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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™ SIP
Enablement Services using SIP trunk emulation. The Hammer G5 is a VoIP test platform
consisting of a collection of applications used to configure the system, create, schedule, and
monitor tests, and create reports. In this configuration, the Hammer G5 emulates SIP trunks
that interface to SIP Enablement Services. The Hammer G5 originates and terminates calls
through the Avaya SIP telephony network. While the call is active, it 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 can be used to
verify the functionality, reliability and quality of VoIP services and applications running
through the Avaya SIP telephony network.

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™ SIP
Enablement Services using SIP trunk emulation. The Hammer G5 is a VoIP test platform
consisting of a collection of applications used to configure the system, create, schedule, and
monitor tests, and create reports. In this configuration, the Hammer G5 emulates SIP trunks that
interface to SIP Enablement Services. The Hammer G5 originates and terminates calls through
the Avaya SIP telephony network. While the call is active, it 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 can be used to verify the
functionality, reliability and quality of VoIP services and applications running through the Avaya
SIP telephony network.

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 call progress.

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

A solution using SIP endpoint emulation on the Empirix Hammer G5 is described in [4]
Application Notes for Empirix Hammer G5 with Avaya Aura™ Communication Manager and
Avaya Aura™ Communication Manager using SIP Endpoint Emulation.

1.1 Interoperability Compliance Testing

The interoperability compliance testing focused on verifying that the Hammer G5 can register
with SIP Enablement Services as SIP endpoints, establish calls, send voice media, provide voice
quality metrics, and generate reports. The following features and functionality were covered:

= SIP endpoint registration with SIP Enablement Services.

= Originating and terminating calls through the Avaya SIP telephony network.

= Support of G.711, G.723, 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 disabled was also verified.

= Generating voice quality metrics with Shuffling disabled.

1.2 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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2 Reference Configuration

The network diagram below illustrates the test configuration. In this configuration, Avaya
Aura™ SIP Enablement Services receives calls from the Hammer G5, which emulates SIP
trunks. The call is routed through the Avaya SIP telephony network, including SIP Enablement
Services and Communication Manager. The call is eventually routed back to the Hammer GS5,
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.

Test Call Flow:

1. SIP trunks on the Hammer G5 originate calls.

2. SIP Enablement Services receives call and routes it to Communication Manager over the SIP trunk.
3. Communication Manager routes the call back out the SIP trunk to the Hammer G5.

4. SIP Enablement Services routes the call to the Hammer G5, where it is terminated..

=

Avaya S8730 Serve
(10.3.24.10)

(10.32.24.170 & 10.32.24.171) 1

SIP Trunks

Avaya G650 Media Gateway
(C-LAN: 10.2.24.20)

M SIP Enablement Services
(10.32.24.100)

AvayaAura"

Empirix Hammer G5 with Avaya SIP Telephony Network

JAO; Reviewed: Solution & Interoperability Test Lab Application Notes 3 0of44
SPOC 5/21/2010 ©2010 Avaya Inc. All Rights Reserved. Hammer-SIP-TRK



3 Equipment and Software Validated

The following equipment and software were used for the sample configuration provided:

Equipment Software

Avaya S8730 Servers Avaya Aura™ Communication Manager 5.2.1
(RO15x.02.1.016.4) with Service Pack 1
(Patch 17959)

Avaya G650 Media Gateway

= TN799DP C-LAN Board HWO01 FW031
= TN2302AP Media Processor Board HWO03 FW094
Avaya Aura™ SIP Enablement Services 5.2.1 (SES-5.2.1.0-016.4)

Empirix Hammer G5 running on Microsoft

Windows 2003 Server 1.5.8.295

4 Configure Avaya Aura'™ Communication Manager

This section provides the procedures for configuring Avaya Aura'™ 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 SIP Enablement Services
Administer SIP Stations

Avaya Aura'™ Communication Manager is configured through the System Access Terminal
(SAT).
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4.1 Administer IP Node Names

In the IP Node Names form, assign a Name and IP Address and for the C-LAN board in the
Avaya G650 Media Gateway and SIP Enablement Services. The names will be used when
configuring the SIP trunk in Communication Manager.

change node-names ip Page 1 of 2
IP NODE NAMES
Name IP Address
Gateway(001 10.32.24.1
clancrm 10.32.24.20
default 0.0.0.0
medprocrm 10.32.24.21
procr 0.0.0.0
ses 10.32.24.100
( 6 of 6 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

4.2 Administer IP Codec Set

In the IP Codec Set form, specify the audio codec required by the Hammer test. 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 form covered in the next section. The Hammer G5 supports
G.711, G.729AB, and G.723 codecs. For the compliance test, the IP codec set form was
configured as shown below.

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: G.729AB n 2 20
3: G.723-6.3K n 1 30
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4.3 Administer IP Network Region

In the IP Network Region form, configure the codec set to be used for the Hammer calls and
specify whether IP-IP Direct Audio (Shuffling) is required. Shuffling allows audio traffic to be
sent directly between IP endpoints without using media resources in the Avaya G650 Media
Gateway. If voice quality metrics are to be generated by the test, disable Shuffling; otherwise,
the audio traffic will not leave the Hammer G5 and the voice quality metrics will not yield
accurate results. Shuffling can also be disabled at the signaling group level. The Authoritative
Domain for this configuration is avaya.com.

change ip-network-region 1 Page 1 of 19
IP NETWORK REGION
Region: 1
Location: Authoritative Domain: avaya.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: 3029
DIFFSERV/TOS PARAMETERS RTCP Reporting Enabled? y
Call Control PHB Value: 34 RTCP MONITOR SERVER PARAMETERS
Audio PHB Value: 46 Use Default Server Parameters? y

Video PHB Value: 26
802.1P/Q PARAMETERS
Call Control 802.l1p Priority: 7
Audio 802.1p Priority:
Video 802.1p Priority: 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

a1 o
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4.4 Administer SIP Trunk

Prior to configuring a SIP trunk group to SIP Enablement Services, a SIP signaling group must
be configured. Configure the Signaling Group form as shown below. The Near-end Node
Name and Far-end Node Name are the C-LAN board and SIP Enablement Services,
respectively.

add signaling-group 10 Page 1 of 1
SIGNALING GROUP

Group Number: 10 Group Type: sip
Transport Method: tls
IMS Enabled? n

Near-end Node Name: clancrm Far-end Node Name: ses
Near-end Listen Port: 5061 Far-end Listen Port: 5061
Far-end Network Region: 1
Far-end Domain: avaya.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? n Direct IP-IP Early Media? n

H.323 Station Outgoing Direct Media? n Alternate Route Timer (sec): 6

Configure the Trunk Group form as shown below. 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.
All calls from the Hammer G5 will be routed over this trunk group. Each call will use two trunk
members one for the incoming call and another one for the outgoing call, which routes the call
back to the Hammer GS.

add trunk-group 10 Page 1 of 21
TRUNK GROUP

Group Number: 10 Group Type: sip CDR Reports: y
Group Name: To SES COR: 1 TN: 1 TAC: 1010
Direction: two-way Outgoing Display? n
Dial Access? n Night Service:
Queue Length: 0
Service Type: tie Auth Code? n

Signaling Group: 10
Number of Members: 60
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5 Configure Avaya Aura™ SIP Enablement Services

This section covers the administration of Avaya Aura™ SIP Enablement Services. SIP
Enablement Services is configured via an Internet browser using the Administration web

interface. To access the Administration web interface, enter http://<ip-addr>/admin as the URL
in an Internet browser, where <ip-addr> is the IP address of SIP Enablement Services. Log in

with the appropriate credentials and then navigate to Administration—>SIP Enablement

Services from the next screen. The main screen is displayed below.

