtering and topology hiding without the need for an additional firewall or intrusion
prevention system (IPS) on either the public or private side of the Avaya Aura”® Session Border
Controller. A basic dial-plan was provisioned on the Avaya Aura®™ Session Border Controller in the
sample configuration to allow it to handle REFER and INVITE with REPLACES SIP messages.
Call routing and number modification logic was configured on Avaya Aura® Communication
Manager and Avaya Aura” Session Manager. Hardware, software resilience and failover between
the various Avaya components are not covered in these Application Notes.

1.2. Interoperability Compliance Testing

The compliance testing was based on a test plan provided by the Avaya Solution and
Interoperability Test Lab and the following features were tested as part of this effort:

e Avaya Voice Portal access from the PSTN and the Skype P2P Network
Basic call scenarios using G.711 and G.729 codecs
DTMF transmission
Blind Transfer from Avaya Voice Portal to Avaya Aura® Communication Manager
Consultative transfer from Avaya Voice Portal to Avaya Aura® Communication Manager
using the following two SIP methods:

o INVITE with REPLACES

o REFER
e Bridged Transfer from Avaya Voice Portal to Avaya Aura® Communication Manager

1.3. Abbreviations

The abbreviations used in this document include the following:

Abbreviation Description

CLIP Calling Line Identification Presentation

CLIR Calling Line Identification Restriction

HQ Headquarters

B2BUA Back-to-back User Agent

DoS Denial of Service

PE Processor Ethernet

P2P Peer-to-peer

AOR Address of record

DNIS Dialed Number Identification Service
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1.4. Known Limitations
The following limitations are noted for the reference configuration described in these Application

Notes:

Skype Connect™ is currently U.S. only. The service will be introduced in other regions at
a later stage.

Skype Connect™ does not support calls to the emergency service. Another PSTN trunk
must be provisioned in Avaya Aura® Communication Manager to route calls to the
emergency service.

Porting of existing PSTN numbers (DIDs) to Skype Connect'™ is not supported.

Access to a broadband Internet connection is required.

Maximum of 300 simultaneous calls per SIP Profile. A company may have multiple SIP
Profiles.

SIP over TLS is not currently supported by Skype Connect™.

Call processing tones are locally generated by Avaya Aura® Communication Manager.
Premium-rated numbers (1900, 1976) are blocked.

This solution does not currently support outbound SIP calls to Skype names.

DNS A records are supported for Skype Connect™ service node name resolution, while
DNS SRYV records will be introduced at a later stage.

The SIP REFER request is not supported for call redirection/transfer.

SIP 3xx Redirect Responses are not supported.

SRTP is not supported.

IP TOS or DiffServ QoS markings are neither set nor honored, therefore Skype Connect™
cannot guarantee the end-to-end voice quality. Service Level Agreements (SLAs) are not
available.

Maximum 99 Online Numbers per SIP Profile. Sequential number block (DID) purchases
will be introduced at a later stage.

G.711A/mu-law, G.729 codecs are supported.

For outbound calls (local, national and international) via Skype Connect™ the E.164 or
International numbering format (00 + <country code>) must be used.

For inbound calls Skype Connect' ™ delivers the called/calling number in E.164 format
T.38 fax is not supported.

RTCP and RTCP XR are not supported.

Skype Connect™ calls are limited to 4 hours.

High Availability with two physically separate Avaya Aura™ Session Border Controllers is
not supported in R6.0.

The SIP REGISTER method is not currently supported by Avaya Aura® Session Border
Controller R6.0

Skype Connect™ is not guaranteed to work with credit card machines, franking (stamping)
machines and alarm systems or other services which use a regular phone line with a modem
connection.
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1.5. Reference Configuration

Figure 1 illustrates how the Avaya Aura” R6 SIP reference architecture, Avaya Voice Portal 5.1
and Skype Connect™ 2.0 were used for the Interoperability testing. The reference configuration is
comprised of a sample enterprise HQ site connected via a Metro Ethernet link to the Internet.

At the edge of the HQ site an Avaya Aura® Session Border Controller acts as a B2BUA for SIP
calls and provides the following services:

e Topology hiding through the termination and re-origination of SIP calls using its own
inside (private) and outside (public) IP addresses.

Network security through its DoS and packet filtering module.
SIP signaling channel conversion from UDP to TCP for inbound and vice-versa for
outbound calls.

e REFER message interception and conversion in call flows that involve blind or bridged
transfer of PSTN or Skype P2P callers to an ACD agent on Avaya Aura” Communication
Manager as Skype Connect™ 2.0 does not support the REFER method (RFC 3515).

e REPLACES header (RFC 3891) support for call flows that involve consultative transfer of
PSTN or Skype P2P callers to an ACD agent on Avaya Aura® Communication Manager.
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Figure 1: Avaya Interoperability Test Lab Reference Configuration

GB; Reviewed: Solution & Interoperability Test Lab Application Notes 7 of 91
SPOC 12/05/2010 ©2010 Avaya Inc. All Rights Reserved. Skype-VP51



On the private enterprise network Avaya Aura® Session Manager acts as a SIP proxy and provides
the following services:
e Routing of both On-net and Off-net calls using a centralized dial plan.
e [E.164 to internal number normalization using the DigitConversionAdapter Adaptation
module where the 11 digit public DDIs are mapped to 4 digit internal extensions.

Avaya Aura® Communication Manager provides the following services:
e Telephony features and functionality for test phones and contact center agents.
e ACD functionality using vectors and VDNs.
e Media services such as call processing tones and music on hold. Detailed administration of
Avaya Aura” Communication Manager will not be described in this Application Note (see
the appropriate documentation listed in Section 11).

Avaya Voice Portal provides the following services:
¢ Blind, bridged and consultative (aka supervised) call transfers to/from PSTN callers, PBX
users and ACD agents.
e Text to Speech and Automatic Speech Recognition for inbound Skype Connect™ and P2P
network calls through the use of an external (Nuance) TTS and ASR server.
e DTMF recognition.
e UUI data transfer to ACD agents.

1.6. Support

For technical support on Avaya products described in these Application Notes visit
http://support.avaya.com

For technical support on the Skype Connect service visit http://www.skype.com/support
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2. Equipment and Software Validated

The following equipment and software were used in the reference configuration.

Equipment

Software Version

Avaya S8800 Server

Avaya Aura” Session Manager - R6.0.0.0.600020

Avaya S8800 Server

Avaya Aura” System Manager - R6.0.0.0.600020

Avaya S8800 Server

Avaya Aura"® Session Border Controller — R6.0.0.0.4

Avaya S8800 Server

Avaya Aura® Communication Manager — Evolution
Server - R016x.00.0.345.0

Avaya S8510 Server

Avaya Voice Portal R5.1 Build 5.1.0.0.4201

Avaya G450 Media Gateway

R30.12.1

Avaya 9650 H.323 Phone R3.1.1
Avaya 1608 H.323 Phone R1.2
Avaya 2420 Digital Phone N/A
Avaya 98390 Analog Phone N/A

Test PC1

Nuance Realspeak 4.5

Test PC2

Skype Client v4.2.0.169

Skype Connect™

Version 2.0

Table 1: Equipment and Software Used in the Reference Configuration
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3. Call Flows

To understand how inbound and outbound calls are handled by enterprise network elements two
general call flows are described in this section.

3.1. Blind Transfer of PSTN caller to Internal Extension using the
REFER method

The first call scenario illustrated in Figure 2 is a blind transfer of a PSTN caller from Voice Portal
to an internal extension on Communication Manager. Please see Appendix C for the ladder
diagram of the following call.

1.
2.

>

PSTN user dials the Voice Portal self-service DDI (+12024700118).

The Voice Portal self-service DDI was provisioned in Skype Manager as an Online
Number associated with the HQ site’s SIP Profile therefore the Class 4 PSTN switches on
the SS7 network route the call to the entry point into the Skype Connect service network.
The SS7 call is converted into SIP before it is sent to the publicly routable IP address of the
outside interface of the Session Border Controller using the Skype Connect service.

The call is delivered to the Session Border Controller using SIP over UDP.

The Session Border Controller performs SIP header modifications, transport protocol
conversion (UDP to TCP) and routes the call to Session Manager.

Session Manager performs number normalization by converting the Voice Portal self-
service DDI to the Voice Portal internal extension (+12024700118 to 3444) using the
adaptation module and sends the call to the Voice Portal MPP.

The PSTN caller is connected to Voice Portal, a voice menu prompt is played and the caller
is requested to input a target extension (3001) for blind transfer. The target extension is an
Avaya 9650 H.323 phone registered to Communication Manager. Voice Portal executes the
blind transfer by sending a REFER request as part of a new dialog to Session Manager with
the target extension in the Refer-To header.

Session Manager proxies the REFER to the Session Border Controller.

The Session Border Controller is programmed to handle the REFER locally by sending an
INVITE to Communication Manager with the target extension number in the Request URI
as Skype Connect 2.0 does not currently support call transfers using the REFER method.
When Communication Manager receives the INVITE, it rings the target extension while it
is answered. Finally the PSTN caller hangs up the call.
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Figure 2: Blind Transfer of PSTN caller to Internal Extension

3.2. Consultative Transfer of Inbound Skype P2P Client to Internal
Extension using INVITE with REPLACES

The second call scenario illustrated in Figure 3 is an inbound call from a Skype Client on the
Internet, registered to a super node on the Skype P2P network. A Skype Name (cc.avaya.com) was
created and associated with the Voice Portal self-service access number using Skype Manager.
Please see Appendix C for the ladder diagram of the following call.

1.

2.
3.
4.

The Skype Client user initiates a call to a Skype Name associated with Voice Portal self-
service access number (3444).

The call is routed from the Skype P2P Network to the Skype Connect service network.
The call is sent to the Avaya Aura™ Session Border Controller using SIP over UDP.

The Avaya Aura” Session Border Controller performs SIP header modifications, transport
protocol conversion (UDP to TCP) and routes the call to Session Manager.

Session Manager sends the call to Avaya Voice Portal as no called number normalization is
required (3444 was sent from Skype Connect in the Request-URI).

The caller is connected to Voice Portal, a voice menu prompt is played and the caller is
requested to input a target extension (3001) for consultative transfer. The target extension
is an Avaya 9650 H.323 phone registered to Communication Manager.

Voice Portal executes the consultative transfer by sending an INVITE to Session Manager
with the target extension in the Request-URI header.

Session Manager routes the call to the target extension on Communication Manager. An
additional call leg is established when the target extension answers the call. It is important
to note that the codec does not change from what was initially negotiated between Skype
Connect and Voice Portal.
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9. Voice Portal attempts to send a REFER message back to the Skype Connect network via
Session Manager with the Skype P2P Clients SIP handle in the Request-URI
<sip:Anonymous@avaya.com> and the target extension (3001) in the Refer-To header.

10. The REFER request is proxied to the Avaya Aura® Session Border Controller.

11. The Avaya Aura® Session Border Controller intercepts the REFER as it is not supported by
Skype Connect and converts it into an INVITE request with a REPLACES header as per
RFC3891) which includes the dialog identifier (Call-ID, To-tag, From-tag) of the SIP
dialog that was created in steps 7 and 8.

12. Avaya Aura® Session Border Controller sends a re-INVITE to the Skype Connect network
to allow the Skype P2P Client to join the call leg created in step 11. At this stage the
signaling and audio path is established between the Skype P2P Client (caller) and the
internal extension on Communication Manager.

SKYPE P2P
NETWORK

SKYPE
CLIENT

™
Avaya Aura™ Avaya Aura
X Session Border
Session Manager
Controller

SKYPE CONNECT
(SIP)

Avaya Aura™
Avaya s
: Communication
Voice Portal
Manager

Figure 3: Consultative Transfer of Skype Client to Internal Extension
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4. Configure Avaya Aura® Session Manager

This section provides the procedures for configuring the Session Manager and includes the
following items:
e Loginto Avaya Aura” System Manager using the GUI
Administer SIP domain
Define a Location
Define SIP Entities
Define Entity Links
Define Routing Policies
Define Dial Patterns

The administration of Avaya endpoints and Communication Manager is not covered in these
Application Notes. For further information on configuring Session Manager see Reference [1].

4.1. Log in to Avaya Aura® System Manager using the GUI

Configuration is accomplished by accessing the browser-based GUI of System Manager, using the
URL “https://<ip-address>/SMGR”, where “<ip-address>" is the IP address of System Manager.
Log in with the appropriate credentials.

