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Abstract

These Application Notes deribe the configuration steps required to integrate the En
HammerlP with Avaya Aura® Communication Manager and Avaya Aura® Session Ma
using SIP endpoint emulatiorEmpirix Hammer IP validates HBased systems by testing
actual network undeanticipated traffic conditions to providen anderstanding of expectd
performance. Empirix HammerlP can be used to assess and monitor network perform
reliability and quality of VoIP services in an Avaya IP telephony network. In
configuratian, Empirix HammerlIP emulates SIP endpoints that register with Avaya Au
Session Manager and originates and terminates calls through Avaya SIP telephony i
While the call is activeEmpirix HammerIP can send DTMF tones and voice media,
provide voice quality metrics. Call progress can also be monitored, and at the complg
the test, test reports can be generatempirix Hammer IP provides a collection 0
applications used to configure the system; create, schedule, and monitor testscade
reports.

Readers should pay attention to Section 2, in particular the scope of testing as out
Section 2.1 as well as the observations noted in Section 2.2, to ensure that their own |
are adequately covered by this scope andtesul

Information in these Application Notes has been obtained through DevConnect com
testing and additional technical discussions. Testing was conducted via the Dev(
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
HammerlP with Avaya Aura® Communication Manager and Avaya Aura® Session Manager
using SIP endpoint emulatiofempirix Hammer IP validates HBased systems bysting the

actual network under anticipated traffic conditions to provide a complete understanding of
expected performancd&mpirix HammerlP can be used to assess and monitor network
performance, reliability and quality of VoIP services in an Avaya Epteny network. In this
configuration Empirix HammerlP emulates SIP endpoints that register with Avaya Aura®
Session Manager and originates and terminates calls through Avaya SIP telephony network.
While the call is activeEmpirix HammerlP can send DMF 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 generateBmpirix HammerlP provides a collection of applications used to
configure the system; a&e, schedule, and monitor tests; and create reports.

The followingset ofHammerlP applications were used during the compliance testing:

Hammer Configurator used to configurand managée system.

Hammer TesBuilder used to create and run test stip

Hammer SystemMonitor used to monitoSIP registration status arall progress.
Hammer Call Summary Monitor used to monitor call completion and to create reports.

I > > D

Below is a list of related Application Not#sat describes terminating calls to Slémks, H.323
endpoints, and H.323 trunks.

A Application Notes for Empirix Hammé#é? with Avaya Aur® Communication Manager
and Avaya Aur® Session ManagarsingSIP Trunk Emulation[3]

A Application Notes for Empirix Hamm#? with Avaya Aura® Communication Mager
using H.323 Endpoint Emulatidd]

A Application Notes for Empirix Hamm#é? with Avaya Aura® Communication Manager
using H.323 Trunk Emulatiofo]

2 General Test Approach and Test Results

Interoperability compliance testing covered feature and servitgabsting. The feature testing
was conducted by originating and terminating calls using SIP endpoint channels on HEmmer
and establishing the calls through the Avaya SIP telephony network. The compliance test also
covered monitoring various repods the HammelP during and after the test runs, and

checking the status of various SIP resources on Communication Mafdgeserviceability

testing focused on verifying the ability of the Hamrieto recover from adverse conditions,

such as disconneny the Ethernetable and rebooting the server.

DevConnect Compliance Testing is conducted jointly by Avaya and DevConnect members. The
jointly-defined test plan focuses on exercising APIs and/or stantdasgsl interfaces pertinent

to the interoperaltly of the tested products and their functionalities. DevConnect Compliance
Testing is not intended to substitute full product performance or feature testing performed by
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DevConnect members, nor is it to be construed as an endorsement by Avaya chlbiieysait
compl eteness of a DevConnect memberds solutio

Avaya recommends our customers implement Avaya solutions using appropriate security and
encryption capabilities enabled by our products. The testing referenced in this DevConnect
Application Noteincluded the enablement of supported encryption capabilities in the Avaya
products. Readers should consult the appropriate Avaya product documentation for further
information regarding security and encryption capabilities supported by those Avaya products

Support for these security and encryption capabilities in amAwvaga solution component is
the responsibility of each individual venddReaders shdd consult the appropriate vendor
supplied product documentation for more information regarding those products.

For the testing associated with this Application Note, the interface between Avaya systems and
Empirix Hammer IRJid not include use of any sgific encryption features as requestgd b
Empirix.

2.1 Interoperability Compliance Testing

The interoperability compliance testing focused on verifying that the Hafhean register
with Session Manager as SIP endpoints, establish calls, send voice mégieg\ade voice
quality metrics. The following features and functionality were covered:

SIP endpoint registration with Session Manager.

Originating and terminating calls through Avaya SIP telephony network.

Support of G.71hulaw and G.729 codecs.

Suppat of directIRto-l P medi a (al so known as AShufflin
send audio RTP packets directly to each other without using media resources on the
Avaya Media Gateway).

Calls with IP Audio Hairpinningnabled

Generating voice qualitynetrics with Shuffling disabled.

DTMF support.

Originating calls from SIP endpoints and terminating callSithendpointsSIP trunks
H.323 endpointsand H.323 trunks

I > > D

I > > D

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

2.2 Test Results

Empirix HammeiP 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. The compliance test was completed with the following nlagmns:

A Direct IPto-IP Media (i.e., Shuffling) using H.323 trunks between Communication
Manager and Hammer IP is not supported. However, Shuffling with H.323 endpoints
and SIP endpoints/trunks is supported.
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A IP Audio Hairpinning with H.323 trunks isohsupported. However, IP Audio
Hairpinning with H.323 endpoints and SIP endpoints/trunks is supported.

A When a call scenario originates from a H.323 trunk and terminates on a SIP
endpoint/trunk, and uses the Media Server for media processing, the Sb&ifgye
must match between Communication Manager and Hammer IP. The payload type may
be configured in the SIP trunk group on Communication Manager or the Media Profile on
Hammer IP.

A Communication Manager does not shuffle calls between a SIP trurak-h8a3 trunk.
This is per design. If the originating endpointtbaHammerlP 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 ar@lik to a H.323 trunk and
the call is not shuffled.

Important Note: The purpose of this compliance test was to verify interoperability between
Hamme IP and Communicain Manageand Session ManagasingSIP endpointemulation.

That is, the goal wastverify that Hammer IP cargister SIP endpointgith SessiorManager
and establish calls. This was successfully verified. If a Hammer test encounters failed calls,
there are various items to consider, including:

A TheGuard Time andStaggerparametersnay be set too aggressively (e.g., Hammer IP
may be initiating too many calls too quickly) and the configuration under test may not be
able to handle the load generated by Hammer IP. These parameters should be considered
carefully for each test. It maymecessary to slow down the test to a rate that can be
reasonably handled by the test configuration.

A Resources may be getting exhausted in the AlbgdiaGateway. These resources may
include media processing resources, tetacte receivers (TTRS), netrk trunks, and
TDM bus resources.

A The pause duration in a test script may need to be adjusted to synchronize the A and B
sides.

Generally speaking, call failures encountered in Hammer IP are usually a result of one of the
issues mentioned above.

