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Abstract

These Application Notes describe the configuration steps required to integrate the Empirix
Hammer G5 test system with Avaya Aura® Communication Manager and Avaya Aura®
Session Manager using SIP endpoint emulation. Hammer G5 is a test solution for
understanding how IP-based systems will behave in the real world. Hammer G5 can be used
to assess and monitor network performance, reliability and quality of VolP services in an
Avaya IP telephony network. In this configuration, Hammer G5 emulates SIP endpoints that
register with Avaya Aura® Session Manager and originates and terminates calls through
Avaya SIP telephony network. While the call is active, Hammer G5 can send DTMF tones
and voice media, and provide voice quality metrics. Call progress can also be monitored, and
at the completion of the test, test reports can be generated. The Hammer G5 provides a
collection of applications used to configure the system; create, schedule, and monitor tests; and
create reports.

Information in these Application Notes has been obtained through DevConnect compliance
testing and additional technical discussions. Testing was conducted via the DevConnect
Program at the Avaya Solution and Interoperability Test Lab.
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1 Introduction

These Application Notes describe the configuration steps required to integrate the Empirix
Hammer G5 test system with Avaya Aura® Communication Manager and Avaya Aura® Session
Manager using SIP endpoint emulation. Hammer G5 is a test solution for understanding how IP-
based systems will behave in the real world. Hammer G5 can be used to assess and monitor
network performance, reliability and quality of VVoIP services in an Avaya IP telephony network.
In this configuration, Hammer G5 emulates SIP endpoints that register with Avaya Aura®
Session Manager and originates and terminates calls through Avaya SIP telephony network.
While the call is active, Hammer G5 can send DTMF tones and voice media, and provide voice
quality metrics. Call progress can also be monitored, and at the completion of the test, test
reports can be generated. The Hammer G5 provides a collection of applications used to
configure the system; create, schedule, and monitor tests; and create reports.

The following set of Hammer G5 applications were used during the compliance testing:

= Hammer Configurator used to configure and manage the system.

= Hammer TestBuilder used to create and run test scripts.

= Hammer System Monitor used to monitor SIP registration status and call progress.

=  Hammer Call Summary Monitor used to monitor call completion and to create reports.

Below is a list of related Application Notes.

= Application Notes for Empirix Hammer G5 with Avaya Aura® Communication Manager
and Avaya Aura® Session Manager using SIP Trunk Emulation [3]

= Application Notes for Empirix Hammer G5 with Avaya Aura® Communication Manager
using H.323 Endpoint Emulation [4]

= Application Notes for Empirix Hammer G5 with Avaya Aura® Communication Manager
using H.323 Trunk Emulation [5]

2 General Test Approach and Test Results

DevConnect Compliance Testing is conducted jointly by Avaya and DevConnect members. The
jointly-defined test plan focuses on exercising APIs and/or standards-based interfaces pertinent
to the interoperability of the tested products and their functionalities. DevConnect Compliance
Testing is not intended to substitute full product performance or feature testing performed by
DevConnect members, nor is it to be construed as an endorsement by Avaya of the suitability or
completeness of a DevConnect member’s solution.

Interoperability compliance testing covered feature and serviceability testing. The feature testing
was conducted by originating and terminating calls using SIP endpoint channels on Hammer G5
and establishing the calls through the Avaya SIP telephony network.

The compliance test also covered monitoring various reports on the Hammer G5 during and after

the test runs, and checking the status of various SIP resources on Communication Manager.
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The serviceability testing focused on verifying the ability of the Hammer G5 to recover from
adverse conditions, such as disconnecting the Ethernet cable and rebooting the server..

2.1 Interoperability Compliance Testing

The interoperability compliance testing focused on verifying that the Hammer G5 can register
with Avaya Aura® Session Manager as SIP endpoints, establish calls, send voice media, and
provide voice quality metrics. The following features and functionality were covered:

SIP endpoint registration with Avaya Aura® Session Manager.

Originating and terminating calls through Avaya SIP telephony network.

Support of G.711mu-law and G.729 codecs.

Support of direct IP-to-IP media (also known as “Shuffling” which allows IP endpoints to
send audio RTP packets directly to each other without using media resources on the
Avaya Media Gateway). Calls with Shuffling and IP Audio Hairpinning disabled were
also verified.

= Generating voice quality metrics with Shuffling disabled.

=  DTMF support.

= Originating calls from SIP endpoints and terminating calls on SIP endpoints, SIP trunks,
H.323 endpoints, and H.323 trunks.

Note: Performance and load testing was not the focus of the compliance test.

2.2 Test Results

All test cases passed. Empirix Hammer G5 was successful in originating calls using SIP
endpoint emulation and terminating calls on channels emulating SIP endpoints, H.323 endpoints,
H.323 trunks, and SIP trunks.

Note: Communication Manager does not shuffle calls between a SIP trunk and a H.323 trunk.
This is per design. If the originating endpoint on the Hammer G5 is a SIP endpoint, note that the
call arrives on Communication Manager via a SIP trunk. Therefore, a call from a SIP endpoint
to a H.323 trunk is essentially a call from a SIP trunk to a H.323 trunk and the call is not
shuffled.

2.3 Support
Technical support on the Empirix Hammer G5 can be obtained via phone, website, or email.

= Phone: (781) 266-3202
= Web: http://www.empirix.com/support/maintenance.asp
= Email: support@support.com
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3 Reference Configuration

The network diagram shown in Figure 1 illustrates the test configuration. In this configuration,
Session Manager receives calls from the Hammer G5, which emulates SIP endpoints. The call is
routed through the Avaya SIP telephony network. The call is eventually routed back to the
Hammer G5 where it is terminated. While the call is established, the Hammer G5 sends voice
media (i.e., RTP traffic) using an audio recording. This allows voice quality metrics to be
provided at the end of each call. The Hammer G5 applications running on the Hammer G5
server were used to configure the system, create and monitor the tests, and view the test reports.
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Figure 1: Empirix Hammer G5 with Avaya SIP Telephony Network
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4 Equipment and Software Validated
The following equipment and software were used for the sample configuration provided:

Equipment Software
Avaya Aura® Communication Manager running | 6.2 SP 3
on S8300 Server with G450 Media Gateway (R016x.02.0.823.0 with Patch 19926)
Avaya Aura® Session Manager 6.2 (6.2.3.0.623006)
6.2.0SP 3
Avaya Aura® System Manager (Build No. 6.2.0.0.15669-6.2.12.307)

(System Update Revision No: 6.2.15.1.1959)

Empirix Hammer G5 running on Microsoft
Windows Server 2003 with 2 GHz Intel Xeon 1.7.2.281
CPU and 4 GB of RAM
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5 Configure Avaya Aura® Communication Manager

This section provides the procedures for configuring Communication Manager. The procedures
include the following areas:

= Administer IP Node Names

= Administer IP Codec Set

= Administer IP Network Region

= Administer SIP Trunk Group to Session Manager
= Administer SIP Stations

= Administer AAR Call Routing

Communication Manager is configured through the System Access Terminal (SAT).

5.1 Administer IP Node Names

In the IP Node Names form, assign an IP address and host name for the S8300 Server in the
G450 Media Gateway (procr) and Session Manager (Iz-asm). The host names will be used in
other configuration screens of Communication Manager.

change node-names ip Page 1 of 2
IP NODE NAMES
Name IP Address
default 0.0.0.0
devconl3 10.32.24.20
lz-asm 192.168.100.235
procr 192.168.100.10
procrb6 H
(5 of 5 administered node-names were displayed )

Use 'list node-names' command to see all the administered node-names
Use 'change node-names ip xxx' to change a node-name 'xxx' or add a node-name

5.2 Administer IP Codec Set

In the IP Codec Set form, specify the audio codec(s) required by the test that will be run on the
Hammer G5. The form is accessed via the change ip-codec-set 1 command. Note the codec set
number since it will be used in the IP Network Region covered in the next section. For the
compliance test, G.711MU, G.729AB, and G.729A codecs were used. In the IP codec set form,
specify the appropriate codec being used by the Hammer test. Below is the IP codec set
configured for G.711 mu-law.

change ip-codec-set 1 Page 1 of 2

IP Codec Set
Codec Set: 1

Audio Silence Frames Packet
Codec Suppression Per Pkt Size (ms)
1: G.711MU n 2 20
2:
3:
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5.3 Administer IP Network Region

In the IP Network Region form, specify the codec set to be used for Hammer calls and specify
whether IP-1P Direct Audio (Shuffling) is required for the test. Shuffling allows audio traffic to
be sent directly between IP endpoints without using media resources in the Avaya G450 Media
Gateway. Note that if Shuffling is enabled, audio traffic does not egress the Hammer G5 since
the calls would be shuffled. The Authoritative Domain for this configuration is devcon.com.

change ip-network-region 1 Page 1 of 20
IP NETWORK REGION
Region: 1

Location: 1 Authoritative Domain: devcon.com

Name:
MEDIA PARAMETERS Intra-region IP-IP Direct Audio: no

Codec Set: 1 Inter-region IP-IP Direct Audio: no
UDP Port Min: 2048 IP Audio Hairpinning? y

UDP Port Max: 65535
DIFFSERV/TOS PARAMETERS
Call Control PHB Value: 46
Audio PHB Value: 46
Video PHB Value: 26
802.1P/Q PARAMETERS
Call Control 802.l1p Priority: 6
Audio 802.l1p Priority: 6
Video 802.1p Priority: 5 AUDIO RESOURCE RESERVATION PARAMETERS
H.323 IP ENDPOINTS RSVP Enabled? n
H.323 Link Bounce Recovery? y
Idle Traffic Interval (sec): 20
Keep-Alive Interval (sec): 5
Keep-Alive Count: 5
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5.4 Administer SIP Trunk to Session Manager

Prior to configuring a SIP trunk group for communication with Session Manager, a SIP signaling
group must be configured. Configure the Signaling Group form as follows:

= Set the Group Type field to sip.