Tr
Truste

ble Call P

Status

Logger

d Hosts

||
H Top

Manage Users

Manage Address Map
Priorities

Manage Adjunct
Systems

Manage Event
Aggregators

Certificate
Management

Manage Conferencing

Manage Emergency
Contacts

Export Import to
ProYision

Manage Hosts
IM logs

Manage
Communication
Manager Servers

Manage
Communication
Manager Extensions

Server Configuration

Manage SIP Phone
Settings

Manage Survivable
Call Processors

System Status
Trace Logger

Manage Trusted Hosts

Integrated Management
SIP Server Management

This Server: [1] ses1

Add and delete Users.,

Adjust Address Map Priorities.
Add and delete Adjunct Systems.
add/Delete Event Aggregators.
Manage Certificates.

4dd and delete Conference

Extensions.

add and delete Emergency
Contacts,

Export and import data using
Pro¥ision on this host.

Add and delete Hosts,
Download IM Logs.

Add and delete Communication
Manager Servers,

Add and delete Communication
Manager Extensions.

Yiew Properties of the system.
Add/Delete Phone Settings
add and delete Survivable Call
Processors,

Wiew System Status.

Manage SIF Trace Logs.

A4dd and delete Trusted Hosts.
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From the left pane of the Administration web interface, expand the Server Configuration item
and select System Properties. In the System Properties screen, enter the domain name
assigned to the Avaya SIP-based network and the SIP License Host. For the SIP License Host
field, enter the fully qualified domain name or the IP address of the SIP Enablement Services
server that is running the WebLLM application and has the associated license file installed. This
entry should always correspond to the localhost unless the WebLLM server is not co-resident with
this server. After configuring the System Properties screen, click the Update button.

Integrated Management
SIP Server Management

Help Exit This Server: [1] ses1
Top . .
Usare View System Properties
Addres ap Priorities ]
SES Wersion SES-5.2.1.0-016.4
System Configuration Simplex
Host Type SES combined home-edge
cate Management
Conferences SIP Domain® flevaya.com

HWote that the DNS domain is avaya.com

If you are unsure about this field, most often the SIP
domain should be the root level DMS domain. For example,
for a DNS domain of eastcoast.example.com, the SIP
domain would likely be configured to example.com. This
allows SIP calls and instant messages to users with handles
of the format handle@example.com

SIP License Host* |10.32.24.100

DiffServ/TOS Parameters
Call Contral PHE Yalue* |48

802.1 Parameters

Priority Valug* I3
Management System |
Survivable Call Processors [EeEERElly
am Status Management System |
- L dccess Password
race Logger H
DB Log Lewvel |d|sahled j

Trusted Hosts

[ovine-
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After setting up the domain in the System Properties screen, create a host entry for SIP
Enablement Services. The following example shows the Edit Host screen since the host had
already been configured. Enter the IP address of SIP Enablement Services in the Host IP
Address field. The Profile Service Password was specified during the system installation.
Next, configure the Host Type field. In this example, the host server was configured as an SES
combined home-edge. The default values for the other fields may be used as shown below.

Click the Update button.

AVAYA

Help Exit

Top
B Users
Add
Default Profile
Delete
Edit

Password
Search

Manage All Registered
Users

Search Registered
Devices

Search Registered
Users

Address Map Priorities
Adjunct Systems
Aggregator

Certificate Management
Conferences

Emergency Contacts

Export/Import to ProVision
Host

IM logs

Communication Manager
Servers

Communication Manager
Extensions

Server Configuration

SIP Phone Settings
Survivable Call Processors
System Status

Trace Logger

Trusted Hosts

JAO; Reviewed:
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Integrated Management
SIP Server Management

Edit Host
Host IP
10.32.24.100
Address™® | |
Profile Service |"""" |
Password™®
Host Type SES combined home-edge

Parent
Listen Protocols UDP

none
TCP [ TLS
Link Protocols O ubpP O TCP & TLS

Access Control
Policy (Default)

Emergency
Contacts Policy

O Allow All & Deny All

® allow O Deny

Minimum
Registration
(seconds)

Subscription Expiration Timer (seconds)™

Line Reservation

Timer {seconds)
*

Outbound

Routing Allowed []Internal [¥]External
From

CutboundProxy | | Port]

Outbound Direct
Domains

Default Ringer EI

I 2
Valume® Default Ringer Cadence

Default Receiver
Volume™®

VMM Server | |
Address

VMM Server

port

Fields marked * are required.

Default Speaker Volume™ El

VMM Report Period El

Update

Registration Expiration Timer (seconds)™

| Qupp OTCP OTLS

This Server: [1] ses1

86400
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Under the Communication Manager Servers option in the Administration web interface, select
Add to add the Avaya S8730 Servers since a SIP trunk is required between Communication
Manager and SIP Enablement Services. In the Communication Manager Interface screen,
enter the following information:

= A descriptive name in the Communication Manager Server Interface Name field (e.g.,
devconl3).

= Select the home server in the Host field.

= Select 7LS (Transport Link Security) for the SIP Trunk Link Type. TLS provides
encryption at the transport layer.

= Enter the IP address of the C-LAN board in the Avaya G650 Media gateway in the SIP
Trunk IP Address field.

Refer to [3] for additional information on configuring the remaining fields.

Integrated Management
SIP Server Management

JAO; Reviewed:
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Hosts

IM logs

Communication Manager
Servers

Communication Manager
Extensions

Server Configuration
SIP Phone Settings

Survivable Call Processors

Confirm®

SMS Connection Type

Help Exit This Server: [1] ses1
Top R R R
B Users Edit Communication Manager Server Interface
Add o
Default Profile Communication Manageal:
Server Interface Name
Delete Host 10.32.24.100
Edit
List SIP Trunk
TEEETENE SIP Trunk Link Type OTCP ®TLS
search SIP Trunk 1P Address™
Manage All Registered
Users : Communication
g:zirgggkeg'htered Manager Server
Search Registered Communication Manager
Users Server Admin Address™
Address Map Priorities (see HeIP) _
. Communication Manager
o 5 5 - 5022
9 Adjunct Systems Server Admin Port®
Aggregator Communication Manager
Certificate Management Server Admin Login™ P
Conferences Communication Manager
Server Admin Password™®
Emergency Contacts X i
- Communication Manager
Export/Import to ProVision ey ey

®sgsH OTelnet O Not Available

Note: If the Communication Manager Server connection type is
changed and the admin port value is not also changed,changing

will change admin port to 5023 when Add or Update is clicked.