2.3 Support
Technical support othe Empirix HammelP can be obtained via phonsebsite or email.

A Phone: (978) 3137002
A Web:  https://www.empirix.com/support/maintenance/
A Email: supportcontract@empirix.com
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3 Reference Configuration

The network diagrarahown inFigure 1 illustrates the test configuration. In this configuration,
Session Manageeceivescallsfrom the HammelP, whichemulaesSIP endpoins. The call is
routed through the Avaya SIP telephony networke call iseventuallyrouted back to the
HammerlP where it is terminatedWhile the call is established, the Hamnifeésends voice
meda (i.e., RTP traffic) using an audio recordinbhis allows voice quality metrics to be
provided at the end of each call. The HamiReapplications running on the Hammi€rserver
were used to configure the system, create and monitor the tests, &rbeviest reports.

Note: When testing IP Audio Hairpinning, an Avaya G650 Media Gateway with a Media
Processor (TN2302AP) was required, but not shown in the diagram below.

-

™ Avaya Aura® Communication Manager

SIP Endpoint
(Originating Port) -

SIP Trunks

A

Call Scenario 1:
SIP Endpoint

(Terminating Port)

SIP Endpoint
(Originating Port) -

Call Scenario 2:

A

SIP Trunk
(Terminating Port)

SIP Endpoint AR L
(Originating Port) _ Avaya Aura® Session Manager
- (10.64.102.117)

Call Scenario 3: = -
H.323 Endpoint

(Terminating Port) .
Avaya G450 Media Gateway

SIP Endpoint
(Originating Port) .

A

Call Scenario 4:
H.323 Trunk

(Terminating Port)

Figure 1: Empirix Hammer IP 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 Mager

7.1.3 FP3
(RO17x.01.0.532.0 with Patch 24515

Avaya G450 Media Gateway

FW 38211

Avaya G650 Media Gateway with
A Media Processor TN2302AP

) HW12 FW121

A CLAN TN799DP HWO01 FW044
Avaya Aura® Media Server v.7.8.0.393
Avaya Aura® Session Manage 7.1.3.0.713014
Avaya Aura® System Manager 7.1.3

Build No.7 7.1.0.0.1125193
Software Update Revision No: 7.1.3.0.0377
Feature Pack 3

Empirix HammernP running on Microsoft
Windows Server @12 R2Standardvith 2.93
GHz (4 processors) Intel Xeon CPU and @B
of RAM on VMware

7.1.0.37
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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:

I > > > >

Administer IP Node Names

AdministerIP Codec Set

Administer IPNetwork Region

Administer SIP Trunk Group t8esion Manager
AdministerSIP Stations

Administer AAR Call Routing

Communication Manages configured through the System Access Terminal (SAT).

5.1 Administer IP Node Names
In thelP Node Namedorm, assign an IP address and host nam€donmunication Managy

(procr) and Session Manageatgvconsn). The host names will be used in other configuration

screens of Communication Manager.

change node - names ip Page 1lof 2

Name
HammerlP- Orig
HammerlIP- Term

IP NODE NA MES
IP Address
10.64.102.171
10.64.102.181

default 0.0.0.0

devcon - aes
devcon - ams
devcon - sm

10.64.102.119
10.64.102.118
10.64.102.117

procr 1 0.64.102.115

procr6

(8 of 8 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 - hame 'xxx' or add a node - hame
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5.2 Administer IP Codec Set

In thelP Codec Setform, specify the audio codec(s) required by the test that will be run on the
HammerlP. The form is accessed via tbigange ipcodecset lcommand. Note the codec set
number since it will be used in the IP Network Region cedén the next section. For the
compliance test, G.7MU, G.729AB, and G.729A codecs were used. InPh€odecSet

form, specify the appropriate codec being used by the Hammer test. Below is the IP codec set
configured for G.71Inu-law.

changeip -codec-setl Page 1of 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:

5.3 Administer IP Network Region

In thelP Network Region form, specify the codec set to be used for Hammer calls and specify
whetherlP-IP Direct Audio (Shuffling) is required for the test. Shuffling allows audio traffic to
be sent directly beteen IP endpoints without using media resources in the Avaya G450 Media
Gatewayor Media Server Note that if Shuffling is enabled, audio traffic does not egress the
HammerlP since the calls would be shuffle@&EnablelP Audio Hairpinning , if required. The
Authoritative Domain for this configuration ivayacom

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

Location: 1 Authoritative Do main: avaya.com
Name: Stub Network Region: n
MEDIA PARAMETERS Intra -region IP - IP Direct Audio: no
Codec Set: 1 Inter -regionIP - IP Direct Audio: no
UDP Port Min: 2048 IP Aud io Hairpinning? n

UDP Port Max: 50999
DIFFSERV/TOS PARAMETERS
Call Control PHB Value: 46
Audio PHB Value: 46
Video PHB Value: 26
802.1P/Q PARAMETERS
Call Control 802.1p Priority: 6
Audio 802.1p 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 Bignaling Group form as follows:

A Set theGroup Type field to sip.

A Set thdMS Enabled field ton.

A TheTransport Method field was set tdils.

A SpecifyCommunication Managepfocr) and the Session Manager as the two ends of the
signaling group in th&lear-end Node Namdield and theFar-end Node Namdield,
respectively. Thesedld values are taken from thie Node Namedorm.

A Ensure that th&LS port value 06061is configured in th&ear-end Listen Portand
theFar-end Listen Portfields.

A The preferred codec for the call will be selected from the IP codec set assigmedPo t
network region specified in tHear-end Network Regionfield.

A Enter the domain name of Session Manager ifFtreend Domainfield. In this
configuration, the domain nameasayacom

A TheDirect IP-IP Audio Connectionsfield was enabled on thisrm.

A TheDTMF over IP field should be set to the default valuatptpayload

A EnablelP Audio Hairpinning , if required.

A Disablelnitial 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 10 Page 1lof 2
SIGNALING GROUP
Group Number: 10 Group Type: sip
IMS Enabled? n Transport Method: tls
Q SIP? n
IP Video? n Enforce SIPS URI for SRTP? n

Peer Detection Enabled? y Peer Server: SM
Prepend '+' to Outgoing Calling/Alerting/Diverting/Connected Public Numbers? y

Remove '+' from Incoming Called/Calling/Ale rting/Diverting/Connected Numbers? n
Alert Incoming SIP Crisis Calls? n
Near - end Node Name: procr Far - end Node Name: devcon - sm
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? y Initial IP - IP Direct Media? n
H.323 Station Outgoing Direct Media? n Alternate Route Timer(sec): 6
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Configure theTrunk Group form as shown below. This trunk group is used for SIP calls to
HammerlP. Set theGroup Type field to sip, set theService Typefield to tie, specify the

signaling group associated with this trunk grouphieSignaling Group field, and specify the
Number of Memberssupported by this SIP trunk group. Configure the other fields in bold and
accept the default values for the remaining fields.

add trunk - group 10 Pa ge 1lof 22
TRUNK GROUP
Group Number: 10 Group Type: sip CDR Reports: y
Group Name: To devcon  -sm COR: 1 TN: 1 TAC: 1010
Direction: two - way Outgoing Disp lay? n
Dial Access? n Night Service:
Queue Length: 0
Service Type: tie Auth Code? n
Member Assignment Method: auto
Signaling Group: 10
Number of Members: 40