= Set the IMS Enabled field to n.

= The Transport Method field was set to tcp.

= Specify the S8300 and the Session Manager as the two ends of the signaling group in the
Near-end Node Name field and the Far-end Node Name field, respectively. These
field values are taken from the IP Node Names form.

= Ensure that the TCP port value of 5060 is configured in the Near-end Listen Port and
the Far-end Listen Port fields.

= The preferred codec for the call will be selected from the IP codec set assigned to the IP
network region specified in the Far-end Network Region field.

= Enter the domain name of Session Manager in the Far-end Domain field. In this
configuration, the domain name is devcon.com.

= The Direct IP-IP Audio Connections field was enabled on this form.

= The DTMF over IP field should be set to the default value of rtp-payload.

= Disable Initial IP-IP Direct Media.

Communication Manager supports DTMF transmission using RFC 2833. The default values for
the other fields may be used.

add signaling-group 60 Page 1 of 2
SIGNALING GROUP

Group Number: 60 Group Type: sip
IMS Enabled? n Transport Method: tcp
Q-SIP? n
IP Video? n Enforce SIPS URI for SRTP? vy

Peer Detection Enabled? y Peer Server: SM

Near-end Node Name: procr Far-end Node Name: lz-asm
Near-end Listen Port: 5060 Far-end Listen Port: 5060
Far-end Network Region: 1

Far-end Domain: devcon.com

Bypass If IP Threshold Exceeded? n

Incoming Dialog Loopbacks: eliminate RFC 3389 Comfort Noise? n

DTMF over IP: rtp-payload Direct IP-IP Audio Connections? y

Session Establishment Timer (min): 3 IP Audio Hairpinning? n

Enable Layer 3 Test? y Initial IP-IP Direct Media®? n

H.323 Station Outgoing Direct Media? n Alternate Route Timer (sec): 6
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Configure the Trunk Group form as shown below. This trunk group is used for SIP calls to
Hammer G5. Set the Group Type field to sip, set the Service Type field to tie, specify the
signaling group associated with this trunk group in the Signaling Group field, and specify the
Number of Members supported by this SIP trunk group. Configure the other fields in bold and
accept the default values for the remaining fields.

add trunk-group 60 Page 1 of 21
TRUNK GROUP

Group Number: 60 Group Type: sip CDR Reports: y
Group Name: To lz-asm COR: 1 TN: 1 TAC: 1060
Direction: two-way Outgoing Display? n
Dial Access? n Night Service:
Queue Length: O
Service Type: tie Auth Code? n

Member Assignment Method: auto
Signaling Group: 60
Number of Members: 40

5.5 Administer SIP Stations

Configure a SIP station for each SIP channel on the Hammer G5. Set the Type field to either
9620SIP or 9630SIP. Set the Port field to IP and configure a descriptive Name. For the
compliance test, 20 SIP stations were used with extensions ranging from 46101 to 46120. The
first group of 10 channels (extensions 46101 to 46110) were used to originate calls. The calls
were then terminated on the remaining 10 channels (extensions 46111 to 46120). Repeat this
procedure for each channel required by the Hammer test. The SIP station can also be configured
automatically by System Manager as described in Section 6.7.

add station 46101 Page 1 of 6
STATION
Extension: 46101 Lock Messages? n BCC: O
Type: 9620SIP Security Code: TN: 1
Port: IP Coverage Path 1: COR: 1
Name: Hammer, SIP Coverage Path 2: CoS: 1

Hunt-to Station:
STATION OPTIONS
Time of Day Lock Table:
Loss Group: 19
Message Lamp Ext: 46101

Display Language: english

Survivable COR: internal
Survivable Trunk Dest? y IP SoftPhone? n

IP Video? n
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Configure the Stations with Off-PBX Telephone Integration form so that calls destined for a
SIP endpoint on the Hammer G5 are routed to Session Manager, which will then route the call to
the Hammer G5. On this form, specify the extension of the SIP endpoint and set the
Application field to OPS. The Phone Number field is set to the digits to be sent over the SIP
trunk. In this case, the SIP telephone extensions configured on Session Manager also match the
extensions of the corresponding stations on Communication Manager. However, this is not a
requirement. Finally, the Trunk Selection field is set to aar. This field specifies Auto Alternate
Routing (AAR) routing. In this case, the Trunk Selection field would be set to aar to trigger
AAR routing. Configuration of the AAR Analysis and Route Pattern forms would also be
required. Refer to Error! Reference source not found. for information on routing calls using
AAR or ARS. Repeat this step for each SIP endpoint required on the Hammer G5 (e.g.,
extensions 46101 to 46120).

change off-pbx-telephone station-mapping 46101 Page 1 of 3
STATIONS WITH OFF-PBX TELEPHONE INTEGRATION

Station Application Dial CC Phone Number Trunk Config Dual
Extension Prefix Selection Set Mode
46101 OPS = 46101 aar 1

5.6 AAR Call Routing

SIP calls to Session Manager are routed over a SIP trunk via AAR call routing. Configure the
AAR analysis form and enter add an entry that routes digits beginning with “46” to route pattern
60 as shown below.

change aar analysis 4 Page 1 of 2
AAR DIGIT ANALYSIS TABLE
Location: all Percent Full: 2
Dialed Total Route Call Node ANI
String Min Max Pattern Type Num Reqgd
46 5 5 60 aar n
5 7 7 254 aar n
6 5 5 2 aar n
7 5 5 3 aar n

Configure a preference in Route Pattern 60 to route calls over SIP trunk group 60 as shown
below.

change route-pattern 60 Page 1 of 3
Pattern Number: 60 Pattern Name: To lz-asm
SCCAN? n Secure SIP? n
Grp FRL NPA Pfx Hop Toll No. Inserted DCS/ IXC
No Mrk Lmt List Del Digits QSIG
Dgts Intw
1: 60 0 n user
28 n user
3: n user
4: n user
OF n user
6: n user
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6 Configure Avaya Aura® Session Manager

This section provides the procedures for configuring Session Manager. The procedures include
adding the following items:

= SIP domain

= Logical/physical Locations that can be occupied by SIP Entities

= SIP Entities corresponding to Session Manager and Communication Manager

= Entity Links, which define the SIP trunk parameters used by Session Manager when
routing calls to/from SIP Entities

= Application Sequence

= Define Communication Manager as Administrable Entity (i.e., Managed Element)

= Add SIP Users

= Session Manager, corresponding to the Avaya Aura® Session Manager Server to be
managed by Avaya Aura® System Manager

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

6.1 Specify SIP Domain

Add the SIP domain for which the communications infrastructure will be authoritative. Do this
by selecting Domains on the left and clicking the New button on the right. The following screen
will then be shown. Fill in the following:

= Name: The authoritative domain name (e.g., devcon.com)
= Notes: Descriptive text (optional).

Click Commit (not shown).

Since the sample configuration does not deal with any other domains, no additional domains
need to be added.

Last Logged on at January 28, 2013 10:49 AM
AVAyA Avaya Aura System Manager 6.2 Help | 2haut | Change Passward | ;ng.nff
adamin
Routing *| Home
Routing il Home / Elements / Routing / Domains
Domains Help 2
) Domain Management
Locations
SIP Entities
Entity Links 2 Items | Refresh Filter: Enable
D LRETES I | Name Type Default Notes
Routing Policies 0 deveon.com sip 0
Dial Patterns
Select ; all, Mone
Regular Expressions
Defaults
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6.2 Add Locations

Locations can be used to identify logical and/or physical locations where SIP Entities reside for
purposes of bandwidth management. To add a location, select Locations on the left and click on
the New button (not shown) on the right. The following screen will then be shown. Fill in the
following:

Under General:
= Name: A descriptive name.
= Notes: Descriptive text (optional).

The screen below shows addition of the Lincroft location, which includes the Avaya Aura®
Communication Manager and Avaya Aura® Session Manager.

@ Last Logged on at January 28, 2013 10:49 AM
AV‘ \yA Avaya Aura S\/Stem Ma nager 6.2 Help | About | Change Password | Log off admin
Routing * Home
Routing M Home / Elements / Routing / Locations
Domains Help 7
Locations Lacation Details

Adaptations

. General
SIP Entities

. . * Name: |Lincroft
Entity Links

Time Ranges Notes: |DevConnect Metwork
Routing Policies

Dial Patterns Overall Managed Bandwidth

Regular Expressions Managed Bandwidth Units: | Khit/sec
Defaults Total Bandwidth:
Multimedia Bandwidth:

Audio Calls Can Take Multimedia

Bandwidth:
Under Location Pattern:
= [P Address Pattern: A pattern used to logically identify the location.
= Notes: Descriptive text (optional).

Click Commit to save the Location definition.

Location Pattern

1 Item | Refresh Filter: Enable
] IP Address Pattern Notes
O *|19z.165.100.%* devconld {CMY and lz-asm {SM)

Select : 2ll, None

* Input Required
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6.3 Add SIP Entities

In the sample configuration, a SIP Entity is added for Session Manager and the S8300 Server in
the G450 Media Gateway.

6.3.1 Avaya Aura® Session Manager

A SIP Entity must be added for Session Manager. To add a SIP Entity, select SIP Entities on the
left and click on the New button (not shown) on the right. The following screen is displayed.