AVAyA Avaya Aura™ System Manager 6.0

Log On

Username :

Password :
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4.2. Administer SIP Domain

Expand Routing and select Domains.

Welcome, admin Last Logged on at June 9,
AVAYA Avaya Aura™ System Manager 2010 1:22 PM

6 0 Help | About | Change Password | Log off

[ Introduction to Network Routing Policy
» Events . . . . . . S e . -
Network Routing Policy consists of several routing applications like "Domains", "Locations", "SIP
} Groups & Roles Entities", etc.
Licenses The recommended order to use the routing applications (that means the owverall routing workflow) to
~ Routing configure your network configuration is as follows:
Step 1: Create "Domains" of type SIP (other routing applications are referring domains of type
SIP).
Locations )
Adaptations Step 2: Create "Locations"
SIP Entities Step 3: Create "Adaptations”
Entity Links Step 4: Create "SIP Entities"

Time Ranges - SIP Entities that are used as "Outbound Proxies" e.g. a certain "Gateway" or "SIP Trunk"

Routing Policies " - :
- Create all "other SIP Entities" (Session Manager, CM, SIP/PSTN Gateways, SIP Trunks)
Dial Patterns

) - Assign the appropriate "Locations", "Adaptations" and "Outbound Proxies"
Regular Expressions

Defaults Step 5: Create the "Entity Links
» Security - Between Session Managers

» System Manager Data - Between Session Managers and "other SIP Entities”

} Users

Step 6: Create "Time Ranges"

Click New.

Welcome, admin Last Logged on at June 9,
AVAyA Avaya Aura™ System Manager 2010 1:22 PM

6 0 Help | About | Change Password | Log off

Home / Routing / Domz

} Elements Domain Management

} Events

Edit Duplicate Delete
b Groups & Roles L

Licenses

~ Routing 1 Item Refresh Filter: Enable
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On the Domain Management screen under Name add a descriptive name. Retain the default
values for the remaining fields. Click Commit to save.

Welcome, admin Last Logged on at June 9,
AVAyA Avaya Aura™ System Manager — zowuzzen

6 0 Help | About | Change Password | Log off

Home [ Routing / Domains

» Elements Domain Management

» Events

} Groups & Roles

LICETISES 1 Item Refresh Filter: Enable
¥ Routing
TS Name | Type | Default MNotes
Locations * |avaya.com | sip [=| [
Adaptations
SIP Entities
Entity Links * Input Required

4.3. Define a Location

Expand Routing and select Locations. Locations are used to identify logical and/or physical
locations where SIP Entities reside, for purposes of bandwidth management or location-based
routing. Click New.

AVAYA Avaya Aura™ System Manager 2ot0 Tz oo en srne S

6 0 Help | About | Change Password | Log off

} Elements Location
} Events
Edit Duplicate Delete More Actions ~ Commit
» Groups & Roles B [ J | ]
Licenses
¥ Routing 11Item Refresh Filter: Enable
Domains 0l | Name | ——
B
Adaptations
Salact : All, None
SIP Entities

[T T
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In the General section, under Name add a descriptive name. Click Add. In the Location Pattern
section under IP Address Pattern enter IP address of the subnet on which the SIP Entities (CM
and AASBC) reside. Click Commit to save.

Home / Routing / Loca cation Details
} Elements Location Details Cancel
} Events
» Groups & Roles General
Licenses * Name: |enterprise |
¥ Routing
N Notes: | |
Domains
Locations
Adaptations Managed Bandwidth: | | |I(b|tfsec EI
SIP Entities * Average Bandwidth per Call: | 80 |Kbit/sec [+]
Entity Links
Ti R -
HEsbeis Location Pattern
Routing Policies
i Remaove
Dial Patterns
Regular Expressions 1 Item  Refresh Filter: Enable
Defaults [ | IP Address Pattern Notes
» Security [l * [193.120.221.% [ | |
b System Manager Data
b Users Select : All, None
Help R -
* Input Required Cancel
Help for Locations Details fields
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4.4. Define SIP Entities

Session Manager interconnects three SIP Entities — Voice Portal, Communication Manager and the

AASBC - on the enterprise network. Under Routing in the left pane click SIP Entities then New
to create a SIP Entity for Voice Portal.

Welcome, admin Last Logged on at June 9,
AVAyA Avaya Aura™ System Manager 2010 1:22 PM

6 0 Help | About | Change Password | Log off

Home f Routing / SIP Entities

» Elements SIP Entities
» Events
» Groups & Roles Edit| ||[Mew || |Duplicate| |Delete Maore Actions '] [Commit]
Licenses
~ Routing 4 Items Refresh Filter: Enable
Domains ] Name Einntli:lsv ‘ FQDN or IP Address Type Notes
Locations &
Adaptations &
-
Entity Links [
Time Ranges
Routing Policies S ES L
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The SIP Entity Details screen is displayed.

Under General:

e Name Type in a descriptive name

e FQDN or IP Address Type IP address of Voice Portal

e Type Select SIP Trunk

e Notes (Optional) Type in description

e Location Select the Location created in Section 4.3
Click Commit.

AVAYA

Home / Routing / SIP Entities / SIP

Welcome, admin Last Logged on at October 28,

Avaya Aura™ System Manager 2010 3:00 PM

» Elements
» Events
» Groups & Roles

Licenses

~ Routing

Domains
Locations
Adaptations
SIP Entities
Entity Links
Time Ranges

Routing Policies

L I S —

GB; Reviewed:
SPOC 12/05/2010

6 0 Help | About | Change Password | Log off
Entity Details
SIP Entity Details
General
* Name: |Voice-Portal
* FQDN or IP Address: |193.120.221.156
Type: | Voice Portal
Notes:
Adaptation: [+]
Location: | enterprise Iz‘ |
1 Time Zone: |Etc/GMT E|
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Repeat the steps from the previous section. Click New on the SIP Entities page. The following
screen shows addition of the Session Border Controller as a SIP entity.
Under General:

e Name Type in a descriptive name
e FQDN or IP Address Type IP address of the inside interface of the AASBC
e Type Select SIP Trunk
e Notes (Optional) Type in description
e Location Select the Location created in Section 4.3
Click Commit.
AVAyA Avaya Aura™ System Manager i iofi T
60 Help | About | Change Password | Log off

Home / Routing / SIP Entities / SIP Entity Details

» Elements SIP Entity Details
AR General
} Groups & Roles

. * Name: aasbc

Licenses

¥ Routing * FQDN or IP Address: [193.120.221.236

DRI Type: | SIP Trunk -

Locations

R Notes: |[AASBC - inside if

Adaptations

SIP Entities

Entity Links Adaptation: | [+]

Time Ranges Location: | enterprise E|

Routing Policies - Time Zone: | Etc/GMT E|

Dial Patterns i i
Override Port & Transport with ]

Regular Expressions DNS SRV:

Defaults * SIP Timer B/F (in seconds): |4
} Security

Credential name:
b System Manager Data

} Users Call Detail Recording: | egress E|
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4.5. Define Entity Links

SIP trunks between Session Manager and SIP Entities are described by Entity Links. To add an
Entity Link for Voice Portal, select Entity Links on the left pane then click New.

AVAyA Avaya Aura™ System Manager =~ ot

6 0 Help | About | Change Password | Log off

Home / Routing / Entity Links

» Elements Entity Links
} Events
) Groups & Roles Edit Duplicate Delete Mare Actions '] [Commn:]
Licenses
¥ Routing 1 Item Refresh Filter: Enable
Domains ] | Name | SIP Entity 1 | Protocol | Port | SIP Entity 2 | Port | Trusted | Notes |
Locations
Adaptations |
SIP Entities

Entity Links Select : All, None

Time Ranges
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The Entity Links screen is displayed. Fill in the following fields in the new row that is displayed:

e Name: A descriptive name
e SIP Entity 1:  Select the Session Manager
e Protocol: Select TCP
e Port: Type 5060. The Session Manager listens for SIP requests on TCP port
5060
e SIP Entity 2:  Select the Voice Portal SIP Entity
Port: Type 5060. Voice Portal listens for SIP requests on TCP port 5060.
o Trusted: Check this box, otherwise SIP calls will be denied to/from Voice Portal
Click Commit.
AVAyA Avaya Aura™ System Manager ~ osecid O
6.0 Help | About | Change Password | Log off

Home / Routing / Entity Links

» Elements Entity Links [Commit

} Events

} Groups & Roles

Licenses

1 Item Refresh Filter: Enable
~ Routing
Domains Name ‘ ?IP O ‘ Protocol ‘ Port ‘ SIP Entity 2 | Port Truste
Locations '| tovP *[asm[¥] [TcP[e]  * [s060 * [Voice-Portal [+]  * [5060 |
Adaptations Ll 1) f b
SIP Entities
Entity Links
# Input Required C it| |C I
Time Ranges fput Requir omm?
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Repeat the steps from the previous section. Click New on the Entity Links page to add a link to
the Session Border Controller. The Entity Links screen is displayed. Fill in the following fields in
the new row that is displayed:

e Name: A descriptive name

o SIP Entity 1:  Select the Session Manager.

e Protocol: Select TCP.

e Port: Type 5060. The Session Manager listens for SIP requests on TCP port
5060.

e SIP Entity 2:  Select the Avaya Aura™ Session Border Controller SIP Entity

e Port: Type 5060. Avaya Aura®” Session Border Controller listens for SIP
requests on TCP port 5060.

e Trusted: Check this box, otherwise SIP calls will be denied to/from Avaya Aura®™
Session Border Controller

Click Commit.
AvAyA Avaya Au raTM System Manager 6.0 :;‘.:;l;c;;]e, admin Last Logged on at June 9, 2010

Help | #bout | Change Password | Log off

Home / Routing / Entity Links

» Elements Entity Links
} Events

» Groups & Roles

Licenses 1 Item Refresh Filter: Enable

~ Routing Name | flp Ty | Protocol | Port | SIP Entity 2 | Port Trusted | Notes

LRI ’itoMSBC *[asm[¥] [TcPp[¥] *[s080 *[azsbc[w]  *[s080 |

Locations

Adaptations

SIP Entities * Input Required

Entity Links
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4.6. Define Routing Policies

A routing policy describes the conditions under which calls will be routed to a particular SIP
Entity. To add a routing policy for Voice Portal, select Routing Policies on the left pane then click
New.

AVAyA Avaya Aura™ System Manager 6.0 >

Home / Routing / Routing Policies

Routing Policies

} Elements
F Events
- |E@ Duplicate| |Delete More Actions ~| |Commit
} Groups & Roles - [ ] [ ]
Li
ICENSES Items Refresh
~ Routing | Name Disabled Destinat
Domains F
Locations A O
Adaptations B m
SIP Entities
Entity Links Select : All, None

Time Ranges

Routing Policies

Dial Patterns
Regular Expressions

Defaults
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The Routing Policy Details screen is displayed. Fill in the following under General:

e Name  Descriptive name.

Under SIP Entity as Destination:
e Click Select, and then select the Voice Portal SIP Entity to which this routing policy

applies.

Under Time of Day:

e Click Add, and select the default 24/7 time range. Defaults can be used for the remaining
fields. Click Commit.

» Elements
» Events
» Groups & Roles

Licenses

~ Routing

Domains
Locations
Adaptations
SIP Entities
Entity Links
Time Ranges
Routing Policies
Dial Patterns

Regular Expressions

Defaults
} Security

b System Manager Data

b Users

Help

Help for Routing Policy Details
field=

GB; Reviewed:
SPOC 12/05/2010

Routing Policy Details Commit| |[Cancel
General
* N tovp
Disabled: []
Notes: |
SIP Entity as Destination
Select
Name FQDN or IP Address Notes
Voice-Portal 193.120.221.156
Time of Day
-
II [Remove| |View Gaps/Overlaps|
1 Item Refresh Filter: Enable
o ‘ Ranking 1 - ‘ Name 7 - ‘ Mon Tue ‘ Wed ‘ Thu ﬂf}: TElre Nc

B [ ] 24/7

Tim

00:00 23:59 Ral

24/

4 m

| 3
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Repeat the steps from the previous section. The Routing Policy Details screen is displayed. Fill in
the following under General:
e Name Descriptive name.

Under SIP Entity as Destination:
e Click Select, and then select the Session Border Controller SIP Entity to which this routing

policy applies.

Under Time of Day:

e Click Add, and select the default 24/7 time range. Defaults can be used for the remaining
fields. Click Commit.