5.5 Administer SIP Stations

Configurea SlPstationfor eachSIP channel on the Hammé#P. Set theType field to either
9620SIPor 9630SIP Set thePort field to IP and configure a descriptiléame. For the
compliance test, 28IP stations were usadith extensions ranging frof8501to 78520 The
first groyp of 10 channels (extensior8501to 78510 wereused tooriginate calls. The calls
were therterminatel on the remaiing 10 channels (extension8511to 7852(. Repeat this
procedure for each channel required by the HammerTé&.SIP statiomvasconfigured
automatically by System Manager as describesiction6.7.

display  station 78501 Page lof 6
STATION
Extension: 78501 Lock Messages? n BCC: 0
Type: 9620SIP Security Code: TN: 1
Port: S00049 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: 78501

Display Language: english

Survivable COR: internal
Survivable Trunk Dest? y IP SoftPhone? n
IP Video? n
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Configure theStations with Off-PBX Telephone Integrationform so that calls destined for a
SIP endpoinbn the HammelP are routed t&ession Managewhich will then route the call to
HammerlP. On this form, specify the extension of the SIP endpoint and saptiieation

field to OPS ThePhone Numberfield is set to the digits to be sent over the @liAk. In this
case, the SIP telephone extensions configuregession Managetso match the extensions of
the corresponding stations on Communication Manager. However, this is not a requirement.
Finally, theTrunk Selectionfield is set taaar. This field specifies Auto Alternate Routing
(AAR) routing. In this case, thErunk Selection field would be set taar to trigger AAR

routing Configuration othe AAR Analysis andRoute Patternforms would also be required.
Refer to[1] for information @ routing calls using AAR or ARS. Repeat this step for each SIP
endpoint required on the Hamm@er(e.g., extensiong8501to 7852Q.

change off - pbx - telephone station - mapping 78501 Page 1of 3
STATIONS WITH OFF- PBX TELEPHONE INTEGRATION

Station Application Dial CC Phone Number Trunk Config Dual

Extension Prefix Selection Set Mode
78501 OPS - 78501 aar 1
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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 add7&mn tatmrgutdedap:
10 as shown below.

change aar analysis 78 Page 1lof 2
AAR DIGIT ANALYSIS TABLE
Location: all Percent Full: 1
Dialed Total Route Call Node ANI
String Min Max Pattern Type Num Reqd
78 5 5 10 levO n

Configure a preference Route PatterdO to raute calls over SIP trunk grouf® s shown
below.

change route - pattern 10 Page 1lof 3
Pattern Number: 10 Pattern Name: To devcon -sm

SCCAN? n Secure SIP? n  Used for SIP stations? n

Grp FRL NPA Pfx Hop Toll No. Inserted DCS/ IXC

No Mrk Lmt List Del Digits QSIG

Dgts Intw
1:10 O n user
2: n user
3: n user
4: n user
5: n user
6: n user
BCC VALUE TSC CA - TSC ITC BCIE Service/Feature PARM Sub Numbering LAR

012M4W Request Dgt s Format
l:yyyyynn rest unk -unk none
2:yyyyynn rest none
3yyyyynn rest none
4:yy yyynn rest none
5:yyyyynn rest none
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6 Configure Avaya Aura® Session Manager

This section provides the procedures for configuring Sessioradga. 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 paramestused by Session Manager when
routing calls to/from SIP Entities

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

Add SIP Users

Session Manager, corresponding to the Session Manager Server to be mgnaged b
System Manager

DI DD DD

Configuration is accomplished by accessing the browased GUI of System Manager using
t he URL <iptdddresg*sS MGR 0 , <ipwaldeesseis the IP address of 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 selectingobomainson the left and clicking thiew button on the righ¢not shown) The
following screen will then be shown. Fill in the following:

A Name: The authoritative domain name (e &vayacon).
A Type: Set tosip.
A Notes: Descriptive text (optional).

Click Commit.

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

Home | Routing *

4 Home / Elements / Routing / Domains [+]
i Commit |Cancel

— Domain Management

Adaptations

Entity Links 1ltem Filter: Enable

9
—
<
il
]
z
=

Time Ranges

" . avaya.com sip |~
Routing Policies

Dial Patterns

Regular Expressions
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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, kelsations on the left and click on
theNew button (not shown) on the right. The following scragihthen be shown. Fill in the
following:

UnderGeneral
A Name: A descriptive name.
A Notes: Descriptive text (optional).

The screen below shows addition of TH®rntonlocation, which includes Communication
Manager and Session Manager.

Aura System Manager 7. |
Home | Routing *

4 Home [ Elements / Routing / Locations (+]

Domains
Location Details Commit| Cancel

Adaptations
General

* Name: |Thornton

Notes:

Time Ranges

Routing Policies

Dial Patterns Dial Plan Transparency in Survivable Mode

Regular Expressions Enabled: []

Listed Directory Number:

Associated CM SIP Entity: [0,

UnderLocation Pattern
A IP Address Pattern: A pattern used to logically identify the location.
A Notes: Descriptive text (optional).

Click Commit to save thé.ocation definition.

1Item Filter: Enable
[ | 1P Address Pattern s Notes
[0 +*|i0.64.102.*

Select : All, None

Commit| Cancel
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6.3 Add SIP Entities

In the sample configuration, a SIP Entity is addedSkession Manager ari@mmunication
Manager

6.3.1 Avaya Aura® Session Manager

A SIP Entity must be added for Session Manager. To add a SIP Entity, J&ldttities on the
left and click on théNew button (not shown) on the right. The following screen isldisal.
Fill in the following:

UnderGeneral
A Name: A descriptive name.
A FQDN or IP Address: IP address of the signaling interface on Session Manager.
A Type: SelectSession Manager
A Location: Select one of the locations defined previously.
A Time Zone: Time zone for this location.

18 11:05 AM

8 11:05 AM
off admin

[ d on at July 23, 20
Aura” System Manager 7. | #Log

x

Home Routing
4« Home / Elements / Routing / SIP Entities [+]
Domains } )
e — SIP Entity Details Commit| | Cancel
Adaptations General

SIP Entities * Name: devcon-sm

* FQDN or IP Address: 10.64.102.117

Time Ranges Type:  Session Manager

Routing Policies
= Notes:
Dial Patterns

Regular Expressions Location: | Thornton |+

Qutbound Proxy: v
Time Zone: | America/New_York ~
Minimum TLS Version: Use Global Setting ~

Credential name:
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UnderListenPorts, click Add, and then edit the fields in the resulting new row as shown below:

A Listen Ports: Port number on which the system listens for SIP
requests.

A Protocol: Transport protocol to be us¢o send SIP requests.

A Default Domain The domain used for the enterprise (e.g.,
avayacon).

Defaults can be used for the remaining fields. GGoknmit (not shown}o save the SIP Entity
definition.