Fill in the following:

Under General:

Name: A descriptive name.
FQDN or IP Address: IP address of the signaling interface on Session Manager.
Type: Select Session Manager.
= Location: Select one of the locations defined previously.
= Time Zone: Time zone for this location.
AVAyA Avaya Aura® System Manager 6.2 el | AbbCE | Chonas Paseword | Log off admin
Routing * Home
Routing ‘
Domains Help 2
Locations SIP Entity Details
Adaptations General
SIP Entities * Name: |lz-asm
Entity Links * FQDN or IP Address: |132.168.100.235
Time Ranges Type: | Session Manager
Routing Policies Notes:
Dial Patterns
Regular Expressions Location: |Lincroft %
Defaults Outhound Proxy: g
Time Zone: |America/Mew_York -
Credential name:
SIP Link Monitoring
SIP Link Monitoring: | Use Session Manager Configuration [+
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Under Port, click Add, and then edit the fields in the resulting new row as shown below:

= Port: Port number on which the system listens for SIP
requests.

= Protocol: Transport protocol to be used to send SIP requests.

= Default Domain The domain used for the enterprise (e.qg.,

devcon.com).

Defaults can be used for the remaining fields. Click Commit (not shown) to save the SIP Entity
definition.

Port
TCP Failover port:
TLS Failover port:

3 Items  Refresh

Filter: Enable
] Port Protocol Default Domain Notes
[J |soed TCP devoon.com ¥
I:D 5060 UDP » dewcon.com W :]
O 5061 TLE w devcon.com R
Select : all, Mone
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6.3.2 Avaya Aura® Communication Manager

A SIP Entity must be added for the Communication Manager. To add a SIP Entity, select SIP
Entities on the left and click on the New button on the right. The following screen is displayed.
Fill in the following:

Under General:

= Name: A descriptive name.

= FQDN or IP Address: IP address of the signaling interface (e.g., S8300 Server)
on the telephony system.

= Type: Select CM.

= Location: Select one of the locations defined previously.

= Time Zone: Time zone for this location.

Defaults can be used for the remaining fields. Click Commit to save each SIP Entity definition.

@ Last Logged on at January 28, 2013 10:45 AM
AVAyA A\/aya Aura System Ma nager 6.2 Help | About | Change Password | Log off admin
Routing * Home

Domains Help 7

Locations SIP Entity Details

Adaptations General

SIP Entities * Name: |devconld

(Eoifisy (It * FQDN or [P Address: [192.168,100.10

Time Ranges Type: [CM

Routing Policies Notes:

Dial Patterns

Regular Expressions adaptation: v

Defaults Location: |Lincroft

Time Zone: |AmericafMNew_ork e
Override Port & Transport with DNS SRY: []
* SIP Timer B/F (in seconds): |4
Credential name:
Call Detail Recording: [none %
SIP Link Monitoring
SIP Link Monitoring: | Use Session Manager Configuration (%
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6.4 Add Entity Link

The SIP trunk from Session Manager to Communication Manager is described by an Entity link.
To add an Entity Link, select Entity Links on the left and click on the New button (not shown)
on the right. Fill in the following fields in the new row that is displayed:

= Name: A descriptive name (e.g., Iz-asm to devconl14).

= SIP Entity 1: Select the Session Manager.

= Protocol: Select the appropriate protocol.

= Port: Port number to which the other system sends SIP
requests.

= SIP Entity 2: Select the name of Communication Manager.

= Port: Port number on which the other system receives
SIP requests.

= Connection Policy: Select Trusted. Note: If Trusted is not selected,

calls from the associated SIP Entity specified in
Section 6.3.2 will be denied.

Click Commit to save the Entity Link definition.

® Last Logged on at January 28, 2013 10:49 4M
AVAyA AVaya Au ra S\/Stem Manager 6 . 2 Help | bout | Change Password | Log off admin
Routing *| Home
Routing 'iliHome / Elements / Routing / Entity Links
Domains Help 7
Locations Entity Links
Adaptations
SIP Entities
Entity Links 1 Item | Refresh Filter: Enahle
U2 Hemges Name SIP Entity 1 Protocol | Port SIP Entity 2 Port E"g";ﬁ?‘:“" Notes
Routing Policies
* |lz-asm to devoonid *|lz-asm ¥ TCP % * |5060 * | dewconld ~| o+ 5060 Trusted v
Dial Patterns
Regular Expressions
Defaults * Input Required
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6.5 Define Communication Manager as Managed Element

Before adding SIP users, Communication Manager must be added to System Manager as a
managed element. This action allows System Manager to access Communication Manager over
its administration interface. Using this administration interface, System Manager will notify
Communication Manager when new SIP users are added.

To define Communication Manager as a managed element, select

Elements—> Inventory->Manage Elements on the left and click on the New button (not shown)
on the right. In the Application Type field that is displayed, select CM.

In the New CM Instance screen, fill in the following fields as follows:

Under Application:

= Name: Enter an identifier for Communication Manager.
= Type: Select Communication Manager from the drop-down field.
= Node: Enter the IP address of the administration interface for

Communication Manager.

Defaults can be used for the remaining fields.

o) Last Logged on at January 28, 2013 10:49 AM
AVAyA AVaya Aura System Ma nager 6.2 Help | 4bout | Change Password | Log off admin
Inventory *| Session Manager *  Home
Inventory L Home / Elements / Inventory / Manage Elements
Manage Elements Help 2
Upgrade Management - - - -
Edit Communication Manager: devconl4
Collected Inventory
Manage Serviceability
Agents General 55 Attributes <2
Inventory Management
Synchronization General =
CS 1000 and CallPilot * Name |devconld

Synchronization P
v * Type | Communication Manager

Description

* Node 192 .168.100.10

Access Point ®
Port ®
*Required
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Under Attributes:

= Login/Password: Enter the login and password used for administration
access.

= |s SSH Connection: Enable SSH access.

= Port: Enter the port number for SSH administration access

(5022).

Click Commit to save the settings.

B Last Logged on at January 28, 2013 10:49 AM
AVAyA Avaya Aura® System Manager 6.2 Help | About | Chanoe Password | Log off admin
Inventory * Session Manager X Home
Inventory [l Home / Elements / Inventory / Manage Elements
Manage Elements Help 2

1] de M t = - .
parace HManagemen Edit Communication Manager: devconi4d

Collected Inventory

Manage Serviceability

Inventory Management
CNMD Al hac
Synchronization SHNMP Attributes =

CS 1000 and CallPilot * yersion ®pnone Ov1 Ovz
Synchronization

Attributes =

* Login jessses
Password eesess
Confirm Password |esssse
Is 88H Connection
# port 5022
Alternate IP Address
RSA SSH Fingerprint (Primary IP)

RSA S$SH Fingerprint (Alternate IP)

Is ASG Enabled []
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6.6 Add Application Sequence

To define an application for Communication Manager, navigate to Elements - Session
Manager = Application Configuration = Applications on the left and select New button (not
shown) on the right. Fill in the following fields:

= Name:

= SIP Entity:

Enter name for application.
Select the Communication Manager SIP entity.

= CM System for SIP Entity  Select the Communication Manager managed element.

Click Commit to save the Application definition.

AVAYA

Session Manager

Avaya Aura® System Manager 6.2

Last Logged on at January 28, 2013 10:49 AM
Help | About | Change Password | Log off admin

Session Manager *| Home

i Home / Elements / Session Manager / Application Configuration / Applications

Dashboard Help 2
Session Manager - - -
o Application Editor
Administration
Communication Profile
Editor Application
MNetwork Configuration *Name devoonld
Device and Location )
*SIP Entity | devconld v
Configuration
*#*CM System View/Add
Application for SIP devconla v ™
Configuration Entity Systems
Applications Description
Application Application Attributes (optional)
Sequences
Conference Factories Name value
Implicit Users Application Handle
URI Parameters
MRS Proxy Users
Syst Stats . - . N
LALEID Sty Application Media Attributes
System Tools
Bertarmance Enable Media Filtering []
Audio ¥ideo Text Match Type If SDP Missing
TES YES TES HOT_EXACT ALLOW
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Next, define the Application Sequence for Communication Manager as shown below.

Verify a new entry is added to the Applications in this Sequence table and the Mandatory
column is ¥l as shown below.

Note: The Application Sequence defined for Communication Manager Evolution Server can
only contain a single Application.

AVAYA

Session Manager
Dashboard
Session Manager
Administration
Communication Profile
Editor
Metwork Configuration
Device and Location
Configuration
Application
Configuration
Applications
Application
Sequences
Conference Factories
Implicit Users
NRS Proxy Users
System Status

System Tools

Avaya Aura® System Manager 6.2

Application Sequence Editor

Application Sequence

*Name devconl4

Description

Applications in this Sequence

1 Item
Sequence

" | order (first to Name
last)

O a = x devconl4

Select : All, None

Available Applications

SIP Entity

deveconld

Last Logged on at January 26, 2013 10:49 AM

Help | About | Change Password | Log off admin

i Home / Elements / Session Manager / Application Configuration / Application Sequences

Mandatory

Session Manager *| Home

Help ?

Description

Performance
3 Items  Refresh Filter: Enable
Name SIP Entity Description
+ devconid devoonld
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6.7 Add SIP Users

Add a SIP user for each SIP endpoint channel on Hammer G5 as defined in Section 5.5.
Alternatively, use the option to automatically generate the SIP stations on Communication
Manager Evolution Server when adding a new SIP user.

To add new SIP users, expand Users and select Manage Users from left and select New button
(not shown) on the right.

Enter values for the following required attributes for a new SIP user in the Identity section of the
new user form.

Enter the last name of the user.

Enter the first name of the user.

Enter <extension>@<sip domain> of the
user (e.g., 46101@devcon.com).

Select Basic.

Enter the password which will be used to
log into System Manager

Re-enter the password from above.

= | ast Name:
=  First Name:
= Login Name:

= Authentication Type:
= Password:

=  Confirm Password:

The screen below shows the information when adding a new SIP user to the sample
configuration.