Fields marked * are required.
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Incoming calls originating from the Hammer G5 and arriving at SIP Enablement Services are
routed to Communication Manager for termination services. Calls to be routed to
Communication Manager are specified in a Communication Manager Server Address Map.
The Uniform Resource Identifier (URI) of an incoming INVITE message is compared to the
pattern configured in the address map, and if there is a match, the call is routed to
Communication Manager. The URI usually takes the form of sip:user@domain, where
domain can be a domain name or an IP address. In this example, user is actually the number
that was dialed by the Hammer G5. An example of a URI would be
sip:8252000@10.32.24.20.

To configure a Communication Manager Server Address Map, select Communication
Manager Servers in the left pane of the Administration web interface. This will display the List
Communication Manager Servers screen. Click on the Map link associated with the
appropriate server to display the List Communication Manager Server Address Map screen
and click on the Add Map In New Group link. The screen below is displayed. Provide a
descriptive name in the Name field and enter the regular expression to be used for the pattern
matching in the Pattern field. In this configuration, the pattern specification matches a URI that
begins with sip:8252 followed by two more digits. The following screen shows a map entry
that was already configured. A new entry would be added by clicking the Add button.

AVAYA Integrated Management

SIP Server Management
Help Exit This Server: [1] ses1

Top |

Edit Communication Manager Map Entry

flap Priorities

Mame* |HammerG5-IncCaII

Pattern™ |~sip:8252[0-9]4{2}

Fields marked * are required.

[ovie

Emergency Contacts
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After the Communication Manager Server Address Map is added, the first Communication

Manager Server Contact is created automatically. For the address map added above, the
following contact was created:

sip:$(user)@10.32.24.20:5061; transport=tls

The contact specifies the IP address of the C-LAN board in the Avaya G650 Media Gateway and

the transport protocol used to send SIP signaling messages. The user in the original request URI
is substituted for $ (user).

AVAyA Integrated Management

SIP Server Management
This Server: [1] ses1

Help Ezxit

Top |

Users Edit Communication Manager Contact
Address Map Priorities
adiunct Contact |lsi|:|:${user}@1lil.32.24.20:5061;transp0r‘t=tls

Fields marked * are required.

Conferences

After configuring the address map, the List Communication Manager Server Address Map
screen appears as shown below.

AVAyA Integrated Management

SIP Server Management
This Server: [1] ses1

Help Exit

W List Communication Manager Server Address Map

Commands Name Commands Contact
Edit Delete HammerGS-IncCall

Edit Delete sip:${user)@10.32.24.20:5061; transport=tls

Add Another Map Add Another Contact Delete Group

Add Map In Mew Group
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After incoming calls are processed by Communication Manager, the calls are routed back to SIP
Enablement Services, which will route the calls back to the Hammer G5, where the calls are
terminated. SIP Enablement Services requires a host address map.

To access the Add Host Address Map screen, select the Hosts link in the left pane of the
Administration web interface and then click on the Map link associated with the appropriate host
(e.g., 10.32.24.100). The List Host Address Map screen is displayed. From this screen, click
the Add Map In New Group link to display the screen shown below. Configure a descriptive
name for the map and specify an appropriate pattern for the call type. In this example, the
pattern is used to route calls starting with “252”. By default, the Replace URI checkbox is
selected. Click the Add button.

Integrated Management
5IP Server Management

Help Ezxit This Server: [1] ses1
Top - i
ser Edit Host Map Entry
Mame* |HarmmerGs-outCall
regator Pattern* |~sipi252[0-9]{2}
ificate Management Replace URT W
Conferer Fields marked * are required.

Exports/Import to Pravision Update
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From the List Host Address Map, click on the Add Another Contact link associated with the
address map added above. In this screen, the Contact field specifies the destination for the call
and it is configured as:

sip:$(user)@10.32.24.171:5060; transport=udp

The contact specifies the IP address of the Hammer G5 and the transport protocol used to send
SIP signaling messages. The user in the original request URI is substituted for $ (user). Click
the Add button when completed.

AVAyA Integrated Management

SIP Server Management
Help Exit This Server: [1] ses1

Users n Edit Host Contact

Top

Address Map Priorities
Host 10.22.24.100

Contact |si|:|:$(user)@10.32.24.1?1:SDEuI:I;transpu:ur't=L

Fields marked * are required.

Emergency Contacts

After configuring the host address maps, the List Host Address Map screen appears as shown
below.

Integrated Management
SIP Server Management
This Server: [1] ses1

n
W List Host Address Map

Host 10,32.24.100

1+

Commands Name Commands Contact
Edit Delete HammerGE-OutCall

+]

Edit Delete sip:${usern@10.32.24,171: 5060; transport=udp
Add Another Map Add Another Contact Delete Group

Add Map In New Group
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The last step is to configure the Hammer G5 as a trusted host on SIP Enablement Services. As a
trusted host, SIP Enablement Services will not issue SIP authentication challenges for incoming
requests from the Hammer G5. Specify the IP address of the Hammer G5 in the IP Address
field and set the Host field to the IP address of SIP Enablement Services. A descriptive
comment can be provided in the Comment field. Two entries were added for the Hammer GS5,
one for the SIP trunk interface that originates calls and another one for the SIP trunk interface
that terminates the calls.

AVAyA Integrated Management

SIP Server Management

Help Exit This Server: [1] ses1
Top n i
W List Trusted Hosts
dap Priorities
Perform
Commands 1P Address Trusted by Host Comment Origination
Processing
Edit Delete 10.32.24.170 10.32.24.100 Hammer G5 Incoming |
Edit Delete 10.32.24.171 10.3Z.24.100 Hammer G5 Outgoing |
Add Another Trusted Host
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6 Configure Empirix Hammer G5

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

= Configure IP addresses to be used by each Hammer G5 channel.
= Configure the SIP trunk interface using the Hammer Configurator.
= (Create and run the test script using the Hammer TestBuilder.

Monitoring test call progress is covered in the Verify Empirix Hammer GS5 section (Section 0).
Note: Refer to [5] for instructions on installing the Hammer G5 software.