Listen Ports

Add Remove

3 Items & Filter: Enable
[ |Listen Ports Protocol | Default Domain Endpoint Notes
[1 |so80 TCP |~ avaya.com | v
[ |sos0 UDP |+ avaya.com | v
|REE TLS |+ avaya.com | v ||
Select : All, None
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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,3&lect
Entities on the left and click on thidew button on the right. The following screen is displayed.
Fill in the following:

UnderGeneral

A Name:
FQDN or IP Address:

A descriptive name.
IP address of the signaling interface (eGpmmunication
Manager procr)) on the telephony system.

A Type: SelectCM.
A Location: Select one of the locations defined previously.
A Time Zone: Time zone for this location.

Defaults carbe used for the remaining fields. Cli€ommit to save each SIP Entity definition.

Aura System Manager 7.1

Home Routing ®

M< Home / Elements / Routing / SIP Entities (+]
SIP Entity Details Commit| |Cancel
m * Name: devcon-cm
* FQDN or IP Address: 10.64.102.115
Type: |[CM
Adaptation: s
m Location: | Tharnton |~
Time Zone: | America/New_York ~
* GIP Timer B/F (in seconds): |4
Minimum TLS Version: | Use Global Setting ~
Credential name:
Securable: []
Call Detail Recording: none |~
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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, sele&ntity Links on the leftand click on théNew button (not shown)
on the right. Fill in the following fields in the new row that is displayed:

A Name: A descriptive name (e.gdevconcm link).

A SIP Entity 1: Select the Session Manager.

A Protocol: Select the appropriate protocol.

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

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

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

A Connection Policy: Selecttrusted Note: Iftrusted is not dected,

calls fromthe associated SIP Entity specified in
Section6.3.2will be denied.

Click Commit to save the Entity Link definition.

Last Logged on at July 23, 2018 11:05 AM

Aura” System Manager 7. | # Log off admin

Home Routing *

M< Home / Elements / Routing / Entity Links [+]
nee
Entity Links
New Mare Actions -
| somies |
6 Items 2 Filter: Enable
O | name SIP Entity 1 Protocol | Port | SIP Entity 2 Port Dv';:_side E“:‘;ff;““ D;::'v:';‘” Notes
[] deveon-zam devcon-sm s 5061 devcen-aam s061 O trusted o
| [0 devcon-cm link devcon-sm TLS 5061 devcen-cm 5061 O trusted
m O %ﬁ deveon-sm upe 5060 devcon-ipose 5060 O trusted o

O HammerlP-Orig  devcon-sm upe 5060 HammerIP-Orig 5060 O trusted o

O HsmmerlP-Term deveensm uop 5060 HammerlP-Term 5060 O trusted o

Select : All, None
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6.5 Define Communication Manager as Managed Element

Before addingsIP 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

ElementsA Inventory A Manage Elementson the left and click on thidew button (not shown)
on the right. In thépplication Type field that is diplayed, selecCM.

In theNew CM Instancescreenfirst select Communication Manager as Thyg@e (not shown),
and therfill in the following fields as follows:

UnderGeneral Attributes

A Name: Enter an identifier for Communication Manager.

A Hostname or IP Address Enter the IP address of the administration interface for
Communication Manager.

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

A Authentication Type: Select Password

A SSH Connection: Selectcheckbox.

A Port: Enter the port number for SSH administration access
(5022).

Defaults can be used for the remaining fiel@ick Commit to save the settings.

Last Logged on at July 23, :05 AM

Aura” System Manager 7. | # Log off admin

*®

Home | Inventory

4 Home /[ Services / Inventory / Manage Elements [+]

?
Manage Elements Help ?

Create Profiles and Manage Elements | Discovery
Discover SRS/SCS Help ?

Edit Communication Manager devcon-cm

Subnet Configuration Commit Reset Cancel

} Manage
Serviceability Agents

General Attributes (G) SNMP Attributes (S)
} Synchronization
» Connection Pooling *  Name devcon-cm Description devcon-cm

* Hostname or TP Address 10.64.102.115 Alternate IP Address
*  Login super Enable Notifications O

® password *  Port 5022
Oasc Key Location

*

Authentication Type

o Add to Communication
Password = |esssse
Manager

*

Confirm Password = |essese
SSH Connection
RSA SSH Fingerprint (Primary IP)

RSA SSH Fingerprint {(Alternate IP)

Commit |Reset |Cancel
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6.6 Add Application Sequence

To define an application for Communication Manager, navigaidaiments A Session
Manager A Application Configuration A Applications on the left and sele®tew button (not
shown) on the right. Fill in the following fields:

Name: Enter name for application.
SIP Entity: Select the Communication Manager SIP entity.
A CM System for SIP Entity ~ Select the Communication Manager managed element.

A
7

Click Commit to save the Application definition.

Jul 3, 2
& Log off admin

ome | Session Manager

. Home / Elements / Session Manager / Application Configuration / Applications o
B
Dashboard Help ?

e A Application Editor Commit| |Cancel
Administration

Application
Global Settings Ll
Communication *Name DEVCON-CM-APP
Profile Editor *SIP Entity [Q.devcon-cm
¥ Network oM View/add
n ration System for | devcon-cm |v | Refresh CM

Col
¥ Devi Location

SIP Entity Systems
Description
~ Appl
Conl ion
Applications Application Attributes (optional)

Application
Sequences Name ‘Value
Application Handle
Conference
URI Parameters
Factories
NRS Proxy Users

¥ System Status
» System Tools Enable Media Filtering []

Application Media Attributes

|Audiu Video Text Match Type 1f SDP Missing |
| YES YES YES NOT_EXACT ALLOW ‘
*Required Commit  Cancel
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Next, define the Application Sequence for Communication Manager as shown below.

Verify a new entry is added to tigplications in this Sequenceable and théandatory

column is¥l as shown below.

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

Application.

Home | Session Manager *

4 Home / Elements [ Session Manager / Application Configuration / Application Sequences [+]
Session Manager Application Sequence Editor Commit | Cancel
Admil -ation
Application Sequence
Coi jon *Name bEVCON—CM App Sequence
Description
P Network )
Configuration = B - -
Applications in this Sequence
» Device and Location
Configuration
~ Application 1 Item
Configuration Sequence
[0 |order (first to | Name SIP Entity Mandatory Description
Application 0 =« = x DEVCON-CM-APP devcon-cm
Sequences Select : All, None
.
Factories Available Applications
Implicit Users
1ltem & Filter: Enable
e s
+ DEVCON-CM-APP deveon-cm
*Required Commit  Cancel
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6.7 Add SIP Users

Add a SIP user foeachSIP endpoint channel on HamniBras defired inSection5.5.
Alternatively, use the option to automatically generate the SIP stations on Communication
Manager when adding a new SIP user.

To add new SIP users, expddger Managementand selecManage Usersfrom left and select
New button (not shown) on the right.

Enter values for the following required attributes for a new SIP user Ide¢héty section of the
new user form.

A Last Name: Enter the lat name of the user.

A First Name: Enter the first name of the user.

A Login Name: Enter<extension>@<sip domain>of the
user (e.g.78501@avayacom).