Home / Routing / Routing Polic

Routing Policy Details

» Elements
» Events
» Groups & Roles

Licenses

~ Routing

Domains

Locations
Adaptations

SIP Entities

Entity Links

Time Ranges
Routing Policies
Dial Patterns
Regular Expressions

Defaults

» Security

} System Manager Data
F Users
Help

Help for Routing Policy Details
Fald-

GB; Reviewed:
SPOC 12/05/2010

-

Routing Policy Details

General

Cancel

* Name: toSkype-00

Disabled: []

Notes:

SIP Entity as Destination

Name | FQDN or IP Address Type Notes
aasbc 193.120.221.236 SIP Trunk AASBC - inside if
Time of Day

[Remove] [Vlew Gaps;’cverlaps]

©2010 Avaya Inc. All Rights Reserved.

1 Item Refresh Filter: Enable
: . Start  End
[ ‘ Ranking I ‘ Name? ‘ Mon ‘ Tue ‘ Wed ‘ Thu Fri Sat ‘ Sun ‘ Time Time Notes
Time
B o 24/7 00:00  23:59 Range
24/7
Select : All, None
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4.7. Define Dial Patterns

Define dial patterns to direct calls to the appropriate SIP Entity. Calls to 3444 and 12024700118
are routed to Voice Portal. To add a dial pattern, select Dial Patterns on the left pane then click
New.

Welcome, admin Last Logged on at June 9,
AVAYA Avaya Aura™ System Manager 2010 3:33 PM

6 0 Help | About | Change Password | Log off

Home / Routing / Dial Patterns

} Elements Dial Patterns

} Events
} Groups & Roles Edit | Duplicate Delaete [More Actions '] [Comrmt]
Licenses
4 Items Refresh Filter: Enable
- .
Routing I | Pattern | Min | Max | Emergency Call | SIP Domain Notes
Domains &
Locations
. a
Adaptations
L. ]
SIP Entities
Entity Links O
Time Ranges Select : All, None
Routing Policies
Dial Patterns
Regular Expressions
Defaults
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The Dial Pattern Details screen is displayed. Under General fill in the following fields to add an
inbound dial pattern from Skype Connect:

e Pattern: Type 12024700118 as PSTN users would be dialling this number to access
the Voice Portal.

e Min: Minimum length of dialled number. Type 11

e Max: Maximum length of dialled number. Type 11

e SIP Domain: Select the SIP domain specified in Section 4.2

Under Originating Locations and Routing Policies, click Add. Select the following entries:
e Originating Location Name Select the Location created in Section 4.3
¢ Routing Policy Name Select toVP, the Routing Policy created in Section 4.6

Default values can be used for the remaining fields. Click Commit to save the dial pattern.

» Elements Dial Pattern Details
» Events
» Groups & Roles General
Licenses * Pattern: 12024700118
~ Routing
* Min: |11

Domains

Locations * Max: |11

Adaptations Emergency Call: []

IR SIP Domain: | avaya.com E| |

Entity Links

- Notes:
Time Ranges

Routing Policies

Dial Patterns Originating Locations and Routing Policies
Regular Expressions « -I
Helatity 1 Item Refresh Filter: Enable
} Security
Originating Routing Routing Routing
¢ System Manager Data [l Originating Location Name 1 . Location Policy Rank > . Policy Policy
Motes Mame Disabled Destination
b Users
| 0 enterprise toVP 1] Woice-Portal
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Repeat the steps from the previous section to add an inbound dial pattern for users calling from
Avaya endpoints registered to Communication Manager and the Skype P2P Network and until the
Dial Pattern Details screen is displayed.

e Pattern: Type 3444 as this was used to associate an extension to the cc.avaya.com
Skype Name in Section 5.8
e Min: Minimum length of dialled number. Type 4
Max: Maximum length of dialled number. Type 4

e SIP Domain: Select the SIP domain specified in Section 4.2

Under Originating Locations and Routing Policies, click Add. Select the following entries:
e Originating Location Name Select the Location created in Section 4.3
e Routing Policy Name Select toVP, the Routing Policy created in Section 4.6

Default values can be used for the remaining fields. Click Commit to save the dial pattern.

Home / Routing / Dial Patterns / Dial Pattern Details
» Elements Dial Pattern Details
} Events
} Groups & Roles General
Licenses * pattern: 3444
¥ Routing i
* Min: |4
Domains
Locations ¥ Max: |4
Adaptations Emergency Call: [
SALRENRRES SIP Domain: | avaya.com E|
Entity Links
e e Notes: toVP
Routing Policies
Dial Patterns Originating Locations and Routing Policies
Regular Expressions < |ladd] |
Defaults 1 Item Refresh Filter: Enable
} Security
Originating Routing Routing Routing
} System Manager Data (7] Originating Location Name 1 . Location Policy Rank » - Policy Policy
Notes Name Disabled Destination
» Users
| [} enterprise toWP 0 ‘Voice-Portal
4| [ | +
Help
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Repeat the steps from the previous section to add an outbound dial pattern to Skype Connect until
the Dial Pattern Details screen is displayed.

e Pattern: Type 00 as the International numbering format is used outbound calls in
the sample configuration.
e Min: Minimum length of dialled number. Type 2
Max: Maximum length of dialled number. Type 36

e SIP Domain: Select the SIP domain specified in Section 4.2

Under Originating Locations and Routing Policies, click Add. Select the following entries:
e Originating Location Name Select the Location created in Section 4.3
e Routing Policy Name Select toSkype-00 the Routing Policy created in Section
4.6

Default values can be used for the remaining fields. Click Commit to save the dial pattern.

} Elements Dial Pattern Details

} Events
» Groups & Roles General

Licenses * pattern: 00

~ Routing

* Min: 2
Domains
* Max: 36

Locations

Adaptations Emergency Call: [

SIP Entities SIP Domain: |avaya.com E| |

Entity Links MNotes:

Time Ranges
Routing Policies Originating Locations and Routing Policies

Dial Patterns |

Hemila QXIS REES 4 em Refresh Filter: Enable

Defaults Originating Routing Routing Routing Rov
Originating Location Name ! . | Location Policy Rank? _ Policy Policy Pol
} Security Notes Name Disabled Destination HNot

} System Manager Data [[1| enterprise %},{_D_E! 0 aasbc

b Users < T

Select : All, None

Help
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5. Configure Skype Manager
This section provides the procedures for configuring Skype Manager and includes the following
items:

Log in to Skype Manager

Create SIP Profile

Administer Authentication Method
Administer Maximum Simultaneous Calls
Administer Online Numbers

Administer Caller ID

Create a Business User

Add Business User to SIP Profile

These Application Notes assume that the Skype Manager account has enough credit allocated to
create a new SIP Profile and associate Online Numbers with it.

5.1. Log in to Skype Manager

Configuration of a new SIP Profile and Business Users is accomplished by accessing the browser-
based GUI of Skype Manager at http://manager.skype.com. Log in with the appropriate
credentials.

gl .
W Buy Skype Credit - Already have Skype? - Help Search

Download Use Skype Business Shop Account

Partners Support Skype Manager

Sign in

You have been signed out. Thanks for visiting. Don’t have a Skype
Manager yet?

Skype Name Faorgatten your Skype Name? Register a Skype Manager
Password Faorgatten your password? naw and set up, manage
and manitor the use of
Skype in yaur company.

Skype.com Privacy Policy Legal
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5.2. Create SIP Profile

The Dashboard page is displayed. Verify that enough credit is available in your company’s
account to create a new SIP Profile. The available total credit is shown on the toolbar below. Click
Features.

@m managerm Avaya - Account details - tony.skype11 - Signout © Help - Chat support
€226,94

Reports Your account Account status: All OK

i o cimmtiznes®

400 €226,94 @ tuto-recharge is disabled
200 2]
I (next 30 days) £€206,35 Review allo

Your account will b

0 - payments are due.
Apro May Jun
' Y o -
. Your features u Your Members News
Your Skype Manager has 13 members

'4(_;\1 6 members have Skype Credit
Add Members

N S e
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The Features page is displayed. Click Skype for SIP on the left pane.

@W managerm Avaya - Account details - tony.skype11 - Signout - Help - Chat support
@ A% €D reouns
B 5 e Credit allocations
—  Gmembers
T Skype Credit allows members to call phones, send SME, use a Skype To Go number and
7) Subscriptions other features. Learn mara
(%
0 members
a Voicemail
O ~ Filter this list
E Online Numbers B _
b pre Name Credit Auto-recharge
g B Avaya.SILWestminster2 :
= Call forwarding "".-a--aaqlcli_-“-'astr:irsmns e £0,00 Auto-recharge disabled
L R
r 5 Avaya.SILWestminster ;
fsie) Skype for SIP M avaya. S Westminst €0,00 Auto-recharge disabled
3 profiles
[} H corp3001 £0,00 Auto-recharge disabled
= ] corp3002 £0,00 Auto-recharge disabled
[ E5 corp3007 £0,00 Auto-recharge disabled
B dublinsilt 56.56 Auto-recharge disabled
[ Es duplinsil2 £9,94 \ AlitoTecharge achve

The Skype for SIP page is displayed. Click Create a new profile.

- manager" Avaya - Account details - tony.

@ AL P e €226,94

/fu Credit allocations Skype for SIP

& memhbers

ypel1l Signout - Help - Chat support

Connect your existing SIP-enabled PBX to Skype with Skype for SIP. Learn mor

m

= Subscriptions
53 ’
0 members

a Voicemail
1 member Your SIP Profiles

E Online Numbers

S Create a new profile

Call forwarding
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The Choose a profile name pop-up window is displayed. Type the name of your SIP Profile and
click Next.

manager"' Avaya - Accountdetails - tony.skyp:

@ 1."‘ @ Features €226,94 Buy Skype Cred

&) Credit allocations Clssmn £re OID
S B members X
& Subscriptions ‘5‘ Choose a profile name |
= 0 members :..___-Ehl avaya.com O

a Voicemail For example, "Mew York office”. You can edit this name later.

1 member

Next | |

a Online Numbers ks _—

& members
u Call forwarding

0 members

Mublin&I  vicw arafila
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5.3. Administer Authentication Method
The Authentication details page is displayed. Click the IP Authentication tab.

W manager i Avaya - Account details - tony.skypeli Sign out - Help - Chat support

@ oot A8 W roses €226,94 T

Authentication details

=5

n

=

avaya.com
Please choose the method of authentication needed for your PBX.

Profile settings
o Registration or, IP Authentication @
Authentication details {Usermname/password
Reports SIP User 99051000109702
Password VCCEyjAQqBvswC  Generate a new password
B SIPP st
- 5 Skype for SIP address sip.skype.com
UDP Port 5060
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The IP Authentication page is displayed. In the Public IP address field, type the IP address of
the Session Border Controller’s outside interface (eth2), then click Continue.

@m managerm Avaya - Accountdetails - tony.skypel1
€226,94

g @ Features

Authentication details

avaya.com
Please choose the method of authentication needed for your PEX.

Profile settings

~ Registration aor, IP Authentication

Authentication details

(Usernamef/password)

Reports Please enter the IP details for your PBX
Public IP address @ | 193.120.221.209
HACE 19 S RIS UDP Port 5060
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Skype Manager automatically generates a unique SIP User and associates it with the newly created
avaya.com SIP Profile. Calls originating from the Avaya Aura® Session Border Controller must
include the SIP User and the sip.skype.com domain in the From header. Make a note of the SIP
User name before proceeding to the next step. In the sample configuration the From header of an
outgoing INVITE request from the Avaya Aura® Session Border Controller is displayed as

follows:

From: "H323-1608-3002" <sip:99051000109702@sip.skype.com>;tag=ecdd78c1-13c4-
4c04¢659-22e15675-7a5bc12¢

Skype Manager allocates a Primary and Secondary Skype for SIP address. Click Profile settings.

avaya.com

Profile settings
Authentication details

Reports

m
[}
a]
T

GB; Reviewed:
SPOC 12/05/2010

Please choose the method of authentication needed for your PBX.

Registration

& or, IP Authentication &

Your PBX details
5IP User
Public IP address &

UDP Port

99051000109702

193.120.221.209

Use these details to configure your PBX

Skype for SIP addresses

Primary 3.sip.skype.com

Secondary B sip.skype.com

Skype for SIP IP addresses enable traffic for these IP addresses in your firewall
Primary 193.120.218.68

Secondary 78.141.179.70
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5.4. Administer Maximum Simultaneous Calls
The Profile settings page is displayed. Click Buy a channel subscription to activate this profile.