6.1 Configure IP Addresses on Hammer G5 Server

The Hammer G5 server needs to be configured with the IP addresses that it will need for each
channel. During the compliance test, 20 SIP trunk channels were used, but they were arranged
into two groups — one for outgoing calls and one for incoming calls. Each group required a
unique [P address. Only two IP addresses were required, one per group. The IP address used for
the SIP trunks handling outgoing calls was 10.32.24.170. The IP address used for the SIP trunk
handling incoming calls was 10.32.24.171. These IP addresses were configured in the
Advanced TCP/IP Settings under Network Connections in Windows 2003 Server.

Advanced TCP/IP Settings EHE

IP Settings |DNS | wins | options |

IP addresses

IF address | Subnet mask ﬂ
10.32.24.167 £55,255,255.0 —
10,32.24.170 £55,255,255.0 =
A T T R
Add. .. | Edit. .. | Remaove |

rDefaulk gateways:

Gakeway | Metric |
10.32.24.1 Autamatic
Add. .. | Edit... Remaove |

v Aukomatic rmetric

Interface mebric; I

QK I Cancel
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6.2 Configure SIP Endpoint Interface

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 initial window is displayed as follows.

~++Hammet Configurator i ] 9]
File Edit View Protocols TestBulder Applications Help

-5 Hammer Configurator

----- 5P Hammer F¥ Servers

.@ Harnrmet G5 Servers
& Hammer NXT Servers
8P Speech Rec Servers

----- &P Yoice Quality Servers

1 | Bl
Launches the Svstem Monitor application MM a4

The Hammer G5 must be in Master Controller Mode. Verify that it is in Master Controller

Mode by clicking the icon. Ifthe "=
already in Master Controller Mode.

icon is not displayed, the Hammer GS5 is
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Next, select Hammer G5 Servers item in the left pane and then click on Add a new system. The
Add/Remove Servers window will be displayed.

-+ Hammer Configurator - SITL - Maskter Controller Mode Enabled -0 x|

File Edit Yew Protocols TestBuilder

Applications  Help

ElefL] |3

=& Hammer Configurator

@ Hammer F¥ Servers
@ Hammer G5 Servers
@ Hammer MXT Servers
@ Speech Rec Servers

----- =P Yoice Quality Servers

Ready

Welcome to Hammer G5 Configuration
What would vou like to do?

Open the most recent confiquration

Add a new system
Start all Hammer G5 systems

Stop all Hammer G5 systems

Open online help

[ Nm[ 4

In the Add/Remove Servers window, specify a descriptive Server Name and the click the Add
button. The server name will be moved to the Current Servers section. Click OK.
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Mo Server Licenses In Use

Enter Server Mame: |57

Searching Hetwork. .

Current Servers:

Bemove |

OF. | Cancel Help
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Once the server is added to the system, the server name will appear in the left pane of the
Hammer Configurator. Expand the server name (e.g., SITL) in the left pane and click on /P

Channels Configuration. The following window will be displayed. Select Avaya SIP for the
Signaling Project and then click New.

~+ Hammer Configurator - SITL - Master Controller Mode Enabled - [current / unapplied]

% CEFHEEBED ST

Signaling Project:  |Avaya_SIP j Mew I ImportI Deletel CIearAIII Appl_l,ll Dpenl Savel Help I
Channel Range _|fvaya H3Z3 a

B Harmmer GS Servers
@ Advanced Settings

=B s

@ IP Channels Configuration
@ Signaling Server Configuration
‘Wersion and License Info
[=]-% Harmer MNXT Servers

janaling Praject I Audio Codec |

Clear Channel
Fast 5IPPhone
H323

.5 Speech Rec Servers
B Yoice Quality Servers

Signaling | Media | Signaling Preview | Media Previewl

g | Tame | Yalue | Incrementer Step
Launches the Fax Monitor application T %
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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 then be set as
follows:

= State Machine should be set to Avaya SIP Trunk.

= Trunk ANI can be set to any digits.

= Network Connection should be set to the appropriate network interface on the server.
= Local Trunk IP should be set to the IP address of the group (e.g., 10.32.24.170)

= Subnet Mask should be set to the network mask (e.g., 255.255.255.0).

= Avaya SES IP Address should be set to the IP address of SIP Enablement Services (e.g.,
10.32.24.100).

~++ Hammer Configurator - SITL - Master Controller Mode Enabled - SIP_20_TRK-TRK [unapplied]

File Edit Wiew Protocols TestBuilder Applications Help

Gl

SEalel LY

E@ Hammer Configurator Signaling Project: IAvaya_SIF' vl Mewe | ImportI Deletel CIearAIIl Apply | Dpenl Save | Help | =
S Hammer F¥ Servers = B Charrel T Sionaing Proat | &udio Cod
£1.45 Hammer G5 Servers 1 |-|-| ange : ane g | naln ro ec udio Codec
: . FU-10710)  [Featurs | Awaya SIP G.711 U-Law
&P Advanced Settings 11-20(10) Feature Avaya 5IP G.711 U-Law

2Bl s
@ 1P Channels Configuration
@ Signaling Server Configuration

[=]-% Hammer MXT Servers
% Configure Global
.. %P Speech Rec Servers

5P Moice Quality Servers

Sighaling | Media I Signaling Preview I Media Preview I

aQ | Mame | Yalue | Incrementer | Step I_‘
Stake Machine 3
@, S Trunk AND 9777 Mone hd
S Display Name Erers Mone LI
Metwork Connection Local rea Connection LI
3 Local Trunk IP 10.32.24.170 Mane j e
3 Subnet Mask 255.255,255.0 Mone ;I L
S Avaya SES IP Address | 10,32.24.100 Mane ;I =
Launches the Gap Monitor application [ [ (N
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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, G729, and G.723
codecs are supported.

* 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.

= Media Profile should be set to one that specifies the codec configured in the Audio
Codec field.

= The remaining fields should be configured as shown.

-+ Hammer Configurator - SITL - Master Controller Mode Enabled - SIP_20_TRK-TREK [unapplied]

Fil= Edit “ew Protocols TestBuilder Applications Help

2a (B ] SP Dk T
E"@ Hammer Configuratar Signaling Praject: IAvaya_SlF' vl New | ImportI Deletel CIearAIIl Apply | Dpenl Savel Help I

----- &P Hammer FX Servers

|_=_|@ Hammer G5 Servers

Channel Range | Channel Type | Signaling Project I Audio Codec |

: T 0] bl U-Law
-8 Advanced Settings 11-20010) Feature Awaya_SIP G.711 U-Law

=Bl sm

@ IP Channels Configuration
@ Signaling Server Configuration
‘Yersion and License Info
=% Hammer MXT Servers

& Canfigure Global
.. & Speech Rec Servers
.S Yoice Quality Servers

Signaling Media | Signaling Previewl Media Previewl

o) | Mame I Yalue Incrermenter Step
fudio Codec G711 U-Law =l
Frequency [ms] 20 [ms] LI
Metwork Connection Local Area Connection LI
2 Spurce IP Address 10.32.24.170 Mane ;I
@ 9 fudio Port 10000 NI =z
DTME Type In Band =l
Silence Tvpe Gap ;I
Jitker Buffer @ » Frequency [ms] LI
Subnet Mask 255.255.255.0
Media Profile Y5 |;|_|
RTCP Enabled =l
TestBuilder Configuration | Mone LI_I
Channel Type Feature LI
Launches the TestBuilder application ’_ l_ l_ v
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The second line in the grid that is highlighted in the figure below corresponds to the second
group of channels that will terminate the 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 with the exception that the Trunk ANI and Local Trunk IP fields will
be different. This group of channels will be assigned IP address 10.32.24.171.