Last Logged on at January 28, 2013 3:00 PM
Help | &bout | Change Password | Log off admin

Avaya Aura® System Manager 6.2

AVAYA

User Management ®| Home

[l Home / Users / User Management / Manage Users

Manage Users Help

User Management

Public Contacts [ Commit & Continue I [ Cummit] I Cancel ]

New User Profile

Shared Addresses

System Presence ACLs

*

Identity 5 Communication Profile Membership Contacts

Identity =

* Last Name:
* First Name:

Middle Name:

Description:

* Login Name:

* Authentication Type:
#* Password:

* Gonfirm Password:
Localized Display Name:

Endpoint Display Name:

Hammer

SIP

46101 @devcon. com
Basic =
LAl L Ll Ll
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Select the Communication Profile tab and configure the following fields:

= Communication Profile Password: Enter the password which will used by
Hammer G5 to log into Session Manager.
= Confirm Password: Re-enter the password from above.
AVAyA Avaya Aura® System Manager 6.2 el | Aot | Change Pasewerd | Log off admin.

User Management * Home

User Management [WllHome / Users / User Management / Manage Users

Manage Users Help ?

Public Contacts New User Profile [Commlt&CDntlnue] [Comrmt] [Cance\]

Identity *_ Membership Gontacts

Communication Profile =

Shared Addresses

System Presence ACLs

GCommunication Profile Password: sessss

Confirm Password: (ssssss
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Click New to define a Communication Address for the new SIP user. Enter values for the
following required fields:

Select Avaya SIP.
Enter extension number and select SIP domain.

= Type:
= Fully Qualified Address:

The screen below shows the information when adding a new SIP user to the sample
configuration. Click Add.

Communication Address =

Type Handle Domain
Mo Records found

Type: Avaya SIP b
# Fully Qualified Address: 45101 @

In the Session Manager Profile section, specify the Session Manager entity from Section 6.3.1
for Primary Session Manager and assign the Application Sequence defined in Section 6.6 to
both the originating and terminating sequence fields. Set the Home Location field to the
Location configured in Section 6.2.

Session Manager Profile =
. . Primary  Secondary = Maximum
* Primary Session Manager |lz-asm %
23 0 23
. Primary Secondary Maxzimum
Secondary Session Manager | {(None)
Origination Application devioonid v
Sequence
Termination Application devoonld v
Sequence
Conference Factory Set | (None) v
Survivability Server | {None) b
* Home Location |Lincroft
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In the CM Endpoint Profile section, fill in the following fields:

= System: Select the managed element corresponding to
Communication Manager.

= Profile Type: Select Endpoint.

= Use Existing Stations: If field is not selected, the station will automatically be
added in Communication Manager.

= Extension: Enter extension number of SIP user.

= Template: Select template for 9620 or 9630 SIP phone.

= Port: Enter IP.

= Delete Ednpoint on
Unassign of Endpoint
From User or on Delete
User: Enable field to automatically delete station when Station
Profile is un-assigned from user.

The screen below shows the information when adding a new SIP user to the sample
configuration. Click Commit (not shown) to add the SIP user.

CM Endpoint Profile =
* System |devconld v
#* Profile Type Endpoint +

Use Existing Endpoints []

* Extension Q@ 45101 Endpoint Editor

#* Template |DEFAULT_9520SIP_CM_6_2 hd
Set Type S5205IF
Security Code
# port Q1P
Yoice Mail Number

Preferred Handle | {Mone) v

Delete Endpoint on Unassign of
Endpoint from User or on Delete v
User.

Override Endpoint Name
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6.8 Add Session Manager

To complete the configuration, adding the Session Manager will provide the linkage between
System Manager and Session Manager. Expand the Session Manager menu on the left and
select Session Manager Administration. Then click Add (not shown), and fill in the fields as
described below and shown in the following screen:

Under ldentity:

= SIP Entity Name: Select the name of the SIP Entity added for
Session Manager
= Description: Descriptive comment (optional)

= Management Access Point Host Name/IP:
Enter the IP address of the Session Manager
management interface.
Under Security Module:

= Network Mask: Enter the network mask corresponding to the IP
address of Session Manager
= Default Gateway: Enter the IP address of the default gateway for

Session Manager

Use default values for the remaining fields. Click Commit to add this Session Manager.

Last Logged on &t January 28, 2013 10:49 AM

AVAyA Avaya AU I‘a® System Ma I‘lagel‘ 6 . 2 Help | about | Change Passwaord | Log off admin

Session Manager * Home

Session Manager fllHome / Elements / Session Manager / Session Manager Administration
Dashboard Help ?

Edit Session Manager

Session Manager
Administration

Communication Profile
General | Security Module | NIC Bonding | Monitoring | COR | Personal Profile Manager (PPM) - Connection Settings | Event Server |

Editor Expand all | Collapse all
MNetwork Configuration

. . General =
Device and Location
Configuration SIP Entity Name |z-asm
Application Description
Configuration *Management Access Point Host Name/IP [192,168,100.233
System Status
System Tools Direct Routing to Endpoints |Enable '+
performance ¥Mware Virtual Machine [

Security Module ®
SIP Entity IP Address 192,165,100.235
*Network Mask |255.255.255.0
*Default Gateway 192.1658.100.1
*Call Control PHB |46

*QOS Priority |6

*Speed & Duplex |Auto v
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7 Configure Empirix Hammer G5

This section provides the procedures for configuring the Empirix Hammer G5. The procedures
fall into the following areas:

= Assign IP addresses to each Hammer G5 channel.

= Configure the system, including the originating and terminating channels and the phone
book, using the Hammer Configurator.

= Save and apply the Hammer configuration and start the Hammer server.

= Create and run the test script using the Hammer TestBuilder.

7.1 Configure IP Addresses on Hammer G5 Server

The Hammer G5 server needs to be configured with IP addresses for each channel. During the
compliance test, 20 SIP endpoint channels were used. 10 channels were used to originate calls
and 10 channels were used to terminate calls. This requires a block of 20 IP addresses, which
must be contiguous. The 20 IP addresses used were from 192.168.100.171 to 192.168.100.190.
These IP addresses are configured in the Advanced TCP/IP Settings under Network
Connections (not shown) in Windows Server 2003.

Advanced TCP/IP Settings ed |
IP Settings |DNS | wins | options |
IP addresses
IP address | Subnet mask il
192,165.100.172 255.255.255.0 -
192,168.100.1865 255,255.255.0 -
7 T T | ¥
add... | Edit... | Remove |
Default gateways:
Gateway | Mekric |
192.165.100.1 Aukamatic
add. .. | Edit. .. Remove |
—I¥ Autornatic metric
Interface metric: I
(a4 I Cancel
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7.2 Configure System

This section covers the configuration of originating and terminating channels and the PhoneBook
on Hammer G5. In this configuration, the originating channels emulate SIP endpoints (described
in Section 6.7). The terminating channels can emulate SIP endpoints, SIP trunks or H.323
endpoints. These Application Notes will explicitly describe the configuration for terminating
calls to SIP endpoints in Section 7.2.2.1. In addition, it will provide references to other
Application Notes for configuring terminating channels as SIP trunks or H.323 endpoints in
Sections 7.2.2.2 and 7.2.2.3, respectively. Only one of those sections needs to be followed
depending on the configuration desired.

7.2.1 Configure Originating Channels — SIP Endpoints

The Empirix Hammer G5 is configured through the Hammer Configurator, a graphical user
interface, residing on the Hammer G5 server. From the Hammer G5 server, run the Hammer
Configurator. The following screen is displayed.

Note: It is assumed that Hammer G5 is already in Master Controller Mode. To verify, check
that the title bar of the Hammer Configurator indicates Master Controller Mode Enabled as
shown below. It is also assumed that a system was already added to the configuration. In this
configuration, the system name is H8678, which corresponds to the server name.

In the Hammer Configurator, the server name will appear in the left pane of the Hammer
Configurator. Expand the server name (e.g., H8678) in the left pane and click on IP Channels
Configuration. The following window will be displayed. Select Avaya_SIP for the Signaling
Project and then click New.

~+*Hammer Configurator - H8678 - Master Controller Mode Enabled - [current / unapphed] - |EI|1|
File Edit Wew Protocols TestBuilder mpplications Help

: — [
LEESP LS SIS EHEAR T
E@ Hammer Configurator Sighaling Project: | &wapa_5SIP vl New | |mp0rl| Deletel CIealAIII Spply | Dpenl Save | Help |

@ Fammer P Servers Channel Rangs  |Avaya H3z3 ~ lanaling Project | Audio Codec |

o] %F Harmmer G5 Servers

&P hdvanced Settings BICC
E@ Hae7s Cizco Skinng

Clear Channel hd

@ 1P Channels Configur:
Speech Rec Configur:
@ Signaling Server Conf
Wersion and License I
-4 Hammer MxT Servers

L. Corfigure Global
. Speech Rec Servers

B Yoice Quality Servers

Signaling | Media I Signaling F'le\riewl Media F'reviewl

Q | Mame | Walue | Incrementer | Step |
l L r [ ]
Launches the Test Profiler application l_ W v
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The first line in the grid that is highlighted in the figure below corresponds to the 10 originating
channels. To set the number of channels in the group, click on the Channel Range cell in the
grid and enter the number 10. The following fields in the Signaling tab should be set as follows:

State Machine should be set to Avaya SIP Station.

Station Extension should be set to the first extension in the group (e.g., 46101) and the
Incrementer and Step fields should be set as shown so that the extension of the
subsequent channels are incremented by one. This covers extensions from 46101 to
46110.

Display Name may be set to the first extension in the group (e.g., 46101) and the
Incrementer and Step fields should be set as shown so that the extension of the
subsequent channels are incremented by one. This covers extensions from 46101 to
46110.

Network Connection should be set to the appropriate network interface.