@W managerm Avaya - Account details - tony.skypeil1 - Signout - Help - Chat support
AL € renure €226,94 @ seacniemies |

Profile settings

"
=1

avaya.com

Profile name avaya.com
Profile settings

Calling channels Buy a channel subscription to activate this profile
Authentication details

Outgoing calls Set up outgoing calls
Reports

Caller ID @ Setup Caller ID
« Backto SIP Profile list

Incoming calls Add a number or business account

Delete this profile
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The Channel subscription page is displayed. Type the maximum number of simultaneous calls
that your business users are expected to make. Click Buy now.

B AL €D reue: ) €226,94

Channel subscription

Calling channels cnst€4,95 ! month per channel.

Please choose the number of channels

=
“'F' Total cost
Cost per channel £4,85

Humber of channels 3

Total cost every month £14,85

The costwill be deducted from the Skype Credit balance of your Skype Manager.
By clicking "‘Buy now’, you agree to Skype's Terms of Senvice
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The below status message is displayed to confirm that the channel subscription was successful.
Click Set up outgoing calls.

@m managerm Avaya - Account details - tony.skypeti Sign out - Help - Chat support

B AL P e €212,09

r‘l Credit allocations Skype for SIP

6 members

Connect your existing SIP-enabled PBX to Skype with Skype for SIP. Learn mare

7% Subscriptions
) :

0 members

a Voicemail
1 member ) Subscription changed successfully for Profile avaya.com

E Online Numbers The profile’s updated subscription setting will be available in a few minutes.
5 members

Call i di
all forwarding Your SIP Profiles

- 0 memhbers
fse] Skype for SIP e newprcn -
4 profiles

avaya.com view profile
Channels at e
Outgoing calls
Incoming calls Setup incoming calls

GB; Reviewed: Solution & Interoperability Test Lab Application Notes 39 of 91

SPOC 12/05/2010 ©2010 Avaya Inc. All Rights Reserved. Skype-VP51



The Profile settings page is displayed. On the Add credit tab type the amount of credit you’d like
to allocate for outbound calls. Note that calls to other SIP Profiles or Online Numbers of Skype
Clients on the P2P network are free of charge. Click Add credit.

@W manager" Avaya - Account details - tony.skypeil - Signout - Help - Chat support

2 € e €212,09 Q seacnonees |

Profile settings

"
—
avaya.com
Profile name avaya.com
Profile settings =
Calling channels 3 channels &
Authentication details
Outgoing calls Setu
Reports
To make outgoing calls from this SIP Profile you need to add Skype Credit.
You can also set up Auto-recharge o you never run out of credit while on a
« Backto SIP Pro call. Calls are charged according to Skype's standard calli
Add credit Auto-Recharge settings
(S €] 1000 Add credi
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5.5. Administer Online Numbers

Online Numbers provide the same functionality as DID/DDIs in a traditional telephony

environment. The below confirmation message is displayed once the credit allocation for outbound
calls is complete. Click Add a number or business account.

Profile settings

u
=
avaya.com
Profile name avaya.com
Profile settings
Calling channels 3 channels &
Authentication details
Outgoing calls Set up outgoing calls
Reports
To make outgoing calls from this SIP Profile you need to add Skype Credit.
You can also set up Auto-recharge o you neverru
= SIPP e list call. Calls are charged according to Skype's standard callir
Add credit Auto-Recharge settings
6 Credit has been successfully allocated. Please |eload this page
=" in a few moments to see the new balance.
Caller 1D & Setup Caller ID
Incoming calls Add 3 number or business
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The Incoming calls tab is expanded. Click Buy a new number.

avaya.com

Profile settings
Authentication details

Reports

GB; Reviewed:
SPOC 12/05/2010

Profile settings

Profile name avaya.com

Calling channels 3 channels @

Outgoing calls £10,00 Auto-recharge disabled
Caller ID @ Setup Caller ID

Incoming calls Add 3 number or business account

You can receive incoming calls on your SIP Profile via Skyp

e Numbers and

via Skype business accounts. When someone calls your Online Number or
contacts your business account on Skype the calls get forwarded to your SIP

Profile.

Add Online Number Add business account

Add a number

Se.lect_ a |1L|mber_|2|

Allocate number | Buy a new number
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The Buy Online Numbers page is displayed. Select a country from the drop-down list box and
click Continue.

@m manager“ Avaya - Account details
@ Dashboard ‘“ w Features -I] €202,09

Buy Online Numbers

You are buying for 1 member. Changs

€5,25 ! manth far each number.

If you qualify for a discount, a lower price will be shown an the next page.

In which country would you like your numbers?

| United States E

. Online Mumbers are provided 'as is', and their ongoing availability to you is subject to applicable
local residency rules and regulatory practices. Skype reserves the right to change their terms of use
accordingly, including by introducing a residency requirement where necessary.
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The Buy Online Numbers page is displayed. Under Please choose your Online Numbers type
the number of required Online Numbers which are used as DIDs in conjunction with the SIP
Profile. Select a state or county from the Region Code drop-down list box. Select an area code
from the Area code drop-down list box. Under Click an Online Number to select it: Select a
number. Scroll down and click Buy now (not shown).

Buy Online Numbers

You are buying for 1 member. Changs

€5,25 { manth far each number.

You have selected == United States Change

Please choose your Online Numbers

Buy 1 numbers. (max. 100}

Region code| District of Columbia E

Area codg [ZUE} | Washington Zone 1 E|

Click an Online Number to select it:

+12024703328 +12024703524 +1 2024706034
+12024706759 +12024706779 +12024706782 +12024706792
+12024706795 +12024706798
Show 10 different Cnline Numbers
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The Profile settings page is displayed. Click Add a number or business account.

Jg Features Ln

Profile settings

=5

avaya.com

Profile name avaya.com
Profile settings =

Calling channels 3 channels &
Authentication details

Qutgoing calls £10,00 Auto-recharge disabled
Reports

Caller D @ Setup CallerID

Incoming calls Add a number ar

Delete this profile

Select the newly purchased Online Number from the Add a number drop-down list box then click
Allocate number.

Profile settings

o PHEE
'--...,5
avaya.com
Profile name avaya.com
Profile settings
Calling channels 3 channels &
Authentication details
Qutgoing calls £10,00 Auto-recharge disabled
Reports
Caller ID @ Setup Caller ID
« Back to SIP. Profil
Incoming calls 4dd a numaber or business account
You can receive incomin calls on your SIP Profile via Skyp
via Skype business
contacts your business acc:unt on Skype the calls get forwarded to your SIP
Profile.
Add Online Number Add business account
Add a number
|+12024700118 [+]
I [y @ new number
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5.6. Administer Caller ID

The Profile settings page is displayed. Click Set up Caller ID.

avaya.com

Profile settings
Authentication details

Reports

« Back to SIP Profile list

Click Use an Online Number.

avaya.com

Profile settings
Authentication details

Reports

« Back to SIP Profile list

GB; Reviewed:
SPOC 12/05/2010

Profile settings

Profile name

Calling channels

Outgoing calls

CallerID &

Incoming calls

Profile settings

Profile name

Calling channels

Outgoing calls

Caller ID &

Incoming calls

dvaya.com

3 channels @

£€25,14 Auto-recharge active

Setup Caller 1D

EE +12024703313

avaya.com

3 channels @

£25,14 Auto-recharge active

Set up Caller ID

E= +12024702967

E=E +12024700118

You can either use Online Numbers assigned to this profile or landline numbers

for caller identification.

Use an Online Number

ES +12024703313

ES +12024702967

ES +12024700118

©2010 Avaya Inc. All Rights Reserved.

Use a landline number
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Select an Online Number from the Show this number when calling phones: drop-down list box
than click Save Settings.

Profile settings

) !
L] Sy L
avaya.com
Profile name avaya.com
Profile settings
Calling channels 3 channels &
Authentication details
Outgoing calls £25,14 Auto-recharge active
Reports
Caller ID & Set up Caller ID

« Back to SIP Profile list i X
Show this number when calling phones:

+12024700118, Online number|2| or enter a new number

Only the Online Mumbers that you can use for Caller ID are shown abaove.

Incoming calls = +12024703313

o

i

+12024702967

i

+12024700118

The following screenshot displays a sample Profile with both the Caller ID and the Incoming
calls (DID) set to the same Online Number.

Profile settings

avaya.com
Profile name avaya.com
Profile settings
Calling channels 3 channels &
Authentication details
Outgoing calls £25,14 Auto-recharge active
Reports
caller I @ CallerID is setto = +12024700118

« Back to SIP Profile list
ange Caller ID Disable Caller ID

Manage stored landline numbers

Incoming calls B 12024703313
B +12024702967
B +12024700118
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5.7. Create a Business User

A Business User with a unique Skype Name needs to be created and associated with the internal
Voice Portal self-service access number (3444) for click-to-call functionality to work from the
Skype P2P Network. Click Members on the toolbar.

@W managerm Avaya - Account details - tony.skype11 - Signout - Help - Chat support
@ | AL vonwer @D rooure $238.18 @ seacnonies |

Profile settings

n
...
avaya.com
Profile name avaya.com
Profile settings
Calling channels 3 channels @
Authentication details
Outgoing calls £25,14 Auto-recharge active
Reports
Caller D @ Caller ID is setto =5 +12024700118

« Back to 3IP Profile list
(& ELLGENWCICYR IV Disable Caller ID
Manage stored landline numbers

InFnminn calls B +172024703317

The All Members page is displayed. Click Create accounts.

@m manager" Avaya - Accountdetails - tony.skypel! - Signout - Help - Chat support

$238.18 (@ searcnwerners |

Members overview .
All members o
Allmembers (22) Allocated features Allocation report
Ungrouped (3)
BR SIL (5)
Dublin SIL (8)
~ Filter this list
Create a group
[ Hame = Skype Name Group
Create accounts
| Avaya.SILVWestminster2 avaya silwestminster2

Avaya.SILWestmins

Avaya.SILWestminster

avaya.silwestminster
Avaya.SILWestminst v

= BR Test brtest1 BR SIL
= BR Test2 br.test2 BR SIL
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The Create accounts page is displayed. The Create accounts page is displayed. Enter an email
address in the text field as Skype Manager sends an automated email once the new Business
account is created. Click Next.

em managerm Avaya - Accountdetails - tony.skypel1 - Signout - Help - Chatsuppol
$238.18

Members overview v Create accounts

Create accounts

o Enter email addresses/import CSV

Enter email addresses test@avaya.com

P

Flease enter one or more email addresses of people you want
to invite to join your Skype Manager.

or, import a CSV file with member Choose File | no file chosen

data
The CSV file must contain columns for: First name, Last name
and Email address. User name and Password columns can
also be added. How to generate a CSV file
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The Create business accounts page is displayed. Under Enter details fill in the following fields:
Type a unique name. Skype Client users will click on this Skype
Name to initiate a call to Voice Portal.

e Password: Type a password.
¢ Repeat Password: Repeat the password.

e Skype Name:

Default values can be used for the remaining fields. Click Save and Close.

e BEEiVE e v Create business accounts

Add members
o Enter details

Create business accounts

Invite personal members by
email

Invite personal members by @ Thereis some required information missing. Please fill in the fields marked with red.

Skype Name

Manage Invites We found 1 valid email addresses in your input

P+t Weve done alitlle magic to suggest some Skype Mames based on the information you entered. Just click on a
9 suggested name to edit it. If everything is fine, click ‘Create accounts”.

Email address* Skype Name*
test@avaya.com @ | ccoavaya.com 7]
Firstname  cc.avaya.com
Last name
| ) Password ~ seseeeens %) |
|Repeat password s wl
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The Create business accounts — Enter details page is displayed. Click Create accounts.

DUy JKypE Lieni DTl MEIIUELS

Ll ) ELILE fil} v

HEnbEEVENEw v Create business accounts

Add members

e Enter details
Create business accounts

Invite personal members by

email
Invite personal members by @ Thereis some required information missing. Please fill in the fields marked with red.
Skype Name

Manage Invites We found 1 valid email addresses in your input

A P We've done a little magic to suggest some Skype Names based on the information you entered. Just click on a
9 suggested name to edit it. If everything is fine, click ‘Create accounts”.

Email address* Skype Name*

test @avaya.com ©@  ccavaya.com @

Add another account

Add members to a group after their account is created Ungrouped |Z| or create a group

The Create accounts - Summary page is displayed (not shown). Click Dashboard.
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5.8. Add Business User to SIP Profile

The Dashboard screen is displayed. Scroll down and click Skype for SIP.