-+ Hammer Configurator - SITL - Master Controller Mode Enabled - SIP_20_TRK-TRK [unapplied]
File Edit Wew Protocols TestBuilder Applications Help

S [ S o PRSI

|»

E@ Hammer Configurator Signaling Project: I.&vaya_SIP vl Mew | Importl Deletel EIearAIIl Appl_l,ll Dpenl Savel Help |

----- P Hammer FY Servers

Ela e ———— Channel Range | Channel Type | Signaling Project | Audio Codec |
i 1-10[10] Feature Avvapa_SIP G711 U-Law
&P Advanced Settings 1= 20 (10] G711 U-Law

- Bl s

: @ IP Channels Configuration
@ Signaling Server Configuration
Wersion and License Info
2% Harmrner MAT Servers

.5 Speech Rec Servers
.5 Voice Quality Servers

Signaling | Media I Signaling Previewl Media Pleviewl

g9 | Marme I Yalue Incrementer | Skep I_‘
State Machine
@ T Trunk AND 7888 Mone |
S Display Name 7805 Mane ;I
Metwork Connection Local Area Connection LI
& Local Trunk IP 10.32.24.171 Mane LI o
& Subnet Mask. 255.255.255.0 Mane ;I I
S avaya SES IP Address | 10,32.24,100 Mane ﬂ B
Launches the TestBuilder application Tz
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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.

-+ Hammer Configurator - SITL - Master Controller Mode Enabled - SIP_20_TRK-TREK [unapplied]

Fil= Edit “ew Protocols TestBuilder Applications Help
ml i L =
& B CHEOECFREABK T

E@ ARG QEEEE Signaling Project: IAvaya_SIP vl Mew | ImportI Deletel CIearAIIl Apply | Dpenl Savel Help I

&P Hammer F¥ Servers — - -
Channel Range | Channel Type | Signaling Project I Audio Codec |

& H G55
MM & J8MVErs 1-10(10) Feature fvaya SIP G.711 U-Law
&P Advanced Settings i sature 5 G.711 U-Law

@ IP Channels Configuration
@ Signaling Server Configuration
‘Yersion and License Info
=% Hammer MXT Servers

& Canfigure Global
.. & Speech Rec Servers

.S Yoice Quality Servers

Signaling Media | Signaling Previewl Media Previewl

o) | Mame I Walue Incrementer Step
fudio Codec G711 U-Law =]
Frequency [ms] 20 [ms] ;I
Metwork Connection Local Area Connection ;I
2 Spurce IP Address 10.32.24.171 Mone ;I
@ 9 fudio Port 10020 I x|z
DTME Type In Band =l
Silence Tvpe Gap ;I
Jitker Buffer @ » Frequency [ms] ;I
Subnet Mask 255.255.255.0
Media Profile Ll_l
RTCP Enabled =]
TestBuilder Configuration | Mone ;I_l
Channel Type Feature ;I
4| | @
Launches the TestBuilder application ’_ l_ l_ v
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The following windows show the configuration of the Media Profile used in the Media tab
above for the two channel groups. To access this window, click on the ellipses button (...) in the
Media tab. By default, there are Media Profiles for each audio codec type so this configuration
is not required since the profiles are available out-of-box. It is presented for informational
purposes. 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: '\ SITL Hammer IPSigseryeriSDPs"GT110nly.sdp 5[

— Sesszion Description

Include Field?  Field ¥ alue
|[|:|=] Owner: H ammer5
|[3=] Seszzion Mame: IHammer Test Sezzion
I |[i=] Sezszion Infarmation: I
r [u=] URI of Description: |
I |[e=] Email &ddress: I
I |[|:|=] Phore Murnber: I
r =] B andwidth Information: |
— [a=] Altributes

Add

Edit

d;

Delete

— Media Dezcriptions

¥ Audio Description | r Image [T.38] Descrption | r Yideo Mescription |

Mew | Save | Load Delete | Freview | (]

Cancel

Pl

Help
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The following window shows the codecs selected for this profile. This Media Profile was
already created and named G7110nly.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: %\ SITL Hammer' IPSigSeryer, SDPsGF110nly.sdp il

— Order and configure codecs to advertize in Media Frofile

Codec | Send 'ttprmap'? | Fayload Tupe | -

G.711U Ma 1]

OG.71a Mo a

OG.723 Mo 4

OG.729. Mo 18 |

O G.7294E Mo 18

[ G.726 40 kbts es 127

O G.726 32 kbt es a7 1.
O G.726 24 kbt Yes 93

O G.726 16 kbts Yes 93

RFC 2832 Yes 100 ¥
Mcouorn e 197 LI N

— Optional Dezcriptions

|Inn:|uu:|e Field? |Fie|u:| l’-.falue
[ li=] Media Informatian: I
N |[I:|=] B andwidth [nformation: |

— [a=] Attributes

&dd

E dit

d;

Delete

] I Cancel Help
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This completes the configuration of the SIP trunk interface. This configuration should be saved
by clicking the Save button 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 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... [Task 4 of 7]

Check that the system has been started by clicking on the server name (e.g., SITL) 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 TRK-TRK”.

-+ Hammer Configurator - SITL - Master Controller Mode Enabled [_ O]
File Edit “iew Protocols TestBuilder Applications Help
m — [7 —| =—
=] L T oo BT g
=% Hammer Configurakor
& Hammer FX Servers Configure Hammer G5 system: SITL
[=]-%P Hammer G5 Servers
@ Advanced Settings
=B =m - Current status
8 1P Channels Configurati .
& 17 Chemels Configuration System is started.
@ Signaling Server Configuration
..{&] version and License Info The configuration "SIP_20_TRK-TRK" is loaded
-8 Hammer MXT Servers and ready to run.
..&® Corfigure Global
.4 Speech Rec Servers
- Yo licy S 5 .
cice Qualty Servers ~Options Operations
[~ Auto start system on reboot F
Stop system |
Launches the Gap Manitor application L e
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6.3 Configure and Run the Test Script

This section covers the configuration of a test script. The sample test script covered here
establishes a VoIP call between two SIP trunks 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 is
displayed in a ladder diagram shown below. Each action in the test script can be configured by
double clicking on it. For detailed instructions on how to create the test script, refer to [6].
Each test step is examined below as a brief tutorial, but test scripts will vary depending on the
customer’s requirements.