Phone IP should be set to the IP address of the first channel in the group and the
Incrementer and Step fields should be set as shown so that the last of octet of the IP
address is incremented by one. Note that this requires a block of contiguous IP
addresses. This covers IP addresses from 192.168.100.171 to 192.168.100.180.
Subnet Mask should be set to the network mask (e.g., 255.255.255.0).

Avaya IP should be set to the Session Manager SIP interface (e.g., 192.168.100.235).
Station Security Code should match the one configured under the Communication
Profile tab of the SIP User in Session Manager described in Section 6.7.

Register with Avaya SES should be set to Yes.

Authenticate with Avaya CM should be set to Yes.

The default values for other fields may be used as shown.

_al x|
File Edit Wiew Protocols TestBuilder Applications Help
=L <5 ik p ol B
E@ [T EniErlan Signaling Project: |Avaya SIP | HMew | Import | Delete | CIealAIIl Apply | Open Save | Help |
Lo Hammer F¥ Servers — - -
Chantel Range Channel Type Signaling Project | Audio Codec
- Hammer G5 Setvers T E——
; ) -0 (10 eature : (3.717 U-Law
&P Advanced Settings 11 -20[10] Feature Avaya SIP G.711 U-Law
2 & Hesrs
! IP Channels Configuration
Speech Rec Configuration Signaling | Media I Signaling Preview | Media Previewl
. Slgnéllng Ser\j'er Configuration Q| D Value | TR———— | Step
° Yersion and License Info tate Maching -
B Hammer NKT Servers @, | & Station Extension 46101 REme =l
i.839 Configure Global -
O Display Mame 46101 name++++++++ ;I 1
R Speech Rec Servers Hetwork i Testing Port A |
&P Yoice Quality Servers SHork Lonnection Esting For
3 Phone 1P 192,1658,100,171 999,999,999, +++ ;I 1
Subnet Mask. £55.295.2595.0
D avaya IP 192,168.100,235 one ;I
& Station Security Code 123456 one ;I
Reqister With Avawa SES es LI
Authenticabe With Avayva CM Yes LI
Q L+ Registration Stagger 1000 ++++++++ LI 200
Enable OPTIONS "PING" MO LI
Launches the Fax Monitor application MM i
JAO; Reviewed: Solution & Interoperability Test Lab Application Notes 28 of 49

SPOC 5/1/2013

©2013 Avaya Inc. All Rights Reserved.

Hammer-SIP-EPT



In the Media tab of the 10 originating channels, configure the fields as follows:

= Audio Codec should be set to the appropriate codec for the test. G711 U-Law, G729AB,
and G.729A were used during the compliance testing.

* Frequency [ms] should be set to the appropriate value for the specified codec. It should
match the Packet Size [ms] field in the IP Codec Set form on Communication Manager
for the specified codec.

= Network Connection should specify the appropriate network interface.

= Source IP Address should be set to the IP address of the first channel in the group. The
Incrementer and Step fields should be set as shown so that the last octet of the IP
address is incremented for the subsequent channels. Note that the IP addresses for the
channels need to be contiguous.

= Media Profile should be set to one that specifies the codec configured in the Audio
Codec field. See Appendix A for instructions on configuring a Media Profile.

= The default values for the remaining fields may be used as shown.

~=+Hammer Configurator - HB&678 - Master Controller Mode Enabled - SIP_20_EPT-EPT 10|

File Edit View Protocols TestBuilder Applications Help
G Bl LCEFEBET Y

E@ Harmmer Configurator Signaling Project: lm Mew | Imipart I Delete | Clear Alll Apply I Open I Save | Help |
@ Harnmer F¥ Servers Tth = TSianlia Praet | Ao o T
&P advanced Settings 11 - 2010] Feature A SIP 5,711 U-Law
=- B Has7s
@ IP Channels Configuration
Speech Rec Configuration
@ Signaling Server Configuration
: Version and License Info
-4 Hammer M2T Servers
] Configure Global
.5 Speech Rec Servers -
5 Voice Quality Servers Signaling  Media | Signaling Pleviewl Media Previewl
Q | Marme | Yalue Incrementer Step
Audio Codec hd |
Frequency [ms] 30 [ms] ;I
Metwork Connection Testing Port & ;I
23 source IP Address 192,165,100.171 999,999,999, +++ ;I 1
@ | % audio Part 10000 FEFIFIFI |z
DTMF Type In Band =
Silence Tvpe Audia ;I
Jitker Buffer & x Frequency [ms] ;I
Subnet Mask 255,255.255.0
Media Profile G7llonly.sdp Ll_l
Yideo Kmit Codec Aukomatic ;I
Q| % 135 Port 20000 o x|z
Q| = videa Port 30000 I x|z
Yideo Silence Gap LI
RTCP Enabled |
TestBuilder Configuration Maone d_l
Channel Type Feature ;I
SRTP Encryption Disabled ;I
SRTP Authentication Disabled x|
SDES Disabled x|
Fax Pass-Through Disabled ;I
al | B
Ready [ o [
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7.2.2 Configure Terminating Channels

During the compliance test, the originating channels emulated SIP endpoints with the calls
terminating on SIP endpoints, SIP trunks, or H.323 endpoints. Select one of the following
subsections depending on the configuration desired.

= Section 7.2.2.1 for terminating calls on SIP endpoints,

= Section 7.2.2.2 for terminating calls on SIP trunks, or

= Section 7.2.2.3 for terminating calls on H.323 endpoints.
= Section 7.2.2.4 for terminating calls on H.323 trunks.

Note: Ensure that the originating and terminating channels are assigned unique IP addresses.

7.2.2.1 Configure Terminating Channels — SIP Endpoints

The second line in the grid that is highlighted in the figure below corresponds to the second
group of channels that will terminate calls. Set the Channel Range cell to the number of
channels in this group. The configuration of the Signaling tab is similar to the one for the group
of originating channels in Section 7.2.1 with the exception that the Station Extension and
Phone IP fields will be different. This group of channels will be assigned extensions 46111 to
46120 and IP addresses from 192.168.100.181 to 192.168.100.190. Again, the IP addresses for
this group of channels need to be contiguous.

~=+Hammer Configurator - H8678 - Master Controller Mode Enabled - SIP_20_EPT-EPT _ 3O x|

File Edit Wiew Protocols TestBuider Applications Help
AL S5 oFERAD I F
E'@ TG @Ry Signaling Project: IAvaya_SIP vI Mew | ImportI Deletel EIearAIIl Apply | Dpenl Save | Help |

&0 Hammer Fx Servers oh R I Ch T | Signaling Proiect | Audio Cod |
g o annel Range ahinel Type ighaling Projec udio Codec
= lammer Ervers 1-10(10] Feature Avapa_SIP G.717 U-Law

71 - 20 [10] 5P Gt U-Law

@ Advanced Settings

2. 1B Hes7s

@ IP Channels Configuration
! Speech Rec Configuration

@ Signaling Server Configuration

-5 Hammer MXT Servers
L4 Configure Global
.5 Speech Rec Servers

.5 Yoice Quality Servers

Signaling | Media | Signhaling Previewl Media Preview

Q | Mame | Value Incrementer | Step
State Machine Avaya SIP Station
q & Station Extension 46111 narme++++++++ LI 1
2 Display MName 46111 name++++++++ LI 1
Tetwark Connection Testing Port & LI
& Phone TP 192,168,100,181 999,999,999, +++ LI 1
Subnet Mask, 2559,255,255.0
& Avaya IP 192,168, 100,235 Tone LI
& Station Security Code 123456 Tone LI
Reqister Wwith Avaya SES Yes _I
Authenticate With Avaya CM | Yes LI
qQ O Reqistration Stagger 1000 ++++++++ LI 200
Enable OPTIOMNS "PING" MO LI
Launches the Reports application [ o [
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The Media tab for the group of terminating channels is shown below. The configuration is
similar to the one for the group of originating channels except for the Source IP Address field.

i x|
File Edit Wiew Protocols TestBuilder Applications Help
Sy (B4 ] SEHRAD 7
E@ Hammer Configurator Signaling Praject: lm MNew | Imnport | Delete | Clear Alll Apply | Open I Save | Help |
L8P Hammer FX Servers — - -
EI@ ES———— Chanrel Range | Channel Type | Signaling Project | Audio Codec |
X Feature Avaya_SIP G.711 U-Law
E &3 Advanced Settings Do SIP 717 L
2B Hae7s
@ IP Channels Configuration
Speech Rec Configuration
@ Signaling Server Configuration
: Wersion and License Info
-5 Hammer MAT Servers
.8 Corfigure Global
R Speech Rec Servers =
& Voice Qualty Servers Signaling Media | Signaling F'reviewl Media F'reviewl
o} | Mame | Yalue | Incrementer Skep
Audio Codec G.711 U-Law
Frequency [ms] 30 [ms] j
Mebwork Connection Testing Part A LI
D source IP Address 192.168,100,1581 999,999,999, +++ ;I 1
@ | @ audia Port 10000 I hdE
DTMF Type In Band |
Silence Type Audio LI
Jitter Buffer 8 x Frequency [ms] LI
Subnet Mask 255,255.255.0
Media Profile G711onky.sdp LI_I
Video Hmit Codec Automatic j
@ | O T8 Part 20000 I hdE
@ | 2 video Port 30000 FIT—— |z
Video Silence Gap LI
RTCP Enabled =l
TestBuilder Configuration Mone LI_I
Channel Type Feature j
SRTP Encryption Disabled LI
SRTP Authentication Disabled 4
SDES Disabled |
Fax Pass-Through Disabled ;I
Launches the Systemn Monitor application [ oM [

7.2.2.2 Configure Terminating Channels — SIP Trunks
To terminate the calls to SIP trunks follow the instructions described in [3], specifically:

Section 5 describes how to configure call routing on Communication Manager.
Section 6 describes how to configure SIP trunks to Hammer G5 on Session Manager.
Section 7.2.2.1 describes how to configure terminating SIP trunks on Hammer G5
Section 7.4 describes how to specify the dialed digits when running a test script.