A Authentication Type: SelectBasic

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

Aura” System Manager 7. |

Home | User Management ¥

4 Home [/ Users / User Management / Manage Users o
New User Profile

Syst P
Identity * Communication Profile Membership Contacts
ACLs

User Provisioning Rule -

Commit & Continue, Commit  Cancel

Communication

Profile Password User Provisioning Rule: 03

Policy

Identity -
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Select theCommunication Profile tab and configure the following fields:

A Communication Profile Password: Enter he password which wilisedby
) HammerlP to log into Session Manager.
A Confirm Password: Re-enter the password from above.

Aura” System Manager 7. |

Home | User Management ¥

R —— 4 Home [ Users / User Management / Manage Users [+]
2
Public Contacts New User Profile Commit & Continue| Commit Cancel
Shared Addresses

) ST Identity * ‘Communication Profile Membership Contacts
ACLs

Communication Communication Profile -

il e Communication Profile Password: ssesss

Policy

Confirm Password: esesss Generate

Click Newto define aCommunication Addressfor the new SIP user. Enter values for the
following required fields:

A Type: SelectAvayaSIP.
A Fully Qualified Address: Enter extension number and select SIP domain.

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

Communication Address =

Type Handle Domain

No Records found

Type: | Avaya SIF w
* Fully Qualified Address: |78501 @ | avaya.com w
Add Cancel
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In theSession Manager Profilgedion, specify the Session Manager entity frBettion6.3.1
for Primary Session Managerand assign th&pplication Sequencedefined inSection6.6to
both the originating and termitiag sequence fields. Set tAi@me Locationfield to the
Location configured inSection6.2

Session Manager Profile =

SIP Registration

* Primary Session Manager Primary | Secondary | Maximum

Q. devcon-sm

36 0 36
Secondary Session Manager IQ
Survivability Server IQ
Max. Simultaneous Devices |1 |«
Block New Registration When m
Maximum Registrations
Active?
Application Sequences
Origination Sequence | DEVCON-CM App Sequence w
Termination Sequence | DEVCON-CM App Sequence w
Emergency Calling Application
Sequences
Emergency Calling Qrigination (None) »
Sequence
Emergency Calling »
Termination Sequence (None)
Call Routing Settings
* Home Location | Thornton “
Conference Factory Set | (None) v
Call History Settings
Enable Centralized Call [
History?
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In theCM Endpoint Profile section, fill in the following fields:

>\

> >

System:

Profile Type:

Use ExistingEndpoints:

Extension:
Template:

Select the managed element cep@nding to
Communication Manager.

SelectEndpoint

If field is not selected, the station will automatically be
added in Communication Manager.

Enter extension number of SIP user.

Select tenplate for9620 or 963GBIP phone.

> >

Port: EnterlP.

The screen below shows the information when adding a new SIP user to the sample
configuration. ClickCommit (not shown}o add the SIP user.

CM Endpoint Profile =

* System | devcon-cm ~
* Profile Type | Endpoint ~
IZI

Use Existing Endpoints

* Extension

* Template

Set Type

Security Code
Port

Voice Mail Number

Preferred Handle
Calculate Route Pattern

Sip Trunk

SIP URI

Attendant

Enhanced Callr-Info display for 1-line phones

Display Extension Ranges

78501 Endpoint Editor

:0620SIP_DEFAULT CM 7 1 i

(None) ~

aar

(None) ~

Delete Endpoint on Unassign of Endpoint

from User or on Delete User.

Override Endpoint Name and Localized Name

Allow H.222 and SIP Endpoint Dual

Registration
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6.8 Add Session Manager

To complete the configuration, @dg the Session Manager will provide the linkage between
System Manager and Session Manager. Expan8dbgion Managemenu on the left and
selectSession Manager Administration Then clickAdd (not shown), and fill in the fields as
described below arshown in the following screen:

Underldentity.

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

A Management Access Point Host Name/IP:
Enter the IP address of the Session Manager
management interface.
UnderSecurity Module

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

Session Manager

Use default values for the remaig fields. ClickCommit to add this Session Manager.

Aura” System Manager 7. |

Home | Session Manager *

4 Home / Elements / Session ger / Session g istration [+]
?
Dashboard Help ?
Session Manager Edit Session Manager Commit| |Cancel
Administration
re z General | Security Module | Monitoring | CDR | Personal Profile Manager (PPM) - Connection Settings | Event Server
= SEie Expand All | Collapse All
Communication
) General »
Profile Editor
[ —— SIP Entity Name devcon-sm
Configuration Description
¥ Device and Location *Management Access Paint Host Name/IP [10.64.102.116
Configuration
* -
» Application Direct Routing to Endpeints | Enable
Configuration Data Center | None |~
m Avaya Aura Device Services Server Pairing | None v
} System Tools
Maintenance Mode []
Security Module «
SIP Entity IP Address 10.64.102.117
*Network Mask |255.255.255.0
*Default Gateway |10.64.102.1
*Call Control PHB |46
*SIP Firewall Configuration | SM 6.3.8.0 v
Monitoring i+!
Enable SIP Monitoring
*Pproactive cycle time (secs) |60
*Reactive cycle time (secs) |30
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7 Configure Empirix Hammer IP

This section provides the procedures for configuring the Empirix Harlitnérhe procedures
fall into the following areas:

A

A

A
A

Assign IP addresses to each HamiRezhannel.

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

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

Create and run the test script usingltt@nmer TestBuilder.

7.1 Configure IP Addresses on Hammer IP Server

The HammelP 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 weresed to terminate calls. This requires a block of 20 IP addresses, which
must be contiguous. The 20 IP addresses used werd @:6Mm102171 t010.64.102190.

These IP addresses are configured inditheanced TCP/IP Settingsunder Network

Connectiongnot shown)in Windows ServeR012

Advanced TCP/IP Settings -
IP Settings | DNS | WINS
IP addresses
IF address Subnet mask ~
10.64.102.171 255,255.255.0
10.64.102.172 255.255.255.0 h
< m »
Add... | | Edit... | | Remove
Default gateways:
Gateway Metric
10.64.102.1 Automatic
Add... | | Edit... | | Remaove
Automatic metric
| K | | Cancel
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7.2 Configure System

This section covers the configuration of originating and terminating channels and the PhoneBook
on HammelP. In this configuration, the originating channels emulate SIP endpoints (described
in Sectin 6.7). The terminating channels can emulate SIP endpoints, SIP tHI32Z3 trunks

or H.323 endpoints. These Application Notes will explicitly describe the configuration for
terminating calls to SIP endpo@in Section7.2.2.1 In addition, referenceare providedo

other Application Notes for configuring terminating channels as SIP trithB23 endpointsr
H.323trunksin Sections7.2.2.2 7.2.2.3 and7.2.2.4 respectively. Only one of those sections

needs to be followed depending on the configuration desired.

7.2.1 Configure Originating Channels i SIP Endpoints

The Empirix HammelP is configured through thlammer Configurator, a graphical user
interface, residing on the Hamm@rserver. From the Hamm#é® server, run thélammer
Configurator. The following screen is displayed.

Note: It is assumed that Hamm#t is already inMaster Controller Mode. To verify, check

that the title bar of thelammer Configurator indicatesMaster Controller Mode Enableak
shown below. It is also assumed that a system was already added tdithea@oon. In this
configuration, the system nameidN-LDONOTK8GKE which corresponds to the server name.