~#+Hammer TestBuilder - [a_calls_b_¥0.hid] H=] E3
File Edit Macro ‘Wiew Toolbars Applications ‘Window Help _|ﬁl|1|

| -

a Hammer i r
- Main | Pluz | Fax | WolP | Speech
------ [C3 multisession A B ] ] ] ] ]
------ [Z3 calProfileTests Place Cal ﬂ Start Phone
...... [0 Awaya_EP-TRK \
...... &3 Avava_EP-EP ‘wiait For Call
[ a_calls_b_demf.hid % ? Play Prompt
(. lls_br_%.hid
I?‘ a_calls_b_vo Pauze ™ Pause

+59
Release Call
------ I?—‘ a_ralls_b_dtmf_analog.hl

Woice [uality
...... I;?—‘ a_calls_b_tone.hid Play @ Send Digit
...... I;?—‘ a_calls_b_tone_analog.hl Woice HQualiy %PI

------ I;?—‘ a_calls_b_video.hid Calculate )
...... I;%‘ a_ralls_b_voice.hid é;*‘ Place Call
...... I;?—‘ a_cals_b_wvaice_analog.k Pause ™ Pause )
...... (= a_calls_b_vQ.hid @ & st

p Phone
...... I;?—‘ TrainingMode . hld

23 Users Release Call
\ ‘w/ait For @ @ Send Tone

Dizconnect
@ Send IPMediaModify

@zz‘, Pause
% Confirm Path Stimulus

ERCNIERIE « I_'l_I

Launches the Signaling Editor application A
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In the sample test script configured above, the A-side (originating SIP trunk) places a call to the
B-side (terminating SIP trunk) 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 dial “825200” for all calls. The ‘8’ corresponds to the AAR access code on
Communication Manager and “25200” is the dialed number that is used to route the call.

Place Call Properties

]|

— Phane Mumber
' Lze Dial Sting

|azaznn

" Use Phone book

i~ Usze Channel Map

Cancel

I

Help

— Timeout [me]:

IEEIEIEIEI

— TDk Parameters

SO 57|
— P Parameters
H.323 Fiestiict ed |

— Connect Latency

[ DoConnect Latency  Connect Latency Params

The B-side then waits for one ring before answering the call as configured in the Wait for Call

action.
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WaitForCall Properties

MHurnber of rings befare answerning:

=

P Media Bestrict

]

Cancel

auil

Help

% Norestiction € Sudio orly

£ 138 Fax only

— Connect Latency

[T Do Connect Latency | Connect Latency Farams
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After the call is established, the A-side pauses for 4 seconds before proceeding.

Pause Properties |

Ok

. LCancel |
Time to pause:
| gec. ¥ | Help |

After the call is established, the B-side pauses for 2 seconds before proceeding. The B-side
waits for less time because it needs to start listening for the audio prompt before the A-side starts
to play it.

Pause Properties |

Ok

. Cancel |
Time to pause:
E I e, - I Help |

Important Note: In order for the call to succeed, the B-side needs to start listening for the audio
prompt before the A-side starts to play it. During the compliance test, the B-side started to listen
for the prompt about 2 seconds before the A-side started to play it. This can be controlled by the
length of the Pause step described above. However, the B-side should not start listening too

early (e.g., 5 seconds before the A-side starts playing the prompt or the call will most likely fail).

JAO; Reviewed: Solution & Interoperability Test Lab Application Notes 30 of 44
SPOC 5/21/2010 ©2010 Avaya Inc. All Rights Reserved. Hammer-SIP-TRK



After the pause by the A-side, it starts to play the audio prompt specified in the Prompt field of
the Voice Quality Play Properties window. The action properties also specify that a PESQ
score should be provided.

The B-side starts to listen to prompt to calculate the voice quality score.

JAO; Reviewed:
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¥oice Quality Play Properties |

b ethod Threzhold

" PSOM |3-5
"~ PAMS |3.5
+ PESO |25—

[T Enable DoubleT alk

Timeout [ms]; |3':":":":' _|j
Pause After [z IEI _Ij
ok I Help | Cancel |

¥oice Quality Calculate Properties |

LE Prompt; Iw:uip'l byl pl . pem
FSOM Threshald: 15

PAMS Threshald: 35

Timneout [mz]; 320000

I—
I—
PESO Threzhold: |25—
I—

Pause After [ms]: 0
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After the audio prompt is played the voice quality score is calculated, the A-side pauses for 3
seconds as shown below before releasing the call.

Pause Properties |

Ok

. LCancel |
Time to pause:
B I FEC. - I Help |

The B-side pauses for 1 second before releasing the call.

Pause Properties |

Ok

. Cancel |
Time to pause:
I e, - I Help |

The last step of the test script is to release the call.

YW ait For Disconnect Properties |

Timeout [mz]: ID
Canicel |
Help |

Once the test script is configured, save it from the Hammer TestBuilder application. Anytime a
change is made to the test script, it needs to be saved before it can be run. In this example, the
test script was saved as “a_calls b _VQ.hld”.
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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.

<+« Hammer TestBuilder - [a_calls_b_¥0.hild] [_100}
File Edit Macro VYiew Toolbars Applications Window Help =0

D & & I L]
v O
Eamm — | ¢I'| =
= R ke
| el
3 Hammer .
o M Fluz Fax | WalP | Speech
------ D multisession s E aln] ] ] ] 4 1
""" 0 calProfileTests Place Cal . start Phone
...... [ Awaya_ER-TRK \
------ i Avaya_EP-ER ‘wiait For Call
[= a_calls b_demf.bid g? Play Prompt
...... (= a_calls_b_dtmf hid O | t Pause ' Release Call
ls_b_ctmf _an: gy
" Aras b bl cchedule Edit & Run
£ a_ralls_b_tone.hid | R e et Run §@ Send Digit
Sl a_ralls_b_tane_anz Rebuild Yoice Quality 12y
a_calls_b_videa.hld Compiler Riesulks Calculate o
a_calls_h_voice.hld é Place Call
------ ?—‘ a_calls_b_wvaice_an. Delete H
_calls_b_: _an. L Pause
...... (= a_calls_b_va.hid Stop Phone
------ ;‘ TrainingMade. hld ﬂ ﬁ ;
(3 Users Felease Call o . |
oWt For . @ é Send Tone
Ilesc:onrhec:t ;
& Send IPMediaModi
o .
{D"’z Pause
% Confirm Path Stimulus
| | 1 4 >| i
=] 16 | 5] HVE A I
Ready A
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In the Properties window, set the Loop Count to the appropriate value to control the number of
times 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
Stagger section allows the user to specify how long to wait before the test is run on the next
channel. Next, click on the ellipses button (...) in the Channels section to assign channels to the
A-Side and B-Side.