The configuration described in all the aforementioned sections of [3] must be completed for

terminating calls to SIP trunks.
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7.2.2.3 Configure Terminating Channels — H.323 Endpoints
To terminate the calls to H.323 endpoints follow the instructions described in [4], specifically:

= Section 5 describes how to configure H.323 endpoints for the originating channels on
Communication Manager.

= Section 6.2.2.1 describes how to configure terminating H.323 endpoints on Hammer G5

= Section 6.2.3 describes how to configure the PhoneBook.

Section 6.4 describes how to specify the dialed digits when running a test script.

The configuration described in all the aforementioned sections of [4] must be completed for
terminating calls to H.323 endpoints.

7.2.2.4 Configure Terminating Channels — H.323 Trunks
To terminate the calls to H.323 trunks follow the instructions described in [5], specifically:

= Section 5 describes how to configure H.323 trunks and call routing on Communication
Manager.

= Section 6.2.2.1 describes how to configure terminating H.323 trunks on Hammer G5

= Section 6.4 describes how to specify the dialed digits when running a test script.

The configuration described in all the aforementioned sections of [5] must be completed for
terminating calls to H.323 trunks.
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7.2.3 Configure the PhoneBook

The PhoneBook is used to specify which number each originating channel should dial when
placing a call. Click on the PhoneBook icon (not shown) in the Hammer Configurator. The
PhoneBook window is displayed below. The Channel column is automatically displayed with
the appropriate channel groups. Right-mouse click on the first line corresponding to the group of
originating channels (channels 1-10) and select the Increment using a simple format option as
shown below.

Il Phonebook: C:" hammer' Loadblaster’, Configh,GlobalPhoneBooks', SIP-EPT-EPT.phn x|

File Help

5 [ra|-8] @]

Phonebook Settings | Channel Map Settings I Phone List S ettings

Use Phone List | Phane # | Configured Phone # Fig
r i 4 armaan i
r HEETE Channel Groupt -11-20 SrpandfCel pse Cizmnels
Increment using a simple format
Increment using an advanced Formula
1| | »
QK | Cancel | Help
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In the Simple Incrementer window, specify the number that the first originating channel should
dial in the Start Value field. In this example, the first channel will dial 46111, which
corresponds to channel 11. Set the Increment By field to 1. This specifies that the subsequent
channels should increment the dialed number by one. For example, channel 1 will dial 46111,
channel 2 will dial 46112, and so on. The Start Channel field should be set to the first channel
number and the End Channel field should be set to the last originating channel number, which is
10. Click OK.

Server: IHEE?E j
Colurmn: IF'hl:une # j
Destination Sener: I j

Fill Type
’Vﬁ' Channel Fill ™ Group Fil

TelMNumbers | IP dddresses | URLs | MAC Addiesses |

" Al numbers around non-numerics
[e.q. 9..1..888-555-"999% becomes 9..1..8858-556-"000%)

R
" wan (2o 1 (299 555-9999 becomes: 1 [829) 555-3999)

£ yon [e.g. 1 888 555 3999 becomes 1 355 556 3339
% zzzz [e.g. 1-888-555-9999 becomes 1-828-555-0000)

[T Use H323 formatting, with prefis: j

Start Walue; I‘“31 1

|nzrement By: I'I

Start Chanmel I'I

End Channel: I-I 0

] I Cancel | Apply Help
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Once the PhoneBook is configured, select File>Save As to save the PhoneBook.

Il Phonebook: C:hammer'Loadblaster,Config' GlobalPhoneBooks' SIP-EPT-EPT.phn ﬂ
| File Help
Mew
o + |
Save
ap Settings I Phone List Settings
Import Phone List
Import Channel Map Phone # Configured Phone # Fig
1 SIP-EPT-EPT.phn 46111 45101
2 H323-EPT-EPT.phn annel Groupt:11-20 46111
3 H323-TRE-2-5IP-EFT.phn
4 H3z3-TRE-EPT.phn
Exit
L] :
QK | Canhicel I Help |
The PhoneBook is saved as SIP-EPT-EPT.phn in the following window. This PhoneBook will
be used when running the test.
Save in; I |~ GlobalPhoneBooks j . Ifii v
caTemp.phn
H323_Phoneboak, phn
H323-EPT-EPT.phn
H323-TRK-2-3IP-EPT.phn
H323-TRK-EPT.phn
MGCP_MCS_Phonebook.phin
SIP_Phoneboak, phn
SIP_LE_Phonebook. phn
[l sIP-EPT-EPT. phn
File name: |SIP-EPTEPT.phn =] save |
Save as ype: IP‘hnneB ook, Test Files [7.phn) j Cancel |
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7.3 Applying the Hammer G5 Configuration

This completes the configuration of Hammer G5. This configuration should be saved by
clicking the Save button (not shown) on the Hammer Configurator window. The configuration
needs to be applied to the server for the changes to take effect. Click on the Apply button (not
shown) in the Hammer Configurator window. The following window is displayed as the
configuration is being applied to the server.

Applying Configuration to Server{s)...

Updating TestBuilder zettings... [Tazk 4 of 7]

Check that the system has been started by clicking on the server name (e.g., H8678) in the left
pane of the Hammer Configurator. If the current status is System Is Stopped, click the Start
system button to start the system. When the system is started, it should appear as shown below
and should also specify which configuration has been applied. The configuration performed
above was saved as SIP_20_EPT-EPT. When the system is started, the Hammer G5 will register
SIP endpoints with Session Manager.

o
Flle Edit Wiew Protocols TestBulder Applications Help
a) P =R T =
= : TP
s, (B = HED
E@ Hammer Canfiguratar
&3 Harmer F Servers Configure Hammer G5 system: H8678
E@ Hammer 55 Servers
@ Advanced Settings
=8 ~Current status
IP Channels Configuration = q
Speech Rec Configuration Svste m iIs Sta I tEd "
B sionaling Server Configuration The configuration "SIP_20_EPT-EPT" is loaded
‘ersion and License Info and readv to run.
[—]@ Harnrmer MET Servers
&3 Configure Global
P Speech Rec Servers . .
. BaP oice Quality Servers DpthﬂS Dperatlons
[T Auto start system on reboot Start system |
Stop system |
Reboot zystem |
Ready UM A
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7.4 Configure and Run the Test Script
For the compliance test, two default test scripts were used:

a calls b dtmf.h1d to verify DTMF
Voice Quality Test.hld to verify voice quality

The sample test script, voice ouality Test.hld, establishes a VolIP call between two H.323
endpoints on the Hammer G5, followed by the originating side playing an audio prompt to the
far-end so that voice quality metrics (e.g., PESQ score) can be obtained. The test script is
configured with the Hammer TestBuilder application and can be displayed in a ladder diagram
as shown below by double-clicking on the test script name.

-+ Hammer TestBuilder - [Yoice Quality Test.hid]

File Edit Macro Wiew Toolbars Applications  Window Help

=10l x]
=181 ]

- [ = e =]
b= eZDNE2rmlADB ik J T
43 Hammer _
& M Plus: Fax | %olP | Speech
------ [ multisession A B am] ] ] ] 1
------ 53 CallProfileTests Place Call E Start Phone
[2 a_ralls_b_dtref hid \
I?—‘ a_calls_b_tone.hid wait Far Cal é"é
= A A q
I?,—‘ a_ralls_b_videno,hld Yaice Quality ‘I‘:EX Validate Digits Stim
I?,—‘ a_calls_b_voice.hid Flay
I?,_‘ Advanced Yoice Quality Test.hid \ Woice Quality f\.;,, Play Prompt
[ calibrate.Hid Felodae v
|2 ¢F _tudio_T38Fax_Then_Audio.hid 28 el call
I;E'J CF_fudio_Then_T38Fax.hid Pause - Patise Flease L4
|2 cF_t3sFax_orly.hid :@
I?,—‘ ConfirmPath, hld Woice Quality Al?.lél SendiBioit
-[= confirmPathiaice. hid Veice Qual / Plav
oice [Jualiby *]
-[=] DTMF Test.hid Calculate @ 2; Place Call
I?,—‘ MaintainConneckion, hld *
I?,—‘ MaintainConneckionvoice, hid Maintain " Mairitin
I;E.J SampleFaz.hid Conrection Stim 1% Fonnzctian @ ﬁ Stop Phone
I;‘ SampleSpesch. hld
I?,—‘ Signalingonly.hid g % Send Tone
..[ = Woice Quality Test.hid Pause 4 Pause =
...... [ a_calls_b_dmf hid
_ralls_b_ it Send IPMediaModi
...... (=2 a_calls_b_dimf_analog.hld Fielease Cal @ - el
------ [= a_calls_b_tone.hid \ ‘st F
------ I;‘ a_calls_b_tone_analog.hld Disacl:onon[ect @*‘z BalE
...... [2 a_calk_b_viden.hid )
______ (= a_calls_b_voice.hid % Confirm Path Stimulus
------ I;‘ a_calls_b_woice_analog.hld
...... L?—‘ Reqister.hid
...... |§_| TrainingMads, hid
------ L?—‘ Unregister . hid ¥
(23 Users 4 0
=l T8 | =] HVE
Ready UM 4
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In the sample test script configured above, the A-side (originating SIPendpoint) places a call to
the B-side (terminating SIP endpoint) using the Place Call action. The Place Call properties can
be configured by double-clicking on the action in the ladder diagram. The Place Call
Properties is configured to use the PhoneBook as shown below.

Note: Disable the Do Connect Latency option in the Place Call Properties window.