GB; Reviewed:
SPOC 12/05/2010

é’ Your features

S 6 members have Skype Credit

Set up Subscriptions for your members
5 members have Online Numbers

Set up Call forwarding for your members

1 member has Voicemail

4 profiles set up for| Skype for SIP

BOOO D

Upcoming allocations
2]

(next 30 days)

u" Your Members

Your Skype Manager has 15 members

Add Members

Since you last signed in
Mo changes since you last logged in.

5till outstanding
0 outstanding invites

Solution & Interoperability Test Lab Application Notes
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The Skype for SIP page is displayed. Click View profile.

Credit allocations
f members

-\}'

-7y Subscriptions
5 ;!
0 members

Voicemail
1 member

Online Numbers
5 members

& 0

Call forwarding
0 members

(W)

Skype for SIP
4 profiles

P

E

Skype for SIP

Connect your existing SIP-enabled PBX to Skype with Skype for SIP. Learn more

Your SIP Profiles

Create a new profile

avaya.com|View profile

Channels &) 3channels

Cutgoing calls ) €9,99 available
Auto-recharge disabled

Incoming calls ‘,, 2 Online Mumbers

The Profile settings page is displayed. Click Add a number or business account.

avaya.com

Profile settings
Authentication details

Reports

« Back to SIP Profile list

GB; Reviewed:
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Profile settings

Profile name avaya.com

Calling channels 3 channels &

Qutgoing calls £9,99 Auto-recharge disabled
Caller D & Caller ID iz setto B= +12024703313
Incoming calls B +12024703313

B +12024700183

Add a number or business account
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The Add Online Number tab is displayed. Click Add business account.

avaya.com

Profile settings
Authentication details

Reports

« Back to SIP Profile list

GB; Reviewed:
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Profile name

Calling channels

Outgoing calls

Caller ID &

Incoming calls

Solution & Interoperability Test Lab Application Notes
©2010 Avaya Inc. All Rights Reserved.

avaya.com
3 channels @

£8,89 Auto-recharge disabled

Caller ID is setto B5 +12024703313
EE 412024703313

B +12024700183

Add a number or business account

You can receive incoming calls on your SIP Profile via Skype Online Mumbers and
via Skype business accounts. When someone calls your Online Number or
contacts your business account on Skype the calls get forwarded to your SIP
Profile.

Add Online Number Add business account

Add a number

Select a number|2|

Allocate number  Buy a new number
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Under the Add business account tab fill in the following fields:
e Add an existing business account: Type a unique name. Skype Client users will click on
the Skype Name to initiate a call to Voice Portal.
e Extension number: Type an extension.

Click Confirm.

via Skype business accounts. When someone calls your Online Mumber or
contacts your business account on Skype the calls get forwarded to your SIP
Profile.

Add Online Humber Add business account

Add an existing business account

CC.avaya.com Create a new account

Extension number (optional) &

! Important; If a Skype account is attached to a SIP Profile it cannot be
usedto sign into Skype on your computer or any other device.
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The Profile settings page is displayed. Verify that the newly created Skype Name is displayed
under the Incoming calls section.

avaya.com

Profile settings
Authentication details

Reports

=« Back to SIP Profile list

GB; Reviewed:
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Profile name

Calling channels

Outgoing calls

Caller ID @

Incoming calls

dvayd.com

3 channels @

£€25,14 Auto-recharge active

Caller ID is setto =5 +12024700118

I

i

i

I

i

i +12024703313

+12024702967

+12024700118

+12024700137

i +12024700183

CC.avaya.com

X

d a number or business account

Solution & Interoperability Test Lab Application Notes
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6. Configure Avaya Aura® Session Border Controller

This section provides the procedures for configuring Session Border Controller and includes the
following items:
e Loginto Avaya Aura® Session Border Controller using the GUI
Administer SIP Domains
Administer Outbound SIP Header Manipulation Rules
Administer Inbound SIP Header Manipulation Rules
Administer SIP Header Rules for Topology Hiding
Administer Dial Plan
Administer Third Party Call Control Settings
Save the Configuration

These Application Notes assume that the Session Border Controller was installed with the AT&T
Template.

6.1. Log in to Avaya Aura® Session Border Controller using the GUI

Configuration is accomplished by accessing the browser-based GUI of Session Border Controller,
using the URL “https://<ip-address>", where “<ip-address>" is the IP address of the inside
interface of the Session Border Controller. Log in with the appropriate credentials.

€ C M v hi#p$//193.120.221.236/access/login » O F-

& NNOS-E A AASEC cdom D SMGRAO A CMFS5 [ Other bookmarks
Acme Packet Net-Net OS-E

To access the NNOS-E management interface, you must first log in. Please provide your user name and password.

Username:

Password:

Login |

GB; Reviewed: Solution & Interoperability Test Lab Application Notes 57 of 91
SPOC 12/05/2010 ©2010 Avaya Inc. All Rights Reserved. Skype-VP51



6.2. Administer SIP Domains

The Session Border Controller performs topology hiding by translating the private domain
avaya.com to the public domain sip.skype.com for outbound calls and vice-versa for inbound calls.
The following steps assign the domain names to the corresponding SIP Entities. The Home page is
displayed. Select the Configuration tab on the toolbar.

acmeﬁ@;ket

Logout admin Home|

. Hel
(c) 20052010 Acme Get summary for ﬂ Refresh Help

Packet, Inc. All rights

reserved box-identifier 013e-d811-d96b-767d
[www_acmepacket com]
IPAddress LocalBox (193.120.221.208)

State Connected E’
build-version 3.6.0
build-number 463031-dev

time 20:33:09 Mon 2010-06-14
timezone GMT
uptime 0 days 00:19:41

total-cache-entries a
location-bindings 0

registration-info total-nonlocal-registrations 0
total-terminated 0
total-declined 1]
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The Configuration Loaded page is displayed. Expand vsp = enterprise = servers and click on
sip-gateway PBX.

Configuration: all Configuration Loaded

Configuration | Setup View The configuration has been successfully loaded.

g cluster
box aasbc

g vsp

default-session-config
pre-session-config
session-config-pool
dial-plan
registration-plan
enterprise
= SEemners
= sip-gateway PBX
vaplsession-config-pe
server-pool
sip-gateway Telco
dns-group group
accounting
dns
settings
senvices-routing

HEHHH

|
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The Configure vsp\enterprise\servers\sip-gateway PBX page is displayed. Type avaya.com in
the domain field then click Set.

Configuration: all Configure vsplenterprise\servers\sip-gateway PBX  Show advanced |
Configuration | Setup View | Set|| Reset| Back| Copy| Delete |

= clustsr -aash Manage connections, Log instant messages, Hecord media, Record files

B Set up accounting, Change "from:" URI, Change "to:" URI
= vsp

default-session-config

pre-session-conig

session-config-pool * name PBX

dial-plan

registration-plan admin enabled [x] (Resource is active)
= enterprise
= seners domain
B sip-gateway PBX avaya.com
vapisession-config-pc . .
= sever-pool failover-detection  [ping  [+] (Use OPTIONS to detect failures)
server PBX1
sip-gateway Telco
dns-group groupl m
accounting [Eserver-pool
dns Delete
settings
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Select sip-gateway Telco on the left pane. The Configure vsp\enterprise\servers\sip-gateway
Telco page is displayed. Type sip.skype.com in the domain field then click Set.

wr

Configuration: all Configure vsplenterpriselserversisip-gateway Telco  Show advanced |
Configuration | Setup View | Set || Reset| Back| Copy| Delete |
= clustsr -aasb Manage connections, Loginstant messages, Record media, Record files
0. 2850c Set up accounting, Change "from:" URI, Change "to:" URI
g vsp
default-session-config
pre-session-config
session-config-pool * name Telco
dial-plan
registration-plan admin enabled (=] (Resource is active)
= enterpnse
B Servers domain -
B sip-gateway PBX sip-skype.com
vspisession-config-pe . .
senver-pool failover-detection register [»] (Use REGISTER to detect failures)
= |sip-gateway Telco
vsp\session-config-pe
server-pool
dns-group group Fserver-pool
accounting [Delete]
dns
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6.3. Administer Outbound SIP Header Manipulation Rules

The following steps translate the SIP domain names created in Section 4.2 in the To, From,
Request-URI and PAI headers and assign the Skype ID to the user part of the From header as it is
required for outbound calls to work. The Configuration page is displayed. Expand vsp = session-
config-pool - entry ToTelco > to-uri-specification on the left pane.

o

Configuration
acmemstcket

Status Summary Logout admin Wiy Configuration

Configuration: all Configuration Loaded

Configuration | Setup View The configuration has been successfully loaded.

= cluster
box:aasbc
B vsp
default-session-config
pre-session-config
= session-config-pool
= entry ToTelco
to-uri-specification
from-uri-specification
request-uri-specification
p-asserted-identity-uri-spe
entry ToPBX
entry Discard
dial-plan
registration-plan
enterprise
accounting
dns
settings
senvices-routing

Under host select next-hop-domain from the drop-down list box then click Set.

& -
Configuration
acme /(| packet
Status Summary Logout admin Bilnce Configuration [gejciiCige: qs | | > | Actions | Services | Keys | ACCess | | 7|
Configuration: all Configure vspisession-config-poolientry ToTelcolto-uri-specification Help Index
Configuration | Setup Wiew | Set Reset Back Delete
g cluster
box:aasbc
= vsp . user enter [to-uri or select from | to-uri |Z| (Met-Nat OS-E uses the
default-session-config
pre-session-canfig value from the incoming TO URI.)
= session-config-pool
= entry ToTelco host enter |next-hop-domain or select from| | next-hop-domain |Z| (Met-Net OS-E uses the
to-uri-specification domain of the next-hop semver.)
from-uri-specification
Egzgg;:;f&iﬁ:?jﬂ:ﬁgpe port enter |to-uri or select from | to-uri |Z| (Met-Met OS-E uses the value
entry ToPBX from the incoming TO URL)
entry Discard
dial-plan display enter |to-uri or select from | to-uri |Z| (Net-Net OS-E uses the value
registration-plan from the incoming TO URL.)
enterprise !
i
aceouning transport to-uri [=] (NetNet OS-E uses the value from the incoming TO URL)
dns
settings
senvices-routing user-param omit |Z|
user-truncate- disabled [+] (Resource is inactive)
non-digits
uri-parameter Add uri-parameter
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Select from-uri-specification from the left pane. The Configure vsp\session-config-pool\entry
ToTelco\from-uri-specification page is displayed. Type the Skype Manager assigned Skype ID
in the user field. Under host select next-hop-domain from the drop-down list box then click Set.

Status Summary Logout admin CHome™ G LG TELLD I Status | Call Cogs™ | Ev o | Sery | Keys | S -
Configuration: all Configure vspl\session-config-poolientry ToTelco\from-uri-specification _Help
Index
Configuration | Setup View
5 cluster Set Reset Back Delete
box:aasbc
Bl vsp
default- ion-confi
H: adl-session-comy user enter [ 99051000109702 or select from | 99061000109702 [ <]
session-config-pool
dial-plan host enter |next-hop-domain or select from next-hop—domainE
= enterprise (Met-Met OS-E uses the domain of the next-hop server.)
B Senvers
sip-gateway PBX port enter |from-uri or select from [from-uri  [=] (Net-Net
& sip-gateway TE|CD 0S-E uses the value from the incoming FROM URL.)
= vsp\session-config-poolientry TaTelco
display enter |from-uri or select from | fromeuri |Z| (Met-Met
request-ur-speciication 0S-E uses the value from the incoming FROM URL.)
p-asserted-identity-uri-specification
server-pool user-agent-aware- disabled |Z| (Resource is inactive)
dns display-translation
settings
transport UDP [=] (Net-Net OS-E sets the transport method to UDP.)

Select request-uri-specification from the left pane. The Configure vsp\session-config-pool\entry
ToTelco\request-uri-specification page is displayed. Under host select next-hop-domain from
the drop-down list box then click Set.

Configuration: all Configure vsp\session-config-poollentry ToTelcolrequest-uri-specification
Configuration | Setup View Set Reset Back Delete
= cluster
box:aasbc
Bl ¥sp user _uri -uni (Met-N -
default-session-config enter |request-uri or select from | request-uri |Z| (Met-Net OS5
pre-session-config E uses the value from the incoming REQUEST URL)

= session-config-pool

= entry ToTelco host enter |next-hop-domain or select from next-hop—domainE (Met-Met OS-E

to-uri-specification uses the domain of the next-hop server )
from-uri-specification
:—g::i;I-?I?aenct:rj-itrlfgpeciﬁcation port enter |request-uri or select from | request-uri |Z| (Met-Met O5-E uses

entry ToPBX the value from the incoming REQUEST URI.)

entry Discard

dial-plan transport request-uri |Z| (Net-Met OS-E uses the value from the incoming REQUEST URI)
registration-plan
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Select p-asserted-identity-uri-specification from the left pane. The Configure vsp\session-
config-pool\entry ToTelco\ p-asserted-identity-uri-specification page is displayed. Under host
select next-hop-domain from the drop-down list box then click Set.