In theHammer Configurator, the server name will appear in the left pane oHammer
Configurator. Expand the server name (eMyIN-LDONOTK8E) in the left pane and click
onIP Channels Configuration. The following window will be displayed. Sele&vaya SIP
for theSignaling Projectand then clickNew.

® Hammer Configurator - WIN-LDONOTKSGKE - Master Controller Mode Enabled - [current / unapplied] I;‘i-
File Edit View TestBuilder Applications Help
ml E] [ — v o] ﬁ i {_r =
= = : s TP
2 EEGFDS @FODESFmBR
ﬁ Hammer Configurator Signaling Project ’78IP-I 1 MNew | Impert | | | | Open | | Help ‘ ~
E@ Hammer IP Servers o R ivana H323 ” i Pron | rdin Cod |
i Advanced Settings annel Range gnaling Project udio Cadec =
- B WIN-LDONOTKBGKE BICC
@ P Ch e Confi . C!SCU Skinng
annels Lon’ IgUrEtIDI"I Cizco SIP ~
Speech senver ) . Signaling I Media | Signaling Preview | Media Preview |
@ Signaling Server Configuration
: Version and License Info | Q | Mame | Value | Incrementer Step |
@ Speech Rec Servers | h
@ WVoice Quality Servers < i >
Ready
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The first line in the grid that is highlighted in the figure below correspontietd0 originating
channels. To set the number of channels in the group, click @htenel Rangecell in the
grid and enter the numb&60. The following fields in th&ignalingtab should be set as follows:

A State Machineshould be set tdvayaSIP Sation.

A Station Extensionshould be set to the first extension in the group (é8R01 and the
Incrementer andStepfields should be set as shown so that the extension of the
subsequent channels are incremented by one. This covers extension8530dno
78510

A Display Namemay be set to the first extension in the group (8p01 and the
Incrementer andStepfields should be set as shown so that the extension of the
subsequent channels are incremented by one. This covers extension8530dno
78510

A Network Connectionshould be set to the appropriate network interface.

A Phone IPshould be set to the IP address of the first channel in the group and the
Incrementer andStepfields should be set as shown so that the last of octet of the IP
addressd incremented by one. Note that this requires a block of contiguous IP
addresses. This covers IP addresses 1@64.102171to0 10.64.102180

A Subnet Maskshould be set to the network mask (€2§5.255.255.)

A Avaya IP should be set to the Session Mgar SIP interface (e.d.0.64.102117).

A Station Security Codeshould match the one configuredder the Communication
Profile tab of theSIP Userin Session Manager describedSaction6.7.

A Register with Avaya SM should be set t¥es

A Authenticate with Avaya CM should be set t¥es

A The default values for other fields may be usedshown

= Hammer Configurator - WIN-LDONOTK8GKE - Master Controller Mode Enabled - [current / unapplied] =|a -
File Edit View TestBuilder Applications Help
=EESFES @FOCEEEmB R G
_@Hammeriﬂﬂﬁgwatnr Signalng Project: [5IP1 =] Mew | tmpant | Delste | Clearan| apply |- Save | Helo |
©5r2?;:seze;:ngs Channel Range | Channel Type | Signaling Project | Audio Codec
E|L_,|WIN L DONOTKEGKE 1-10010) Feature Awaya_SIP G.711 U-Law
@ IP Channels Configuration
:rgEnEa[l?nsgeS:?\:er Configuration S ‘MEE'IH] Signaing Prawawl Meda F'EWEWW
-|E] Version and License Info ﬂ Name I Value Incrementer | sy
@ Speech Rec Servers State Machine IL‘
+B) Voice Quality Servers @ | % Station Extension 78501 Y T hd B
&3 Display Name 73501 nAME++++++++ =11
Network Connection | Ethemet =l
& Phone [P 1064102171 999.999.999.+++ ﬂ 1
Subnet Mask 255.255.255.0
@ Phone Port 5060 None =l
& Avaya IP 10.64.102.117 Nene |
@ Destination Port 5060 None =l
3 Station Security Code | 123456 None =l
Register With Avaya ... | Yes ﬂ
Authenticate With A... | Yes =l
3 Requested Expiration... 3600 None =l
Auto Re-Register Yes, every (n) seconds j
% Re-Registration Seco... 720 None |
@ | @ Registration Stagger | 1000 | seseeess =200
Transport Protocol upp j
Enable OPTIONS "Pl... |NO j
Agent Login No ﬂ
Ready
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In theMedia tab of the 10 originating channels, configure the fields as follows:

Audio Codecshould be set to theppropriate codec for the test. G711 &, 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 tieCodec Setform onCommunication Manager

for the specified codec.

Network Connectionshould specify the appropriate network interface.

Source IP Addressshould be set to the IP address of the first channel in the group. The
Incrementer andStepfields should be set as showo 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 Authie
Codecfield. Thedefault values for the remaining fields may be used as shown.

(==

= Hammer Configurator - WIN-LDONOTK8GKE - Master Controller Mode Enabled - [current / unapplied]

File Edit View estBuilder App‘ICEtIDHS HE'p
-iW @ [P E |‘" -¢».r| I
= L3

e @3

m Hammer Configurator
E@ Hammer [P Servers
@ Advanced Settings
- B WIN-LDONOTKAGKE
@ IP Channels Configuration
Speech Server
Signaling Server Configuration

Signaling  Media | Signaling Preview ] Media Preview ]

al

Name | Value |
Audio Codec
20 [ms]
Ethernet
10.64.102.171
10000
In Band
Audio

Incrementer Step

Frequency [ms]
Metwork Connection
3 Source IP Address
G O Audio Port
DTMF Type

Ll

999.999.999,+++

1

b 2
Silence Type
Jitter Buffer
Subnet Mask
Media Profile
RTCP

Ll

8 x Frequency [ms]
255.255.235.0
GT11U.sdp
Enabled

=l
=l

MNone

Disabled

TestBuilder Configuration

SRTP Encryption

Ready
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7.2.2 Configure Terminating Channels

During the compliance test, the originating channels emugifedndpoints with the calls
terminating orSIP endpoints, SIP trunks, Bit323 endpoints. &ect one of the following
subsections depending on the configuration desired.

Section7.2.2.1for terminating calls oi$IP endpoints
Section7.2.2.2for terminaing calls onSIP trunks
Section7.2.2.3for terminating calls oi.323endpoints.
Section7.2.2.4for terminating calls on H.323 trunks.

> >

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

7.2.2.1Configure Terminating Channelsi 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.t 8& Channel Rangecell to the number of
channels in this group. The configuration of 8ignalingtab is similar to the one for the group
of originating channels iBection7.2.1with the exception that tHgtation Extensionand

Phone IPfields will be different. This group of channels will be assigned exteng@bis1to
78520and IP addresses froh0.64.102181t0 10.64.102190 Again, the IP addresses for this
group of diannels need to be contiguous.