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.

Properties |

TB Scheduler | Other |

I...IastethiI:nrary'&H ammerttyvaya EP-EPha_callz_b W0 hkid
Action if a Channel iz busy:

Start Time: | 24344PM = [ 4/21/2010 | fwai =]

— Channels

ASide: |SITL-10] M ax Active Connections: ||:|
I [0 = Unlimited)

B-Side: ISITL[H-ED]

— PhoneB ook,
Select a
. D efault-phonebook,
PhoneB ook: I [0 = Farever]

=
— Stagger Minutes: IIZI ::
1

j Max Test Time:  Hours: —

=l
" Automatic - Est. CHT [z |5
—Loop Count;
" UserDefined - [ms) ID
[-1 = Loop Forever] I

Mi |1
" Fandom - nls)

b an [315 —Guard Time [me]:
* Mone 1500

k. Cancel | Apply | Help |
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In the Channel Browser, select the channels in Channel Group 0 and assign it to the A-Side by
clicking on the appropriate right arrow.

T N
Avyailable Channels: A-Side: \LI

LCancel

B-Side:

wi2Y Channel Group: 1 -

11: SIF Channel
12.SIP Charnel
13: SIP Channel
14: 5IF Chanrel

15: 5IP Channel
16 QIR Chaeal LI

00000

Select the channels in Channel Group 1 and assign it to the B-Side by clicking on the
appropriate right arrow.

Channel Browser

Avyailable Channels: A-Side;

Ok
oH SITL LCancel |

‘e [0 Charnel Group: O

B-Side:
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After assigning the channels to the A-Side and B-Side, the Channel Browser window should
appear as follows. Click OK to return to the Properties window.

Channel Browser Ei I

i SITL Cancel
i (D Channel Group: 0

Available Channels: A-Side: \il

(=]

B-Side:

4 SITL
i [ Channel Group: 1

2] 4

In the Properties window, click OK to start the test. Monitoring the test progress is covered in
the Verify Empirix Hammer GS section (Section 8.2).
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Helpful Tip: Once a test starts to run, if an error is encountered on a particular channel, the test
will stop running on that channel unless the Hammer G5 is configured to continue running. To
allow a test to continue running after an error occurs, modify the Error Settings by clicking on

the @F icon on the Hammer Configurator. Click on the HC checkbox for each error type.
This will allow the test to hang up and continue when an error occurs.

Error Settings E |

Errar Reaction 1=
Error
HC sC =T Freeze Ic Threzhold
Call Mot Connected 3 - r r r F7A,
Unexpected Disconnect X r r r r P, |
Path Confirmation Error X r r r r P,
Inevalil Tone X r r r r P,
Irvalicd Digit 3 - r r r ria,
Mo Yoice X r r r r B,
Irvealicl W oice Clip 3 - r r r F7A,
Fax Error X r r r r P,
Ping Errar X r r r r P, -
— Legend

HC = Hang up and Cantinue - Stops thiz loop af the script and continues on to the nest loop

SC = Stop Channel - Stops thiz channel i number of erars iz areater than or equal to the threzhald

ST = Stop Test - Stops all channels if number of errarz iz greater than or equal to the threzhald

Freeze = Freeze Channel - Freezes a zcript where it iz if number of errars is greater than ar equal to the threshold

IC = Ighore and continue - lgnores the error and continues with the nest action

Cancel Crefault IP b etrics... | Help |
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7 General Test Approach and Test Results

Interoperability compliance testing covered feature and serviceability testing. The feature testing
was conducted by originating and terminating calls using the SIP trunk channels on the Hammer
G5 and establishing the calls through the Avaya SIP telephony network. The interoperability
compliance testing focused on the following areas:

=  Generation of moderate call load from the Hammer G5 to Communication Manager via
the SIP trunk interface with the call being terminated on the Hammer GS5.

=  Support of the G.711MU, G.729AB and G.723-6.3K audio codecs.

= Voice quality as measured by PESQ scores and path confirmation.

=  Support of non-direct audio, and direct audio with media shuffling.

= Recovery from adverse conditions during a load test.

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.

The serviceability testing focused on verifying the ability of the Hammer G5 to recover from
adverse conditions, such as disconnecting the Ethernet cable. Disconnecting the Ethernet cable
would obviously cause errors in the test run, but the test would continue to run if configured to
do so, otherwise the test would stop running after encountering errors.

All test cases passed. Empirix Hammer G5 was successfully compliance tested with Avaya
Aura™ Communication Manager and Avaya Aura™ SIP Enablement Services using SIP trunk
emulation.
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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, Aura™ SIP Enablement Services, and Empirix Hammer GS5.

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 SIP Enablement
Services. This command should specify the trunk group and trunk member used for the call be
specified.

status trunk 10/1 Page 1 of 3
TRUNK STATUS

Trunk Group/Member: 0010/001 Service State: in-service/active
Port: T00037 Maintenance Busy? no
Signaling Group ID: 10

IGAR Connection? no

Connected Ports: T00082

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

status trunk 10/1 Page 2 of 3
CALL CONTROL SIGNALING

Near-end Signaling Loc: 01A0417

Signaling IP Address Port
Near-end: 10.32.24.20 : 5061
Far-end: 10.32.24.100 : 5061
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: 10.32.24.175 : 10030
Far-end: 10.32.24.165 : 10010

Video Near:
Video Far:
Video Port:
Video Near-end Codec: Video Far-end Codec:
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8.2 Verify Empirix Hammer G5

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. This call monitor is also useful for checking that the terminating
channel is listening prior to the originating channel playing the prompt when a voice quality

score is required.

] Hammer System Monitor
File Yiew Channel Options Applications Help

I[=] B3

004 QAR A E

SO o

SFHEBED ST

Il:l Hammers
I@ SITL

Script a_calls_b_W0_A shx
Server: SITL  Group: 0 Channel: 1

Script: a_calls_b_V0Q_B.sbx

Server: SITL  Group: 1 Channel: 11

14:50:16.767 a_cals_b_V0 : is now initializing...

14:50:16.762 Start protocol completed

14:50:26.821 === PlaceCall ==

14:50:26.821 » Placing call to 825200

14:50:26.839 The signaling ransport pratocol is UDP

14:80:27.743 » Audio local port: 10.32.24.170:10000; remate destination
14:60: 27, 794 === Paysing for 4 seconds, =

14:50:31.734 === Bagin Simple YW Play ==

14:50:31.794 => SOpromptname = SITLHa_call:_b_VO#1#0000000201(
14:51:01 794 » Done Playing

14:51:01.794 === Payzing for 3 secands, ===

14:51:04.794 === Releaselall =

14:51:04.794 Clear digits completed

14:51:06.071 =>Pauzing for Guard Time 1500

14:51:06.577 === PlaceCall =+

14:51:06.571 » Placing call to 825200

14:51:06.576 The signaling tranzport protocal iz UDP

14:57:07.038 > Audio local port 10.32.24.770:10000; remate destination
14:51:07.068 === Pauzing for 4 zeconds. ==

< | i

SITL:1:11, Log Level is Mormal, Archiving is OFf

(]
(9]

0000000000

0000000000 °©
eooccooece

0 W = S M

=

14:80:15.716 a_calls_b_W0 : iz now intializing..