Configuration: all

Configuration | Setup View

= cluster
box:aasbc
B vsp
default-session-config

Configure vsp\session-config-poollentry ToTelco\:S=EE =l Bl Ely e a i B e a1l
Help Index

Reset Back Delete

pre-session-config user enter |same-uri or select from | same-uri |Z| (Net-Met OS-E
= session-config-pool uses the value from the uri being altered)
= entry ToTelco
to-uri-specification host enter |next-hop-domain or select from | next-hop-domain |Z| (Met-MNet OS-E
from-uri-specification uses the domain of the next-hop server )
request-uri-specification
p-asserted-identity-uri-specification
entrlyTDPBX | port enter | same-uri or select from | same-uri |Z| (Met-Met OS-E uses the
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6.4. Administer Inbound SIP Header Manipulation Rules

The following steps translate the SIP domain names created in Section 4.2 in the To, From,
Request-URI and PAI headers from sip.skype.com to avaya.com. Expand vsp = session-config-
pool 2> entry ToPBX - to-uri-specification on the left pane. The Configure vsp\session-
config-pool\entry ToPBX\to-uri-specification page is displayed. Under host select next-hop-
domain from the drop-down list box.

Configuration: all

Configuration | Setup View

= cluster
box:aasbc

B vsp
=

default-session-config

pre-session-config

session-config-pool
entry ToTelco

= entry ToPBX
to-uri-specification
aI-Ur-specmcaton

request-uri-specification
p-asserted-identity-uri-specification

Configure vsp\session-config-poollentry ToPBX\to-uri-specification Help Index
Set Reset Back Delete
user enter |to-uri or select from | to-uri |Z| (Net-Met OS-E
uses the value from the incoming TO URL)
host enter |next-hop-domain or select from|| next-hop-domain | =] (Net-Net OS-E
uses the domain of the next-hop server.)
port enter |to-uri or select from | to-uri |Z| (Met-Met OS-E uses the

value from the incoming TO URL)

Select from-uri-specification from the left pane. The Configure vsp\session-config-pool\entry

ToPBX\from-uri-specification

page is displayed. Under host select next-hop-domain from the

drop-down list box then click Set.

Configuration: all

Configuration | Setup View

= cluster
box:aasbc
Bl vsp
default-session-config
pre-session-config
B session-config-pool
entry ToTelco
= entry ToPBX
to-uri-specification
request-uri-specification
p-asserted-identity-uri-specification

GB; Reviewed:
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Configure vsp\session-config-poolientry ToPBX\from-uri-specification Help Index
Set Reset Back Delete
user enter |request-uri or select from | request-uri [=] (Net-Net
OS-E uses the value from the incoming REQUEST URI.)
host enter |next-hop-domain or select from || next-hop-domain [+ (Net-Net
0S-E uses the domain of the next-hop server.)
port enter |from-uri or select from | from-uri |Z| (Met-Met OS-E

uses the value from the incoming FROM URL.)
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Select request-uri-specification from the left pane. The Configure vsp\session-config-pool\entry
ToPBX\request-uri-specification page is displayed. Under host select next-hop-domain from
the drop-down list box then click Set.

acmcﬁﬁ?cket

Status Summary Logout admin

Configuration: all

Configuration | Setup View

= cluster
box:aasbc
= vsp
default-session-config
pre-session-config
= session-config-pool
entry ToTelco
= entry ToPBX
to-uri-specification
from-uri-specification

request-uri-specification

p-asserted-dentity-ur-specification

Configuration

Bl Configuration geje)i

Configure vspl\session-config-poolientry ToPBX\request-uri-specification Help Index

Set Reset Back Delete

user enter |request-uri or select from | request-uri [=] (Net-Net OS-
E uses the value from the incoming REQUEST URI.)

host enter |next-hop-domain or select from | next-hop-domain |Z| (Net-Met OS-E
uses the domain of the next-hop server.)

port enter [request-uri or select from | request-uri |Z| (Net-Met OS-E uses
the value from the incoming REQUEST URL.)

Select p-asserted-identity-uri-specification from the left pane. The Configure vsp\session-
config-pool\entry ToPBX\p-asserted-identity-uri-specification page is displayed. Under host

select next-hop-domain

Configuration: all

Configuration | Setup View |

= cluster
box:aasbc
B vsp
default-session-config
pre-session-config
B session-config-pool
entry ToTelco
= entry ToPBX
to-uri-specification
from-uri-specification

request-uri-specification
|p—asserted—identity—uri—s pa

from the drop-down list box then click Set.

entry Discard

GB; Reviewed:
SPOC 12/05/2010

Configure vsp\session-config-poolientry ToPBX\p-asserted-identity-uri-specification Help
Index
Set Reset Back Delete
user enter [request-uri or select from | request-uri [=] (Net-Net OS-E uses the
value from the incoming REQUEST URL.)
host enter |next-hop-domain or select from next-hop—domainE (Net-Met OS-E uses the
domain of the next-hop server.)
port enter | same-uri or select from | same-uri |Z| (Met-Met OS-E uses the value
from the incoming uri being altered.)
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6.5. Administer SIP Header Rules for Topology Hiding

In the outgoing INVITE message to Skype Connect the Avaya Aura™ Session Manager inserts the
P-Site proprietary with the private IP address of Avaya Aura” System Manager thereby exposing
the private IP addressing scheme to the public Internet. This section describes a SIP header
manipulation rule which strips the P-Site header from the outgoing INVITE. Expand vsp = pre-
session-config - sip-header-settings. The Configure vsp\pre-session-config\sip-header-
settings page is displayed. Click Add rule.

Configuration: all Configure vsp\pre-session-config\sip-header-settings
Configuration | Setup View | Set Reset Back Delete
E= cluster
box:aasbc
= vsp admin bled =} is active)
default-session-config enable |Z| (Resource is active)
= pre-session-config rule dd rule
sip-header-settings ' )
Session-conng-pool
dial-plan Set Reset Back
registration-plan
enterprise Help Index
accounting

Type a descriptive name for the rule and click Create.

Configuration: all

=

= cluster
box:aasbc
= vsp
default-session-config
El pre-session-config
sip-header-settings

M eaccinn-ranfinonnnl

GB; Reviewed:
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Create vsp\pre-session-configisip-header-settingsirule - Step 1 of 1: Edit rule

Please provide some basic information for rule. Then press "Create”.

Tname | p it
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The Configure vsp\pre-session-config\sip-header-settings\rule P-Site page is displayed. Click

Configure.

Cenfiguration: all

Configure vsp\pre-session-configisip-header-settingsirule P-Site

Configuration | Setup View | Set Reset Back Copy Delete
= cluster
box:aasbc
= “name P-Site
default-session-config
= pre-session-config description
g sip-header-settings
rule P-Site .
session-config-pool condition
dial-plan .
registration-plan action Configure
enterprise
accounting Set Reset Back Copy
dns
settings Help Index

senvices-routing

The Create vsp\pre-session-config\sip-header-settings\rule P-Site\condition page is displayed.
Under condition-type select match-header. Under name type P-Site then click Create.

Configuration: all

Configuration | Setup View

= cluster
box:aasbc

= vsp
default-session-config
= pre-session-config

B sip-header-settings
rule P-Site

session-config-pool
dial-plan

GB; Reviewed:
SPOC 12/05/2010

Create vsp\pre-session-config\sip-header-settingsirule P-Site\condition - Step 1 of 1: Edit condition
Help Index

Please provide some basic information for condition. Then press "Create”.

* condition-type match-header |Z| Sets the name of the header to match on)

* name |enter P-Site |Jrse|ect from | <Not configured= El

Reset Cancel
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The Configure vsp\pre-session-config\sip-header-settings\rule P-Site page is displayed. Click

Configure.
Configuration: all Configure vsp\pre-session-config\sip-header-settings\rule P-Site Help Index
Configuration | Setup View | Set Reset Back Copy Delste
= cluster
box-aasbc
= vsp * name g
default-session-config P-Ste
= pre-session-config description
= sip-header-settings
rule P-Site condition
session-config-pool . o
dial-plan condition-type match-header |Z| (Sets the name of the header to match on)
registration-plan .
enterprise D enter |P-Site or select from | P-Site (=]
accounting
dns action Configure
settings -
senvices-routing
Set Reset Back Copy

The Create vsp\pre-session-config\sip-header-settings\rule P-Site\action page is displayed.
Under action-type select strip-header then click Create.

Configuration: all

Configuration | Setup

= cluster
box:aasbc
B vsp

default-session-config
B pre-session-config
g sip-header-settings
rule P-Site
session-config-pool
dial-plan

+ =

Create vsp\pre-session-configisip-header-settingsirule P-Sitelaction -
Index

Please provide some basic information for action. Then press "Create”.

“action-type | strip-header [+] |The Net-Net OS-E removes the SIP head

Reset Cancel
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The Configure vsp\pre-session-config\sip-header-settings\rule P-Site page is displayed. Click

Set.

Configuration: all

Configuration | Setup View

= cluster
box:aasbc
= vsp
default-session-config
= pre-session-config
g sip-header-settings
rule P-Site
session-config-pool
dial-plan
registration-plan
enterprise
accounting
dns
settings
senices-routing

# &

HHEE

GB; Reviewed:
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Configure vsp\pre-session-config\sip-header-settingsirule P-Site Help
| Set Reset Back Copy Delete
* name P-Site
description
condition
* condition-type match-header
* name enter |P-Site
action
* action-type strip-header
Reset Back Copy
Help Index

Index

El (Sets the name of the header tc

or select from | P-Site

E (The Net-Met OS-E removes the SIP header
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6.6. Administer Dial Plan

A dial plan entry is required to route the INVITE request that Session Border Controller generates
after intercepting the REFER request from Voice Portal as per Step 9 in Section 3.1. Expand vsp

- dial plan - sip-header-settings. The Configure vsp\dial-plan page is displayed. Click Add

route.

AVA\,-"lﬁ\r Configuration
AUO e
Status Summary Logout admin Wil Configuration gl /s | |
Configuration: all Configure vsp\dial-plan  Show advanced Help Index
Configuration | Setup View | Set Reset Back Delete
= cluster
box:aasbc
B vsp P L
. normalization
default-session-config 0 o e
s arbiter Add arbiter
session-config-pool I
& dial-plan Defaul route route description |admin |request- |peer|location- priority | condition-
route Default uri-match match- list
source-route FromTelco preferred
source-route FromPBX - -
enterprise Edit Delete | route Default enabled | default none |exclusive 500 Configure
dns
settings
Add route
source-route source-route description | source-match peer |
1
|
Edit Delete | source-route FromTelco senver server |

The Create vsp\dial-plan\route - Step 1 of 1: Edit route screen is displayed. Type a descriptive
name then click Create.

A
AVAYA a{'.rr?(:/?' cket

A" e

Status Summary Logout admin “Home ™ e LG TEU GO Status | Call'Togs™ | "By gs | Actions™ | Sel
Configuration: all Create vspldial-planircute - Step 1 of 1: Edit route Help Index
Configuration | Setup View | Please provide some basic information for route. Then press "Create”.
= cluster I
box-aasbec genera.
= vsp * name toCM|

default-session-config

s C R C |
session-config-pool S ance
=]

dial-plan
route Default
source-route FromTelco
source-route FromPBX
enterprise
dns
settings

F E
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The Configure vsp\dial-plan\route toCM screen is displayed. Under request-uri-match select
the following options:

o type: From the drop-down list box select phone-prefix.

e phone prefix: Type the internal extension range administered on Communication
Manager.

e minimal-digits: Type the internal extension length administered on Communication
Manager.