® Hammer Configurator - WIN-LDOMOTKSGKE - Master Controller Mode Enabled - SIP-EPT-EPT [unapplied] I;‘i-

File Edit View TestBuilder Applications Help
ml El 3 = = —
5= B v o0 @B DEEFEFRBE T

ﬁHammer Configurator Signaling Project: ’h MNew | Import| Delete| CIealA\|| App|y| Dpen| Save | Help ‘

: @ Hammer IP Servers

@ Advanced Settings

B WiN-LDONOTKEGKE

@ IP Channels Configuration

| Channel Range | Channel Type ‘ Signaling Project | Audio Codec |
1-10(10) Feature Avapa_SIP G.711 U-Law
11-20[10) 5.711 U-Law

. z;er:l?ns;s:zer Configuration Signaling | Media | Signaling Preview | Media Preview |
Version and License Info 9 | Name | Value | Incrementer | Step
@ Speech Rec Servers State Machine
@ Voice Quality Servers &, T Station Extension 78511 name++++++++ hdl B}
T Display Name 78511 NAME+++++4+++ hal B
MNetwork Connection Ethernet ﬂ
2 Phone IP 10.64.102.181 999.999.999.+++ hdl B
Subnet Mask 255.255.255.0
& Phone Port 5060 None |
T Avaya IP 10.64.102.117 MNone j
& Destination Port 5060 MNone j
&3 Station Security Code 123456 Mone j
Register With Avaya SM Yes j
Authenticate With Avay... Yes ﬂ
4 Requested Expiration [s] | 3600 MNone j
Auto Re-Register Yes, every (n) seco... ﬂ
o Re-Registration Seconds | 720 Mone j
@, & Registration Stagger 1000 bbbt > 200
Transport Protocol upp ﬂ
Enzble OPTIONS "PING" | NO j
Agent Login Mo ﬂ
Ready
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TheMedia tab for the group of terminating channels is shown below. The configuratike is
the one for the group of originating channels except foSthece IP Addresdfield.

@ Hammer Configurator - WIN-LDOMOTKSGKE - Master Controller Mode Enabled - SIP-EPT-EPT [unapplied] I;‘i-

File Edit View TestBuilder Applications Help
ml = [x Eam = i =
| rod @3B CFmB kST

ﬁ Har‘;mer Cor:l;igsurator Signaling Project: | SIP- ~| Mew | Import| Delete| CIealA\|| Apply | Open | Save | Help ‘
armmer P Servers
& @ Advanced Settings | Channel Range | Channel Type ‘ Signaling Project | Audio Codec |
1-10(10) Feature G.711 U-Law
(B WIN-LDONOTKEGKE 11 - 20 (10) IP 5.711 L-Law
IP Channels Configuration

Speech Server

Signaling Media | Signaling Frevi Media Previ
@ Signaling Server Configuration ignaling | ignaling rewew] edia rewew]

Version and License Info 2 | Name | Value | Incrementer Step

@ Speech Rec Servers Audio Codec
@ Voice Quality Servers Frequency [ms] 20 [ms] j
Metwork Connection | Ethernet j

3 Source IP Address 10.64.102.181 596,999,999+ + + j 1

Q| @ Audio Port 10000 U =l
DTMEF Type In Band -l
Silence Type Audio j
Jitter Buffer 8 x Frequency [ms] j

Subnet Mask 255.255.255.0
Media Profile G711U.sdp j_|
RTCP Enabled ~|
TestBuilder Configu...| Mone ﬂ_|
SRTP Encryption Disabled -l
Ready
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7.2.2.2Configure Terminating Channelsi SIP Trunks
To terminate the dia to SIPtrunks follow the instructions described[B], specifically:

A Section 5describes how to configure call routing on Communication Manager.
A Section 6describes how to configure SIP trunks to HamiResn Session Manager.
A Section 72.2.1descriles how to configure terminatirf®Ptrunks on HammeiP.

A Section 74 describes how to specify the dialed digits when running a test script.

The configuration described in all the aforementioned sectiof8 ofust be completed for
terminating calls t&IP trunks.

7.2.2.3Configure Terminating Channelsi H.323 Endpoints
To terminate the calls to H.323 endpoints follow the instructions descriljé] specifically:

A Section 5describes how to configure H.323 endpoints fortémminatingchannels on
Communicatbn Manager.

Section 6.2.2.Hescribes how to configure terminating H.323 endpoints on Harfmer
Section 6.2.3Jescribes how to configure the PhoneBook.

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

> >

The configuration dscribed in all the aforementioned sectionglpmust be completed for
terminating calls to H.323 endpoints.

7.2.2.4Configure Terminating Channelsi H.323 Trunks
To terminate the calls to H.323 trunks follow the instructions describéd, ispecifically:

A Sedion 5 describes how to configure H.323 trunks and call routing on Communication
Manager.

A Section 6.2.2.Hescribes how to configure terminating H.323 trunks on Hanfer

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

The configuration described in all the aforementioned sectiojag ofust be completed for
terminating calls to H.323 trunks.
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7.2.3 Configure the PhoneBook

ThePhoneBookis used to specify which number each originating channel should dial when
placing a call.Click on thePhoneBookicon (not shown)n theHammer Configurator. The
PhoneBookwindow is displayed below. Thehannelcolumn is automatically displayed with
the appropriate channel groups. Rigiduse click on the first line corresponding to theugr of
originating channels (channelslD) and select thimcrement using a simple formatoption as
shown below.

# Phonebock: C\Hammenr\LoadBlaster\Config\GlobalPhoneBooks\SIP-EPT-EPT.phn -

File Help
€|®)

D |8~ &
Phonebook Settings ]Channel Map Settings ] Phone List Settings ]

Use Phone List Channel Phone # Configured Phone # Fig
r WIN-LDONOTKSGKE Channel Groupl:1-10 T e
r WIN-LDONOTKSGKE Channel Group1:11-20 Expandy/Cellapse Channels

| Increment using a simple format

Increment using an advanced formula

1 | 5

QK | Cancel Help
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In theSimple Incrementerwindow, specify the number that the first originating channel should
dial in theStart Value field. In this example, the first channel will dia8511, which

corresponds to channel 11. Setlineement By field to 1. This specifies that the subsequent
channels should increment the dialed number by one. For example, channel 1 V@bdial
channel 2 willdial 78512 and so on. Th8tart Channelfield should be set to the first channel
number and th&nd Channelfield should be set to the last originating channel number, which is
10. ClickOK.

- 2
Simple Incrementer _

Server  [WIN-LDOMNOTKBGKE j

Colurmr; |F'h|:une B ﬂ

| =]

Fill Type

* ChannelFil " Group Fil

Tel.Numbers | |P Addresses | URLs | MAC Addresses |

" Al numbers around nonnumerics
(2.g. 9..1..888-555-"999 becomes 9.1, 888-556-"000)

% oocyyy-zzzz
(" o0t (e.g. 1(B88) 555-5595 becomes 1 (889) 555-9559)
(" yyy (e.g. 1 828 555 5999 becomes 1 888 556 3959)
* zzzz (eg. 1-388-555-9999 becomes 1-388-555-0000)

[ Use H323 formatting with prefi: j
Start Walue: |?851 1
Increment By |'I

Start Channel: |-I

End Channel: |'|':|

k. | Cancel | Apply Help
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Once thePhoneBookis configured, seledtileA Save Asto save thé’honeBook

Help

Mew
Open
Save

Save As ngs I Phone List Settings I

Import Phone List Channel Phone # Configured Phone #
Import Channel Map a1 78501

E Channel Group1:11-20 78521 78511
1SIP-EPT-EPT.phn

2 TLT-SIP-TRK-EPT.phn
3 H323-EPT-EPT.phn
4 TLT-SIP-EPT-EPT.phn

ThePhoneBookis saved aSIP-EPT-EPT.phnin the following window. Thig?honeBookwill
be used when running the test.