Place Call Properties

— Phone Mumber a
™ Use Dial Sting

Caricel

Help

Pl

" Use Channel Map

— Timeout [mz];

IE‘-EIEIEIEI

— TDM Parameters

ISDN 557 |
— P Parameters
H.123 Festiict Media |

— Connect Latency

[T DoConnect Latency  Connect [ atency Pararnms
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To run the test, right-mouse click on the test script in the left pane of the Hammer TestBuilder
window and navigate to Schedule->Edit & Run. To re-run the test, the user can simply select

Schedule=>Run, if no changes are required.

-+ Hammetr TestBuilder - [¥oice Quality Test.hid] = | Ellll
File Edit Macro Wiew Toolbars Applications Window Help &l x|
—~ P =l | J =
P | 25 e Eak] - Ly
|
23 Harnmer

(23 mulkisession
----- &3 CalProfileTests
...... [E a_calls_b_dtmf.hid
------ I?,—‘ a_calls_b_tone.hid
------ I?,—‘ a_calls_b_video.hld
...... I;‘ a_calls_b_voice.hld

...... [2 calbrate.hid

...... [= cF_audio_then_tasFax.hid
...... =2 cF_t38Fax_only.hid
I?—‘ ConfirmPath,hld
------ I?,—‘ ConfirmPathyoice, hid
...... [= DTMF Test.hid
------ I?,J MaintainConneckion, hld
------ I?,—‘ MaintainConnectionvoice, hid
...... I;‘ SampleFax. hld

Quality Te-+ L4

..... = a_calls b_dmfhid | 2P0
..... I;‘ a_ralls_b_dtmf_analc Meritor
----- I;__?J a_calls_b_tone.hld
----- I;?—‘ a_calls_b_tone_anald
----- I;?—‘ a_calls_b_video.hld
----- I;?-‘ a_calls_b_waice hid
----- I;?—‘ a_calls_b_voice_anal

Schedule

Rebuild

Delete

------ I?,—‘ Advanced Yoice Quality Test.hld

------ [ cF_audio_T38Fax_Then_audio.Hid

Add To Current Test Run

Compiler Results

PPlace Cal o

Voice Quality

Pause

h o o \
Play \

‘i ait For Call

Yoice Quality
Calculate

Pauze

Woice Quality
Calculate

Mairtain

Woice Quality

/ Flay

Maintain

Connection Stim

Fause

Connection

Pauze

Edit & Run

I?—‘ Register,hid
..... I;__?J TrainingMode, hid

----- I;?—‘ Unregisker,hid

wiait For
Disconnect

»

=]

Main] Plus ] Fax] olP ] Speech ]
ﬂ: Start Phone

1—+1
97325 Validate Digits Stim
4+

2 Play Prompt
g ? ¥ P

+4
Release Call

@ Send Digit

5 Place Call

ﬁ Stop Phone

4 Send Tone
%%

i  Send IPMediaModi
(o5 i
@Iz, Pause
% Confirm Path Stimulus

D Users 1

=] T8 | =] HvE
Ready [ o [
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In the Properties window, click on the ellipses button (...) in the Channels section and assign
channels to the A-Side and B-Side. Next, select the appropriate PhoneBook (e.g., SIP-EPT-
EPT). The SIP-EPT-EPT PhoneBook was configured above. Set the Loop Count to the
appropriate value to control the number of iterations the test should run. Setting this field to -1
will allow the test to run forever. Setting this field to a specific number will run the test for the
many iterations and then stop. The Guard Time (ms) field specifies how long to wait before the
test is run again on the same channel. The minimum setting should be 1500. The Stagger
section allows the user to specify how long to wait before the test is run on the next channel.

Important Note: The Guard Time and Stagger parameters should be carefully considered for
every test. A test script could fail because the configuration under test cannot handle the load
generated by the Hammer G5. These parameters can slow down the test to a rate that can be
reasonably handled by the test configuration.

x

TE Scheduler | Other I

I...Librar_l.l"uH ammerCallProfileT estsha_calls_b_ dtmf.hid
Action if a Channel iz busy:

Start Time: [11:5752.8M = | 2/ 1/2013 | |wait =
— Channels
A-Side: |HBE78[1-10] Max Active Connectionz: [
| . [0 = Urlimited] !
B-Side: IHBE?E[H-ED]
— PhoneB ook,
Select a Max Test Time:  Hours: I':' j:
PhoneBaoak: I SIPEPT-EPT j _ |
[0 = Farewver] .
— Stagger Mirutes: IEI _I?
" Automatic - Est. CHT [3) |5
—Loop Count;
1

ol wed - [me]l B0
Uzer Defined I [-1 = Loop Farewver] I

Mi I'I
™ Randaom - Tl

T Em [315 — Guard Time [mz);
" Mone 1500

Cancel | Spply | Help |
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8 Verification Steps

This section provides the tests that can be performed to verify proper configuration of Avaya
Aura® Communication Manager, Avaya Aura® Session Manager and Empirix Hammer G5.

8.1 Verify Avaya Aura® Communication Manager

When the Hammer G5 is running a test script, the status trunk command may be used to view
the active call status. The trunk that is being monitored here is the trunk to Session Manager.
This command should specify the trunk group and trunk member used for the call be specified.

status trunk 60/1 Page 1 of 3
TRUNK STATUS

Trunk Group/Member: 0060/001 Service State: in-service/active
Port: T00044 Maintenance Busy? no
Signaling Group ID: 60

IGAR Connection? no

Connected Ports: T00133

Page 2 of the status trunk command indicates the codec being used for the call and whether the
call is shuffled.

status trunk 60/1 Page 2 of 3
CALL CONTROL SIGNALING

Near-end Signaling Loc: PROCR

Signaling IP Address Port
Near-end: 192.168.100.10 : 5060
Far-end: 192.168.100.235 : 5060
H.245 Near:
H.245 Far:
H.245 Signaling Loc: H.245 Tunneled in Q.931? no
Audio Connection Type: ip-direct Authentication Type: None
Near-end Audio Loc: Codec Type: G.711MU
Audio IP Address Port
Near-end: 192.168.100.182 : 10002
Far-end: 192.168.100.172 : 10002

Video Near:
Video Far:
Video Port:
Video Near-end Codec: Video Far-end Codec:
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8.2 Verify Avaya Aura® Session Manager

The registered SIP endpoints can also be viewed from Session Manager by navigating to
Home->Elements-> Session Manager->» System Status->User Registrations.

Note: Make sure that all registered SIP endpoints associated with the Hammer G5 only have one
IP address.

d b . !
AVAyA Avaya Aura® System Manager 6.2 Help 1At | chanas Password | Log aff admin

x

Session Manager Home

Session Manager (QiHome / Elements / Session Manager / System Status / User Registrations

Dashboard Help #
Session Manager User Reg istrations

Administration Select rows to send notifications to AST devices. Click on Details column for complete registration status,

Communication Profile Customize *
Editor AST Device

lRehnnt] [Reluad - ] [Fa\lhack] As of 12:06 PM

Notifications: advanced Search ®

Network Configuration

Device and Location 36 Items | Refresh | Show | 15+ Filter: Enahble
Configuration
. Registered
application [] Details | Address Login Name Gzt Last ) ocation | 1P Address AST
Name Name Dekies Prim | Sec  Surv
Configuration
O Show  46105@devcon.corm  46105@devcon.com sIP Harnmer  Lincroft 192.168.100.175:5080 [ (AC) O

System Status

N O Show  46106@deveon.com  46106@devcon.com SIP Hammer  Lincroft 192.168.100.176:5060 [ C) O O

ntity Monitoring
M d Bandveidth O Show  46103@devecon.com  46103@devcon.com SIP Hammer  Lincroft 192.168.100.173:5060 [] c) O O
anage andwi

Usage O Show - 50011@sip.avaya.com  Frank Sip Bellevile [m} O O O

Secutity Module O Show  46104@deveon.com  46104@devcon.com SIP Hammer  Lincroft 192.168.100.174:5060 [] c) (] O

Status O Show 50012@sip.avaya.com  Randy sip Belleville m} O O O

Registration O Show  46115@devcon.com  46115@devcon.com SIP Hammer Lincroft 192.168,100,185:5060 [ C) O (]

Summary O Show  46116@deveon.com  46116@devcan.com sIP Hammer  Lincroft 192.168.100.186:5060 [ c) O ]
! User Registrations O Show  46113@devcon.com  46113@devcon.com sIP Hammer  Lincroft 192.168.100.183:5060 [ c) O [m]
System Tools O Show  46114@deveon.com  46114@devcon.com SIP Hammer  Lincroft 192.168.100.184:5060 [ C) O O
Performance O Show  46109@deveon.com  46109@devcan.cam SIP Hammer  Lincroft 192.168.100.179:5060 [J c) (] ]
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8.3 Verify Empirix Hammer G5

To view the SIP registration status from the Hammer G5, make sure that the Hammer System
Monitor is running before starting the system. Select the Registrations tab and click on the
yellow circle under the CC column and row 1. The Hammer G5 will indicate when all of the
channels have successfully registered.

] Hammer System Monitor = |EI|5|

File Wew ©Channel ©Options Applications Help

o - = Ea .
STOF . . -
0L @R_UD AS[HeoT Ol
I 1 Hammers
Script;
I & H8678 Server HBE7E  Group: Control Channels  Channel: 32001
120944 BE3 - B9 18 of 2] of channels are pending reqistration
Calls I 12:03:44. 887 > 9% [16 of 20] of channels are pending registration
12:03:45.091 -----» B3% [14 of 20] of channels are pending registration
Registration | 12:09:45.295 ---» 59% [12 of 20 of channels are pending registration
12:03:45.489 > 49% [10 of 20] of channels are pending registration
0 1 12:03:45.693 > 39% [8 of 20) of channels are pending registration
12:03:45.897 > 29% [B of 20] of channels are pending registration
n Iﬁ O O 12:09:46101 > 19% (4 of 20] af channels are pending registration
12:03:46.4339 all channels have been succeszsfully registered
2 OO O
3000
1 OO O
5 OO0 O
6 O O O
7O 00
8 OO O
9 OO0 O
10w O O O
1 |
Launches the Signaling Editor application RLIN i
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Call progress can be monitored in the Hammer System Monitor. The call log for an originating
channel may be logged to the left window and the call log for a terminating channel may be
logged to the right window.