Under peer select the following options:

e type: From the drop-down list box select server.
e server: From the drop-down list box select vsp\enterprise\servers\sip-
gateway PBX
AVA\!'AF, :J('(r?tﬁ'm)(‘k(‘f Conﬁguratlon
AUIA e
Status Summary Logout admin My Configuration gl 2 i i e | Reys || || |
Configuration: all Configure vspldial-plani\route toCM  Show advanced Help Index
Configuration | Setup View | Set Reset Back Copy Delete
= cluster
box:aasbc
B vsp
default-session-config * name
tls toCM
session-config-pool .
g dial-plan description
route Default
route toCM admin enabled |Z| (Resource is active)
source-route FromTelco
source-route FromPBX request-uri-match
enterprise *type phone-prefix |Z|
dns
settings phone-prefix 30
minimal-digits enter |4 or select from | 1 |Z|
peer
type server |Z| (Peeris a SIP server)
server vsplenterprise\senvers\sip-gateway PBX |Z| Edit Create
location-match-preferred up—to-outbound-peerE (Outbound peer determines whether preferred)
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Scroll down to session-config and select vsp\enterprise\servers\sip-gateway PBX. Click Set.

Av;\y}z\ e Configuration
AU e
Status Summary - Logout admin Home™ Reblih [HEU L - Status - =CallTogs="Event Logs=mActions=Senices = “ReysAccess | “Tools™
Configuration: all
g Select All | Unselect Al |
Configuration | Setup View r P
= cluster * type no |Z| (No normalization applied to phone
box:aasbc numbers)
Bl vsp
default-session-config
tls to-user
session-config-pool *type no |Z| (No normalization applied to phone
= dial-plan numbers)
route Default
route toCM
source-route FromTelco from-user
source-route FromPBX * — .
e ]
D enterprise typ no |Z| (Mo normalization applied to phone
numbers)

B servers
sip-gateway PBX
sip-gateway Telco

dns

settings

GB; Reviewed:
SPOC 12/05/2010

admission-control

calls

session-config

Back

max-number-of-concurrent-

disabled |Z| (Resource is inactive)

100 (from 0 to 1,000,000,default=100)

vsplsession-config-poolientry ToPBX |Z|

Copy

I Reset |
Help |

ndex
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6.7. Administer Third Party Call Control Settings

The Third Party Call Control settings determine whether a REFER request is handled locally by
the Session Border Controller (INVITE with REPLACES is sent to Session Manager) or if it is
proxied to Skype Connect. Until Skype Connect introduces support for the REFER method, third
party call control needs to be enabled on the Session Border Controller.

Select vsp\session-config-pool\entry ToPBX. Scroll down to third-party. Click Configure next
to third-party-call-control.

Allld g

powered
Status Summary Logout admin “Home oG LUGITELL I Status | Call Cogs ™| Event Cogs ™
Configuration: all
handle-response Canfigure
Configuration | Setup View
response-translation-settings
o cluster P g9 Configure

box:aasbc

B vp third-party:

default-session-config

tls csta-settings Configure
= session-config-pool
entry ToTelco third-party-call-control | Configure
= entry ToPBX
to-uri-specification handle-publish Configure
from-uri-specification
request-uri-specification pre-call-authorization  Configure

p-asserted-identity-urn-specification
out-codec-preferences

third-party-call-control other properties:

entry Discard

dial-plan dns-client-settings Configure
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The Configure vsp\session-config-pool\entry ToTelco\third-party-call-control screen is

displayed.

Select the following options:

e admin:

¢ handle-refer-locally:

Click Set.

Configuration: all

|Conﬁgurati0n| Setup | WView

= cluster
box:aasbc
B vsp
default-session-config
tls
= session-config-pool
entry TaTelco
= entry ToPBX

From the drop-down list box select enabled.

From the drop-down list box select enabled.

Configure vsplsession-config-poolientry ToPBX\third-party-call-control

Show advanced Help _Index
Set Reset Back Delete
admin

status-events

to-uri-specification
from-uri-specification
request-uri-specification
p-asserted-identity-uri-specification
out-codec-preferences
third-party-call-control

entry Discard
dial-plan
= enterprise
B semvers
sip-gateway PBX
= sip-gateway Telco

handle-refer-locally
refer-maintain-identity
ringback-file

busy-file
pre-call-announcement

terminate-after-pre-call-announcement

6.8. Save the Configuration
Click Configuration on the left pane then select Update and save configuration.

enabled |Z| (Resource is active)

both |Z| (both call-legs)

enabled |Z| (Resource is active)

false |Z|
Browse System Files
Browse System Files

Browse System Files

disabled E (Resource is inactive)

|Z| (Sets the name of the header to match on)

[=]

or select from | P-Site

|Z| (The MNet-Net OS-E removes the SIP header from the packest)

Configuration: all Configure vsp\pre-session-config\sip-header-settings\rule P-Sitefill sl Jallls[4
Configuration l Set Reset Back Copy Delete
Update and save configuration
Refvadcomfigoratior |
Validate configuration
Analyze configuration * name P-Site
Search configuration
Save as XML description
Load from XML
: dition
session-config-pool con . .
dial-plan condition-type match-header
registration-plan .

enterprise s enter | P-Site

accounting

dns action

settings * action-type strip-header
senvices-routing
Set Reset Back Copy
Help Index

GB; Reviewed:
SPOC 12/05/2010

Solution & Interoperability Test Lab Application Notes
©2010 Avaya Inc. All Rights Reserved.

75 of 91
Skype-VP51



Once the configuration is written to disk the Configuration Updated and Saved message is
displayed.

Configuration: all

Configuration | Setup View

Configuration Updated and Saved

The running configuration has been updated and saved.

= cluster

@ vsp

GB;

box:aasbc

default-session-config
pre-session-config
= sip-header-settings

rule P-Site

session-config-pool

dial-plan

registration-plan

enterprise

accounting

dns

settings

senvices-routing

Reviewed:

SPOC 12/05/2010

Set Reset Back Copy

Configure vsp\pre-session-config\sip-header-settings\rule P-Site Help Index

Set Reset Back Copy Delete
* name P-Site
description
condition
* condition-type match-header |Z| (Sets the name of the header to match on)
" name enter |P-Site or select from | P-Site [=]
action

* action-type stipheader [x] (The Met-Net OS-E removes the SIP header from the packet)

Help Index
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7. Configure Avaya Voice Portal

This section describes the relevant configuration of the SIP Trunk between Voice Portal and
Session Manager, and any administration necessary to configure Voice Portal to support calls from
Skype Connect. In addition to the steps described in this section, other installation and initial
configuration actions will be needed. For more information on these additional actions, see the
appropriate documentation in Section 11.

Unless otherwise indicated, the administration steps described in this section were completed using
the web administration page of the Voice Portal Management System (VPMS).
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7.1. Add SIP Connection to Avaya Aura® Session Manager

Navigate to the System Configuration 2 VoIP Connections task. Select SIP tab and click Add
(not shown). Enter the following values and use defaults for remaining fields.

Name
Enable

Proxy Transport

Enter a descriptive name for Session Manager.
Select Yes
Select TCP

In the Proxy Servers table, enter the following values.

Address
Port

Listen Port
SIP Domain

Enter IP address of Session Manager (ASSET card).

Enter 5060

Enter 5060

Enter the same SIP Domain name as defined in Section 4.2

Click Save to save configuration.

AVAYA

Voice Portal 5.1 (VoicePortal)

Expand All | Collapse All

¥ User Management
Raoles
Users
Login Options

* Real-Time Monitoring
System Monitor
Active Calls
Port Distribution

¥ System Maintenance
Audit Log Viewer
Trace Viewer
Log Viewer
Alarm Manager

* System Management
MPP Manager
Software Upgrade
System Backup

* System Configuration
Alarm Codes
Alarm/Log Options
Applications
MPP Servers
Report Data
SNMP
Speech Servers
VolIP Connections
VPMS Servers

* Security
Certificates
Licensing

¥ Reports
Standard
Custom
Scheduled

GB; Reviewed:
SPOC 12/05/2010

Heme VolP Connections

Change SIP Connection

Use this page to change the configuration of a SIF connection.

Name: skype
Enable: @ ves @) No

Proxy Transport: | TCP |z|

Solution & Interoperability Test Lab Application Notes

@ Froxy Servers ©) DNS SRV Domain

[ Address | Port |Priority | Weight| |

| 153.120.221.220 5060 | 0 0 Remove
Additional Proxy Server

Listener Port: 5060

SIP Domain: awvaya.com

P-Asserted-Identity:

Maximum Redirection Attempts: |0
Consultative Transfer: ) INVITE with REPLACES @ REFER
Call Capacity

Maximum Simultaneous Calls: |10

@ Al Calls can be either inbound or outbound

5] Configure number of inbound and outbound calls allowed

0| mm e ©m
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7.2. Configure Self Service Application

Navigate to the System Configuration - Applications task and click New (not shown). Enter the
following values and use defaults for remaining fields.

e Name Enter a descriptive name for Session Manager

e Enable Select Yes

e Type Select VoiceXML from drop-down menu

e VoiceXML URL Enter the URL of self-service application hosted on an HTTP server

In the Application Launch section, enter the following values.
e Type Select Inbound and select Number
e Called Number  Enter user part (phone number) of incoming SIP Request-URI header.

Click Add to save the new Number. Click Save to save the changes.

Use this page to change the configuration of a VeiceXML ar CCXML application.

MName: Skype

Enable: @ vas () Na
Type:| VoiceXhL [=]
URL

@ Single ) Fail over ) Load Balance
VeiceXML URL: |http://193. 120,221,208/ intre.v=ml

Mutual Certificate Authentication: () yag @ pg

Basic Authentication: ) ves @ no

Speech Servers
ASR: No ASR [w|  TTS:[NoTTS [ =]

Application Launch

@ Inbound ) Inbound Default ) Outbeund
@ number ) Number Range O urt
Called Mumber: m

3444 )l

12024700118

Speech Parameters »

Reporting Parameters »

Advanced Parameters »

Save || Apply | Cancel il Help
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7.3. Configuring Support for the G.729 Codec

By default Voice Portal supports the G.711Mu-law codec. Voice Portal 5.1 adds support for the
(G.729 codec as well. Please note that the following steps will only influence the codec
selection/priority for outbound calls (calls generated by Voice Portal). The configuration steps will
not reorder the codec priority of incoming SDP messages. To enable G.729 and to ensure it has a
higher priority than G.711Mu-law take the following steps.

Navigate to System Configuration > MPP Servers. Select the VoIP Settings button as indicated
below.

Welcome, administrator

AVAYA

Last logged in 7/23/10 at 10:41:02 AM MDT

Yoice Portal 5.1 (YoicePortal)

Expand All | Collapse All

~ User Management
Roles
Users
Login Options

~ Real-Time Monitoring
Systern Monitor
Active Calls
Port Distribution

~ System Maintenance
Audit Log Viewer
Trace Viawer
Log Viewer
Alarm Manager

~ System Management
MPP Manager
Software Upgrade
Systemn Backup

~ System Configuration
Alarm Codes

tf Home 2. Help @ Logoff
Hormme

MPP Servers

This page displays the list of Media Processing Platform (MPP) servers in the Voice Portal system, When an MPP receives a call fram a PBX, it invokes
a Yoice®ML application on an application server and communicates with ASR and TTS servers as necessary to process the call,

[Np— Network Network Maximunm
Name 4| Host Address |y 4q° 000 (VoIP)2 Address - Address a| Simultaneous 4| Trace Level
T T i T {MRCP) T {(AppSwvr) - calls e e
in

[] mepi 10.50.100.54 <Default= <Default= <Default= Use MPP Settings

| aid [ clete |

MPP Settings Browser Settings Event Handlers Video Settings VoIP Settings m

SMMP
Speach Servers
VoIP Connections
VPMS Servers

- Security
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In the screen that appears next, scroll down to the section titled Audio Codecs and configure the
options as shown below.

e Packet Time Sampling rate for encoding audio. This value should match across
systems
e G729 Select the Yes radio button to enable G.729

e Reduced Complexity Encoder
(optional) Enables support for the G.729A codec which further
reduces bandwidth usage with little cost to voice quality.

e Discontinuous Transmission
(optional) Enables support for the G.729B codec. The G.729B/Annex-
B specification further reduces network bandwidth as it sends only the
audio packets that contain speech data (packets that contain silence are
not transmitted)

o First Offered Select G729 from the drop-down if using the G729 codec is preferred
for calls rather than using G.711

Click Save to save the changes.