T ‘_h <« Config » GlobalPhoneBooks w G| | Search GlobalPhoneBooks

Organize *  Mew folder

8 Downloads | ~|  Name Date modified

“El Recent places
= P |_1 H323_Phonebook.phn 11/17/2017 7:26 PM PHN File

|| H323-EPT-EPT.phn 7/6/20181:37PM  PHN File
|| H323-EPT-EPT-REV.phn 7/10/2018 10:46 AM  PHN File |
|| H323-EPT-SIP-EPT.phn 7/6/20183:00PM  PHN File
|| H323-TRK-EPT phn 7/9/20185:28PM PHN File
|| H323-TRK-SIP-EPT.phn 7/9/2018647PM  PHN File
|| MGCP_NCS_Phonebook.phn 11/17/2017 726 PM PHN File
| SIP_Phonebook.phn 11/17/2017 :26PM  PHN File
| SIP_UE_Phonebook.phn 11/17/2017 7:26 PM PHN File
|| SIP-EPT.phn 7/9/2018815PM  PHN File
| _| SIP-EPT-EPT.phn 7/6/2018 230 PM  PHN File

AT . L Sndn Ao e ARA

1% This PC
5 Con JUAN-MAIR
_H Desktop
_ﬂ Docurments
j Downloads
_ID Music
_E Pictures
_ﬂ Videos
[l Local Disk (C:)

€l Network <] m |

File name: | SIP-EPT-EPT phn

Save as type: | PhoneBook Text Files (*.phn)

I~ Hide Folders
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7.3 Save and Apply the Hammer IP Configuration

This completes the configuration of Hamniier This configurdon should be saved by clicking
the Savebutton(not shown)n theHammer Configurator window. The configuration needs to
be applied to the server for the changes to take effect. Click dptig button(not shown)n
theHammer Configurator window. The following window is displayed as the configuration is
being applied to the server.

Applying Configuration to Server(s)...

IUpdating Signaling Servers... (Task 5of 7)

Check that the system has been started by clicking on the server nam#/{¢.g.,

LDONOTK8GKE in the left pane of thelammer Configurator. If the current status Bystem

Is Stoppedclick theStart systembutton 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 save8IBEPT-EPT. When the system is started, the
HammerlP will register SIP endpoints withfSessiorManager.

= Hammer Configurator - WIN-LDOMOTKSGKE - Master Controller Mode Enabled I;‘i-
File Edit View TestBuilder Applications Help
ml __ E] X — 1 I o 3 ==
HDEELSD S @FE CEmMBAR ST
ﬁ Hammer Configurator
2+ Hammer IP Servers Configure Hammer IP system:
D Advanced setting: WIN-LDONOTKSGKE
¥ IP Channels Configuration ~Current status
Speech Server H .
Signaling Server Configuration SySte m is star tEd "
: Version and License Info The configuration "SIP-EPT-EPT" is loaded and
[ Speech Rec Servers ready to run.
@ Voice Quality Servers
~Options Operations
[ Auto start system on reboot Start system
Stop system
Reboot system
Ready
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7.4 Configure and Run the Test Script
For the compliance test, two default test scripts were used:

A
A

The sample test scriptpice Quality Test.hid
endpoints on HamméP, followed by the originating side playing an audio prompt to therar
so that voice quality metrics (e.g., PESQ score) casbtened. The test script is configured
with theHammer TestBuilder application and can be displayed in a ladder diagram as shown

a_calls_b_dtmf.hid
Voice Quality Test.hld

to verify DTMF

to verify voice quality

below by doubleclicking on the test script name.

, establishes a VolP call between t&i®

@

@

Hammer TestBuilder - [Voice Quality Test.hld]

E\Ie Edit Macro View Toolbars Applications Window Help

0O =

@3B=

(== |
|- [=]x]

crEEBr ST

&3 Hammer

- [Z] multisession
£ CallProfileTests
-..[2 a_calls_b_dimf.hid
LE‘ a_calls_b_tone.hld
L??—‘ a_calls_b_video.hld
L?—‘ a_calls_b_voice.hld
I;‘ Advanced Voice Quality Test.hld
-.[=2 Calibratehld
L??—‘ CF_Audio T38Fax_Then_Audic.hld
L?—‘ CF_Audio_Then_T38Fax.hld
...[Z] CF_T38Fax_Only.hid
[ ConfirmPath.hld
|;_?—| ConfirmPathVoice.hld
[ DTMF Test.hid
I;‘ MaintainConnection.hld
|§| MaintainConnectionVoicehld
|;_?—| SampleFax.hld
L?—‘ SampleSpeech.hld
...[= SignalingOnly.hid

= Voice Quality Test.hid

|22 a_calls_b_dtmf.hld
I;‘ a_calls_b_dtmf_anzlog.hld
[ a_calls_b_tone.hld
I;E,—‘ a_calls_b_tone_analog.hld
|22 a_calls_b_video.hld
I;‘ a_calls_b_veoice.hld
I;_E,—‘ a_calls_b_voice_analog.hld
I;?—‘ Register.hld

|22 TrainingMode hid
I;‘ Unregister.hid

2] Users
IZ] 7B |I5] HVB

Ready

A EB
Place Call
\ ‘Wit For Call
Woice Quality
Play
Yoice Quality
Calculate
Pauze =t Pauzs
Voice Quality
Play
Yaice Hualiy
Calculate
Maintain " Maintain
Connection Stim [ Connection
Pause " Pause
Release Cal
\ wiait For
Disconnect
< >

>

=l

Main] Plus ] Fax] VolP ] Speech ]

ﬂ: Start Phone
g"'f Play Prompt
k4 Y P

9
Release Call

{% Send Digit

é, Place Call

ﬁ Stop Phone

4 Send Tone
%%

4 Send IPMediaModi
{o& b

@{vz Pause
% Confirm Path Stimulus
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In the sample test script configured above, thgide (originatingSIP endpoint) places a call to
the Bside (terminatingIP endpoint) using th@lace Callaction. ThePlace Callproperties can
be configured by doublelicking on the action in the ladder diagram. Fiace Call

Propertiesis configured to use the Phoneikoas shown below.

Note: Disable theDo Connect Latencyoptionin thePlace Call Propertieswindow.
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Place Call Properties

Phone Mumber ]
" Usze Dial Sting

Cancel

Help

.........................................

" Uze Channel Map

Timeout [ms]:
E0000

TOM Parameters

IP Parameters

H.323 Fiestrict Media |

Connect Latency

[ Do Connect Latency
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To run the test, rightnouse click on the test script in the left pane ofHhenmer TestBuilder
window and navigate t8cheduléy Edit & Run. To re-run the test, the user can simply select
Schedulé Run, if no changes are required.
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