[ Hammer System Monitor =10 ﬂ
File Wiew Channel ©Options Applications Help
Lo} i LA .4 ¢"r'| E==]
sTor - — P
T4 0GR AsE T EL MBS I E
1 Hammers
Script: Woice Quality Test_A shx Script: Voice Quality Test_B.shx
@ HB8678 Server HBEYE  Group: 0 Channel: 1 Server HBEYE  Group: 1 Channel: 11
12:06:57 977 Yoice Quality Test : is now initializing... 12:06:57.96E Yoice Quality Test : is now initiglizing...
Registration | 12:06:57.977 Start protocol completed 12:06:57.96E Start protocol completed
9 12:07:08.004 === PlaceCall === 12:06:57 967 == WaitForCall =
Calls | 12:07:08.004 > Placing call to 46111 12:06:57.963 The signaling transport protocol is UDP
12:07:08.013 The signaling transport protocal is UDP 12:07:08.249 » dudio local port: 192.168.100.181:10000; remote destination 192.168.100.15: 2066,
cc 0 12:07:08.292 » Audio local port: 192.168.100.171:10000; remote destination 192.168.700.1E 12:07:08.280 » Answering callin 1 rings
12:07.08.323 > Callis answered 12:07.08.754 > Received re|NYITE; Processing...
O O,ﬁ 12:07:08.744 > Received re-MYITE ; Processing... 12:07.08.754 > Audio local port: 192.168.100.181:10000; remote destination 192, 168.100.171:1001
12:07:08.744 > Audio local port: 152.168.100.171:10000; remote destination 19216810018 12:07:09.281 === Biegin Simple Y0 Caloulate =
2. OO0 @ 12:07:09,324 === Biegin Simpls W0 Play = 12:07:09.281 » Recording Prompt: woip14hboyl p1.pem
12:07:09.324 = 50promptname = HEETEHY oice Qualty TestH1 0000000201 00001 BOH322 12:07:39.282 » Done Recording
3000 1207:33325 > Done Plaping 120739282
1 O P 12:07:39 325 wss Pausing for § seconds. ** 12:07:44 282
12:07:44 325 wom Begin Simple W0 Caloulate = 12:07:44.282 => S0promptname = HBE7A#Yoice Quality TestH11H0000000201 0007141 #323157¢
5 000 12:07-44 325 » Recording Frompt: voip! 4hboy1pl pem 12:0814 283 » Done Playing
B O O O 12:08:14.326 > Done Recaording 12:08:14.283 #o MaintainConnectionR esponse™™*
12:08:14 326 === MaintainConnectionStimulus == 12:08:14.283 Clear digits completed
TOOO 12:08:14.326 Clear digits completed 12:08:45 435 Receive DTMF completed
8 O O 0 12:08:45.090 = MaintainConnection is done. Send Terminating digit. 12:08:45 435 =» End Maintain connection Response
12:08:45.090 Clear digits completed 12:08:45 435 === Pausing for 0 seconds, ===
09 @ 120845270 => Pausing 2000 ms 120645 435 == W aitForDisconnect ===
10 O O O 12:08:47 270 =» End MaintainConnectionStimulus 12:08:45.435 Clear digits completed
12:08:47 270 === Pausing for § seconds, == 12:08:52.672 === W aitFarCall ===
il | i3 | T | 1|
Launches the CoE Monitor application [ v

The Hammer System Monitor can be used to verify that a call was shuffled. This is noted by
the Hammer G5 displaying the local and remote destinations in the call log.

@ Hammer System Monitor = |I:I|1|

File Yiew Channel Options Applications Help
EE=l P af!
o HI eEBD

O STOF =
004 @A D A
I {1 Hammers

Scrpt: Yoice Quality Test_aA sbs
I @ HB678 Server HBE78  Group: 0 Channel: 1

12:11:14.553 Vaice Quality Test : iz now initializing. ..
- . 12:11:14.554 Start pratocol completed
Registration | 1399:24 BE2 #es Placalall w
Calls | 12:11:24.583 » Placing call to 46111
12:11:24.58E The signaling transport protocol is UDP
1217:24.919 > Audio local port: 1592.168.100.171:10000; remote destination 192.168.100.15:2082; using G.711 U-Law/30 me, T 8000 Hz
12:11:24.949 » Call is answered
121125 BR3 » Becsived el NWITE : Processing
1211:25 563 » Audio local port: 152.168.100.171:10000; remote destination 192.168.100.187:10000; using G.711 U-Law/30 ms, Tk 8000 Hz )
TETT 20350 Bearn Simple T Flay
12:11:25.950 => 5Qpromptname = HBEPEHY oice Quality Test# #0000000201 00001 #0834 381 5683 54voip1 4boy1 pl_pom
12:11:55.951 » Done Playing
12:11:55.951 == Pauzing for § seconds, ==
12:12:00.951 = Begin Simple %O Calculate =
12:12:00.951 » Recording Prompt; woipl4tboyl pl.pom
121230952 » Done Recording
12:12:30.952 =M aintainConnectionStimulus ==
12:12:30.952 Clear digits completed
12:13:01.730 =» MaintainConnection iz done. Send T eminating digit...
12:13:01.730 Clear digitz completed
1213:01.911 = Pauzing 2000 mz
12:12:03.911 =» End MaintainConnectionS timulus
121N A1 #55% Pagizinn Far R ocarnnds s

4| | ]
Launches the Test Profiler application LI 2

o3
o
—_

0000000000
00000009
PP0P000COS

[ =T ¥ = == I N = & B R M ]

p—y
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The Hammer Call Summary Monitor may be used to get a test status overview, including the
number of call attempts, number of failed calls, PESQ scores, amongst other useful metrics.

B Hammer Call Summary Monitor i ] |
Eile “jew Graph Applications Help
— 'l-
3= 5 P r a5
__\J % L L]

Call Astternpts: 20 Callz per Hour: 20 CCS Last Hour: 143
Successful Calls: |20 Callz per Second: 0 Erlamg Last Hour: 3.97
Failed: 0 D THF Mizmateh: 0 Awg CCS per Hour  [143
% Completed: 100.0000 Lvg, Erlang per Hour, |3.97
Yaniable Ayverage | Minimum | b asimum L ast -
Call Length (=) 0417 10417 10418 10417
Connect Latency [mz) Q.00 0.0o0 0.00 0.o0
Speech Latency [mz] 0.on 0.00 0.00 .00
PSEM 0.00 0.00 0.00 0.00 ﬂ
Server |G System Default j Currently Connected: |20 Graph Refrezh Rate [z |1 -
annected
Launches the QoE Monitor application Time Since Last Reset: 000:42:06 MM
JAO; Reviewed: Solution & Interoperability Test Lab Application Notes 45 of 49

SPOC 5/1/2013 ©2013 Avaya Inc. All Rights Reserved. Hammer-SIP-EPT



9 Conclusion

These Application Notes describe the configuration steps required to integrate the Empirix
Hammer G5 with an Avaya SIP telephony network using SIP endpoint emulation. The Hammer
G5 was able to register with Avaya Aura® Session Manager, successfully establish calls through
Avaya Aura® Communication Manager, generate voice quality metrics, monitor the calls, and
generate reports. All feature and serviceability test cases were completed successfully.
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APPENDIX A: Configure Media Profile on Empirix Hammer G5

The following windows show the configuration of the Media Profile used in the Media tab for
the originating and terminating channel groups. To access this window, click on the ellipses
button (...) by the Media Profile field in the Media tab. Click on the Audio Description button
to view the codecs that will be advertised by the Hammer G5 when placing a call.

Media Profile Editor: % \H8678" Hammer ' IPSigServeriSDPs"G711only.sdp ﬂ

— Segszion Description

Include Field?  Field ¥ alue
|[|:|=] Dwner:

|[s=] Seszion Mame:

|
I |[i=] Sezszion Infarmation: I
r [u=] URI of Description: |
I |[e=] Email &ddress: I
r [p=) Phane Mumber: |
I |[I:|=] Bandwidth |nformation: |
— [a=] Altributes

&dd

Edit

Delete

d;

— Media Descriptions

v Audio Dezcription | r Image [T.38] Description | r Wideo Description |

Mew | Save | Load Delete | Freview | (]

Cancel

Help

Pl
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The following window shows the codecs selected for this profile. This Media Profile was
already created and named G711only.sdp. It specifies G.711U and RFC 2833. When done, click
OK to return to the previous window. Additional media profiles can be created and saved by
selecting the desired codecs in this window and then clicking the Save button in the previous
window.

MPE Audio Description: % \HE678"Hammer' IPSigSeryeri SDPs G 71 1only.sd il
— Order and configure codecs to advertize in Media Frofile
Codec | Send 'tpmap'? | Fapload Tupe | :l
G.711U Ma 1]
OG.7z2 Mo 9
OG.723 Mo 4
O G.726 16 kb/s es 115
[ G.726 24 khts es 116
[ G.726 32 kbts es 117
[ G.726 40 kbt es 118 1.
O G.729a MNa 18
[ G.7294E Ma 18
RFC 2832 Yes 126 ¥
Mo Ccoo e ERal] LI
— Optional Dezcriptions
|Inn:|uu:|e Figld? |Fie|u:| l’-.falue
[ li=] Media Informatian: I
N |[I:|=] B andwidth [nformation: |
— [a=] Attributes
Add
E dit |
Delete |
] I Cancel Help
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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 DevConnect
Program at devconnect@avaya.com.
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