T4:80:15.717 Start protocol completed

14:50:15.728 === wiaitFarCall ===

14:50:15.739 The signaling transpoit protocol iz UDP

T4:50:27.378 » Audio local port: 10.32.24.171:10020; remate destination 10.32.24.2
T4:60:27. 429 > Answering cal in 1 rings

14:60: 27 429 == Paysing for 2 seconds, =

14:50:29.429 === Begin Simple VO Calculate ==

T4:50:29.429 > Recarding Prompt: woip14kbayl pl.pem

14:60:59 430 > Daone Recording

14:50:59.430 === Paysing for 1 second. ==

14:51:00.430 === WiaitF orDisconnect =

14:51:00.430 Clear digits completed

14:51:04.881 === \WiaitForCall ===

14:51:04.890 The signaling tranzport protocal iz UDP

14:51:06.394 » Audio local port: 10.32.24.171:10020; remote destination 10.32.24.2
14:51:06.424 » Anzwering callin 1 rings

T4:51:06.424 = Pausing for 2 seconds, =

14:51:08.424 === Begin Simple VQ Calculate ===
14:51:08.424 > Recording Prompt: voip14kboyl p1.pom
4« | ol

I

The 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
File wiew Channel Options Applications Help

=1 E3

o = [~ | ¢r| B
; = TP
IO 0@wDd As[E ST EE T mMBERJIE
I 1 Hammers
Scrpt a_calls_b_Y0O_A sbx
I @ SITL Server: SITL  Group: 0 Chanrel: 1
14:53:38.938 a_calls_b_%0 : is now initializing... -
CcC n 1 14:53:38.939 Start protocal completed T
14:53:48 988 == PlaceCall ===
HE oo o 14:53:45.988 > Placing call to 825200
14:53:49.000 The signaling tranzport pratocal iz UDP
2 O O 0 14:53:50.074 » Audic local port; 10.32.24.170:10000; remote destination 10.32.24.21:21684; using G.711 U-Law/20 ms, T 8000 Hz
303D 145360125 === Pausing for 4 seconds, =
45360 622 > Received re-INVITE : Processing
4 O O O 45360622 > Audic local port 10.32.24.770:10000; remote destination 10.32.24.21:2164; using G.711 U-Law/20 ms, T4 3000 Hz
5 O P 4:53:50.719 » Received re-MVITE . Processing..
4:53:50 713 > Audio local port 10.32 24 170:10000; remote destination 10.32 24.171:10026; using G711 U-Law/20 me, T+ 8000 Hz )
6 OO 45354126 = Begin Simple W0 Plag ==
7 O o O 14:53:54.126 => SUpromptname = 51TL#a_calls_b VO #T 0000000201 00001 #0H10411 754643 SHvoipl 4Mbopipl.pom
14:54:24 127 » Done Plaping -
8 O o O 14:54:24 127 === Payging for 3 seconds. =
14:54:27 127 === Feleaselall =
9 O o O 14:54:27 127 Clear digits completed
Mm O P 14:54:27 430 =>Pausing for Guard Time 1500
14:54:28 933 === PlaceCal ==
14:54:28.939 » Placing call to 825200 i
AATEAA AR Them i ol beme o e ol LR
I | ;I_I
Ready &
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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 M=
File Wiew Graph Applications Help
RESET [T | (REF OETSI 1l "=
- = m REFORTS T e % P ¢h-r‘| E
FEE oS = e :

Call Attempts: 1400 Calls per Hour: 924 CCS Last Hour: 341

Successful Calls:  |1400 Calls per Second: 0 Erlang Last Hour: 3.47

Failed: 0 DTHF Mizmatch: 0 Awg, CCS per Hour  |342

% Completed: 100.0000 &wa. Erlang per Hour: |3.50

Y arable Average | Minimurn | Masimurn | Last ﬂ

PakdS Quality n.oo 0.00 000 000

ParS Effort n.oo 0.0o0 0oo 000

FESQ 439 437 433 439

Front End Clipping [ms) 0.00 0.00 0o0 000 -

Server. |O System Default j

100

Launches the HT Log Yiewer application

Cunently Connected: |20

Graph Refresh Rate () |1 hd

Time Since Last Reset: 001:31:18
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Hammer Reports can be generated by clicking on the Reports icon in the Hammer Call
Summary Monitor. Various reports are available, such as the VQ Summary report shown
below, which displays the PESQ score for the calls on each channel.

[ Hammer Reports - [Summary Report] M=l E3
1 Eile ¥iew DataFile Applications Help i |ﬁ' |1|
vas 2 — = % F==]
T Jon e OFTHODEEBD L 7
X M 4 22 » M om (S &&|[[x F]| [ |8 Toeo  toox Daf0 ||
V0 SUMMARY REPORT
Aprf21/2010 1:15:25PM
Test Mame: 4 CALLS B VO
Packetsphere Test: o
Start Time:  2010-04-21 11:22:00
Stop Time:  2010-04-21 13:14:59
1 hours and 52 minutes
PESQ REPORT
PERQ
Server Channel NumberofTests AvgPESQ Score  Avg MOS Score Avg Offset Avg VAD Score
SITL 11 172 439 448 0.o0 0.o0n
SITL 12 172 438 443 0.0o 0.00
SITL 13 172 439 448 0.o0 0.o0n
SITL 14 172 439 448 0.o0 0.o0n
SITL 15 172 439 442 0.0o 0.00
SITL 16 172 439 448 0.o0 0.o0n
SITL 17 172 439 448 0.o0 0.o0n
SITL 18 172 439 448 0.o0 0.o0n
SITL 19 172 439 443 0.0o 0.00
SITL 20 172 438 448 0.o0 0.o0n
Total Number of Tests:  1,720.00 Total Averages: 439 4.48 0.00 0.00
PSOM
Average Man Average Woman Average Boy Average Girl
o.00 0.00 0.00 0.00
Launches the Signaling Editor application l_ i
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9 Conclusion

These Application Notes describe the configuration steps required to integrate the Empirix
Hammer G5 with an Avaya SIP telephony network using SIP trunk emulation. The Hammer G5
was able to successfully establish calls, generate voice quality metrics, monitor the calls, and
generate reports. All feature and serviceability test cases were completed successfully.
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