AVAYA

¥oice Portal 5.1 {(¥oicePortal)
Expand &ll | Collapse All

RTCP Monitor Settings
* User Management

Roles Host Address:
Uzsers
Login 2ptions Port:

* Real-Time Monitoring
Swstern Monitor

Active Calls -
e e = ¥oIP Audio Formats
* System Maintenance MPP Mative Format: | audiodbasic b

Audit Lag Viewer
Trace Viewer

Log Viewer Audio Codecs
Alarm Manager
¥ System Management Packet Time: 20w

MPP Manager
Software Upgrade

e G729 ® ves O No
* Systemn Configuration
Alarm Codes Reduced Caornplexity Encader: () ves () Mo
AlarmfLog Options
ﬁ%%“;‘ztrf;'; Discontinuous Transmission: & ves ) Mo
Report D ata
SHME First Offered: G289

Speeach Servars
WolP Connections
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8. General Test Approach and Test Results

The test environment consisted of:

e A simulated enterprise with Voice Portal 5.1, System Manager R6, Session Manager R6,
Communication Manager — Evolution Server R6, Session Border Controller R6 and Avaya
phones.

e A production version of the Skype Connect 2.0 service, to which the simulated enterprise
was connected.

The main test objectives were to verify the following features and functionality:
Voice Portal access from the PSTN and the Skype P2P Network
Basic call scenarios using G.711 and G.729 codecs
DTMF transmission
Blind Transfer from Voice Portal to Communication Manager
Consultative transfer from Voice Portal to Communication Manager using the following
two SIP methods:
o INVITE with REPLACES
o REFER
e Bridged Transfer from Voice Portal to Communication Manager

9. Verification Steps

The Session Border Controller stores the SIP signaling traces of each test call in the Call Log
database. Log in to the Session Border Controller through the GUI and click on Call Logs.

3cmeﬁfa‘cket

Logout admin Home
. Hel
() 2005-2010 Acme Get summary for: ﬂ Refresh nelp
Packet. Inc. All rights
reserved box-identifier 013e-d911-d96b-767d
[www.acmepacket.com]
IPAddress LocalBox (193.120.221.236)

State Connected EJ
build-version 360
build-number 46303M-dev
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The Sessions page is displayed. Calls can be filtered by Call ID and called/calling number. Click
on Detail once a particular call is selected to display the SIP message trace (not shown).

. - N
AV,It\\/IL\l/ ;u-.-r.-c-_ﬂp:r(‘kc! Call Logs
aufra
Status Summary Logout admin ™ | "Status eI RIGHCM Fvent Cogs | Actions | Services | Keys | Access | | |
Select: View All Sessions
+ Sessions Search
e User Sessions
+ Devices
« SIP Messages . . .
+ H323 Messages Page of 1 showing [30]=] items View: [User Messages [+
+ Accounting Calls
Created Method Result From To CallID
* Monitored URls Detail Session Diagram Disconnect Events
+ Monitored Calls CXC-127-65581690-
« Fil 44da78c1-13cd-
nes 4cd00b16-2a83ac31-
+ Database Archives Heielle
Sessions 12:58:38 782 gf&;grffgrjm'
Tue 2010-11- INVITE  Bye sip:137821@sip.skype.com sip:12024700118@sip.skype.com:5060 cl-tace- Ol

4cd00afe-b5a1av48-

L2 76912160

CXC-127-5c37a950-
d1dd78c1-13cd-
4cd00b1f-bsa226fd-
63139d12@avaya.com

Piadnil Cnrrinn Dinaram Cunmte

9.1. Troubleshooting Tools

The Voice Portal and Session Manager built-in SIP tracing tools or Wireshark can be used to
capture SIP traces. SIP traces can be instrumental in understanding SIP protocol issues resulting
from configuration problems.

10. Conclusion

As illustrated in these Application Notes Avaya Voice Portal R5.1, Avaya Aura® Session Manager
R6, Avaya Aura” Session Border Controller R6 can be configured to interoperate successfully
with Skype Connect™ 2.0. This solution provides PSTN and Skype Client users the ability to
access the Avaya Voice Portal self-service platform hosted on a secure enterprise network through
click-to-call applications over a public SIP trunk using the Skype Connect™ service.

The reference configuration shown in these Application Notes is representative of a basic
enterprise customer configuration and is intended to provide configuration guidance to supplement
other Avaya product documentation.
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11. References
This section references the product documentation relevant to these Application Notes.

Avaya Aura® Session Manager
1) Avaya Aura® Session Manager Overview, Doc ID 03-603323. Available at
http://support.avaya.com.

2) Installing and Upgrading Avaya Aura® Session Manager 6.0, Doc ID 03-603324.
Available at http://support.avaya.com.

3) Installing and Upgrading Avaya Aura® System Manager 6.0. Available at
http://support.avaya.com.

4) Maintaining and Troubleshooting Avaya Aura® Session Manager 6.0, Doc 1D 03-603325,
available at http://support.avaya.com.

5) Avaya Aura® Session Manager Case Studies, dated January 2, 2010. Available at
http://support.avaya.com

Avaya Voice Portal
6) Administering Voice Portal, available at http://support.avaya.com

7) Configuring Avaya Voice Portal with Avaya Communication Manager and Designing a
Sample Speech Application using Dialog Designer — Issue 1.0, available at
http://support.avaya.com

Avaya Aura® Communication Manager
8) Hardware Description and Reference for Avaya Aura® Communication Manager

(COMCODE 555-245-207)
http://support.avaya.com/elmodocs2/comm mer/r4 0/avayadoc/03 300151 6/245207 6/2

45207 6.pdf

9) SIP Support in Avaya Aura® Communication Manager Running on Avaya S8xxx Servers,
Doc ID 555-245-206, May 2009. Available at http://support.avaya.com.

10) Administering Avaya Aura® Communication Manager, Doc ID 03-300509, June 2010.
Available at http://support.avaya.com.

Skype Connect
The Skype product documentation is available at http://www.skype.com/intl/en-us/business/
unless otherwise noted.

11) Skype for SIP product datasheet, Version 2.0, 2010.
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Appendix A
In Section 5.7 the provisioning of a Business User is discussed. The Business User is associated
with a unique Skype Name which can be dialed from the Skype Client application or can be used
in click-to-call applications to access the Avaya Voice Portal self-service platform from an
embedded Skype Button on a webpage or the from the Skype Client application. This section
describes the steps for embedding a Skype Button in HTML code to allow Internet users access to
Avaya Voice Portal.
Go to http://www.skype.com/intl/en-us/tell-a-friend/get-a-skype-button/ . The Get a Skype Button
page is displayed. Enter the Skype Name from Section 5.7 and select a Skype Button.

Get a Skype button

Skype buttons can be used on your website, blog or even in
your email signature to let other people contact you easily.

You can choose from the simple options below, or customise the
colours, functions and styles using our Skype butfons wizard.

Enter your Skype Name

Select a button from below
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Scroll down to the bottom of the page. Copying and pasting the HTML snippet from the text box
into an existing webpage will allow users to access Avaya Voice Portal.

Preview your button Copy & paste this code
Show @ Web HTML © Email HTML
Save this html snippet to your
computer.
<l-=

Skype 'Skype Me™!!' button
http: // waw. skvpe .. com/ oo/ s
kEypebuttons

——>

<script

type="text/javascript"

src="http://download.=skyp
e.com/share/skypebuttons/
js/skypeCheck.js"></scrip

1
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Appendix B
The steps for adding the Business User from Section 5.7 as a new contact in the Skype Client
application are discussed below.

Launch the Skype Client. Click on New.

o T—

| s Skype™ [2] - dublinsil2
Skype Contacts Conversation Call View Tools Help

|3~ dublinsil2 |

Add video or write a message here for your
friends to see.

Personalize -

View account

EI-, New ~ W Search Contacts, Groups and Conversation Tep..

Contacts | Conversations

4 dublinsil1

13,480,424 people online

ﬂ Notifications 4 new
B Call phones

|, Directory

Select New Contact from the drop-down menu.

Em Skype™ [2] - dublinsil2 + |
Skype Contacts Conversaton Call View Tools Help
%4~ dublinsil2 |

Add video or write a message here for your
friends to see.

Search Contacts, Groups and Conversation Top...

| [NewConect] _i

MNew Group Conversation

Import Contacts...
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The Add a contact screen is displayed. Type the Skype Name from Section 5.7 and click Find

then click Add contact.

%S Skype™ - Add a conta

Add a contact

Add a contact

CC.avaya.com

‘-‘h“-ﬂh'

v

TR O

l=l@]

Find

‘You can also add MySpacelM contacts. Enter their MySpaceIM name and dick Find.

Choose the person you're looking for and click 'Add Contact”:

Find people on Skype and add them to your Contact list, Enter their Skype Name, full name or email
address and dick Find.

Full name

Avaya Geek

Skype Mame Country/Region
conf.avaya.com
bal.ses.avaya.com
baz.ses.avaya.com
callcenter.avaya.com
cc.at.avaya.com
conference.avaya.com
ses.avaya.com
Evaya.com
avayageek.com o Denmark
bch.avaya.com

Profile | =

[0
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To access the Avaya Voice Portal self-service platform, under the Contacts tab click on the Skype
Name then on the Call button in the right pane.

Skype Contacts Conversation Call Wiew Tools Help

.av dublinsil2 | Q cc.avaya.com

Add video or write @ message here for your
friends to see,

Search Contacts, Groups and Conversation Top...

Contacts | Conversations

e CC.avaya.com

' conf.avaya.com
1) dublinsil1
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Appendix C
Following is a ladder diagram taken from the Call Log of the Session Border Controller,
displaying a call where Voice Portal uses blind transfer to connect the PSTN caller to an internal
extension as per Section 3.1. Please note that SIP messages between Communication Manager and
Voice Portal are not included.

NNO5-E
153.120.218.68 193.420.221. 220
Teleod 193,120,221 203(eth?) FEX1

153.120.221.236[ethD)
<Timestamp® <Delts®> <Relstive Time>

b INVITE {1 INVITE) ———— 13:53:46.452 0.000 0.000

13:53:46.452 0.000 0.000

b 100 Trying {1 INVITE}

b INVITE {1 INVITE) —————— 13:53:45 455 0.002 0.002

b 100 Trying (1 INVITE} { 12:53:45.457 0.002 0.004

h 183 Session Progress (1 INVITE) 4 13:53:48.538 0.081 0.0B5

b 183 Session Progress (1 INVITE) 13:53:46.535 0.001 0.085

13:53:46.549 0.010 0.096

p—— 200 OK {1 INVITE)

p—— 200 OK {1 INVITE) 13:53:46.550 0.001 0.057

P ACK (1 ACK) — 135345685 0.145 0.242

b ACK (1 ACK) ——————————— 13:53:48.5605 0.000 0.242
p——————— REFER (i REFER}) 4 12:54:20.309 42614 42858
b 202 Acoepted (1 REFER) ——— 13:54:25.210 0.001 42857
b INVITE (1 INVITE) ——————— 12:54:22.312 0.00Z 42853

13:54:29.212 0.001 42.830

b 100 Trying {1 INVITE}

p———— 15D Ringing {1 INVITE) 4 12:34:25.401 0.088 42348

p—— 200 OK {1 INVITE) 4 13:54:31.57F 2574 45522

b— INWVITE {1 INVITE} 4 13:54:31.976 0.001 45523

b MOTIFY {2 NOTIFY) ———+ 13:54:31.577 0.001 45.524

I

p— 200 OK {2 NOTIFY) 4 13:54:31.584 0.007 45531

i

p—————— BYE {2BYE) { 12:54:31.585 0.002 455313

P 20D OK (2BYE) — 13:54:31.986 0.000 45533
b 200 O {1 INVITE) ——— 13:54:32.007 0.021 45554
p————— ACK {1 ACK]) 4 13:54:32.00T7 0.000 45.554

b ACK (1 ACK) ————————— 13:54:32.008 0.001 45.585

[&1]
k.l

]
o
o
=]
- |

¢ BYE {2 BYE) — 13:54:48.120
p—————— 200 OK {2 BYE) 4 13:54:48.120 0.000 &1.877
b BYE {2 BYE) —————————— 13:54:48.120 0.000 &1.67T7

b—— ZD0OK (2 BYE) { 13:54:48.136 0.005 &1.683
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Avaya and the Avaya Logo are trademarks of Avaya Inc. All trademarks identified by ® and ™
are registered trademarks or trademarks, respectively, of Avaya Inc. All other trademarks are the
property of their respective owners. The information provided in these Application Notes is
subject to change without notice. The configurations, technical data, and recommendations
provided in these Application Notes are believed to be accurate and dependable, but are
presented without express or implied warranty. Users are responsible for their application of any
products specified in these Application Notes.

Please e-mail any questions or comments pertaining to these Application Notes along with the
full title name and filename, located in the lower right corner, directly to the Avaya Solution &
Interoperability Test Lab at interoplabnotes@list.avaya.com
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