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Abstract

These Application Notes describe the confijorasteps required to integratee Symetrix 2
Line VoIP Interface Cardvith Avaya Aura® Communication Manager and Avaya Aur
Session ManagerThe 2 Line VolIP Interface Card supports a range of telgphamctions,
including dial, hold, resume, transfeand conference, and registers with Avaya Au
Session Manager as a SIP endpoint. The 2 Viol® Interface Card is a SiPased plugn

card for Symetrix Radius AE@Gnd Radius Edgeroducts. For this compliance test, the 2 Li
VoIP Interface Card wamstalled in Symetrix Radius AEC. Radius AEC used the 2

VoIP Interface Card for audio signaling processing for conferencing and sound reinfor
in distance learning and meeting (i.e., conference room) applications.

Readers should pay attentianSection 2 in particular the scope of testing as outlined in
Section 2.1as well as the observations noted®erction 2.2 to ensure that their own use cag
are adequately covered by this scope and results.

Information in these Application Notes haseheobtained through DevConnect complia
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 configurasteps required to integrdatee Symetrix 2

Line VolIP Interface Cardith AvayaAura® Communication Manager and Avaya Aura®
Session ManageiThe 2 Line VolP Interface Card supports a range of telephony functions,
including dial, hold, resume, transfendaconference, and registers with Avaya Aura® Session
Manager as a SIP endpoint. The 2 Lf@P Interface Card is a Slifased plugn card for
Symetrix Radius AEC and Radius Edge products. For this compliance test, the 2 Line VoIP
Interface Card was italed in Symetrix Radius AEC. Radius AEC used the 2 Line VolP
Interface Card for audio signaling processing for conferencing and sound reinforcement in
distance learning and meeting (i.e., conference room) applications.

With the 2 Line VoIP Interfac€ard, Radius AEC was able to establish or participata audio
conferencavith parties on local stations or PSTN via the Avaya&Bed network. tBer
participants in a meeting room or class roevhere Radius AEC is located, could then
communicate wh the conference participant& a microphone and speakerphone connected to
Radius AEC.

2. General Test Approach and Test Results

The interoperability compliance test included feature and serviceability testing. The feature
testing focused on establishingllse between Symetrix 2 Line VoIP Interface Card (installed in
Symetrix Radius AEC), Avaya SIP and H.323 IP Deskphones, and the PSTN, and exercising
basic telephony features, such as hold, mute, transfer and conference. Additional telephony
features, suchs call forward, call coverage, call park/unpark, and call pickup were also verified
using Communication Manager Feature Access Codes (FACs) and Feature Name Extensions
(FNEs).

The serviceability testing focused on verifying that$yenetrix 2 Line VolFRnterface Card
cameback into service after yfeonnecting the Etherneableor rebooting th&Symetrix Radius
AEC.

DevConnect Compliance Testing is conducted jointly by Avaya and DevConnect members. The
jointly-defined test plan focuses on exercisingsA&#hd/or standaresased interfaces pertinent

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

2.1. Interoperability Compliance Testing
Interoperability compliance testing covered the following features and functionality:

A SIP regstration of 2 LineVolP InterfaceCard with Session Manager.
A Calls between Radius AEC with 2 Line VolP Card and Avaya SIP/H.323 IP Deskphones
with Direct IP Media (Shuffling) enabled and disabled.
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Calls between 2 Line VolterfaceCard and the PSTN.

G.711, G.729 and G.722 codec support.

Proper recognition of DTMF tones.

Basic telephony features, including hold, mute, redial, multiple calls, transfer;arty3
conference.

Extended telephony features using Communication Manager FACs and FNEd! for C
Forward, Call Park/Unpark, and Call Pickup.

Use of programmable buttons on 2 Line VolIP Interface Card.

Proper system recovery after a restart of Radius AEC with 2 Line VolIP Interface Card
and loss of IP connectivity.

> > D> D> >

2.2. Test Results
All test cases paed with the following observation(s):

A Blind conferences not supported, but attendsaipervised conference is supported.

A When supporting a blind transfer (i.e., completing a transfer prior to the trpastgr
answering the call or while itisringing) Symetri x 2 Line Vol P 1nt
drop off the call until the transf¢o party answers the calllo initiate a blind transfer,
the VoIP card establishes a call and then initiates the transfer by pressing the transfer
button the first time. fe transfetto party is then dialed and starts ringing. Prior to the
transferto party being answered, the VolP card completes the transfer by pressing the
transfer button a second ti me. The- Vol P c
party arswers the call at which time the caltiansferred immediately and the VoIP card
drops off the call. Typically, with a blind transfer, the pdiythis case the VolP card)
initiating the transfer drops off the call before the trangigrarty answerthe call.

A When Radius AEC with the 2 Line VolIP Interface Card places a SIP call on hold, the 2
Line VolP Interface Card sends a SIP INVITE with & pparameter in the Request
URI. Thefi e pparameter contains a syntax error resulting in Communicktamager
ignoring the SIP message. The VolP cadends the SIP INVITE message a total of 9
times, and then eventuallghe call fails (i.e., the call is dropped). The VolIP card
includepeothardameter in the S| P ohNNetduFeE aft e
the EndpoirView header was received from Session Manager during the establishment
of the call. The Endpoir¥iew header is not required by the VolP card to process calls.
If Session Manager does not send the Endpdienv header to the VolBard, then the
Vol P card wono6ét include it in the SIP | NVI

o Theworkaround is to remove the EndpoiMiew header from the SIP INVITE
before it is sent to the VolP Candingan Adaptation configured on Session
Manager(seeSection6.1). However, this adaptation should only be applied to
calls involving the VoIP card. This adaptation should not affect any other call.

As part of this workaround, a separate SIP troelwveen Communication
Manager and Session Manager is configured $&#ion5.5.1) and dedicated for
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calls to the VolIP card. All other calls will use a different SIP trunk $sstion

5.5.2. The SIP trunk dedicated to calls to the VolP card will be associated with a
SIP entity on Session Manager (Ss=tion6.2.]) that is configured with the
adaptation. For calls mado the VoIP card, Communication Manager will route
the call over the appropriate SIP trunk (Seetion5.8). For outgoing calls from

the VoIP card, the appropriate SIP entity will service the call as sgeaifithe
application sequence (s8ection6.6.1) configurel in the VolP card SIP user
(seeSection6.7).

2.3. Support

For technical support and information Symetrix2 Line VolPInterfaceCard contactSymetrix
customer support at:

A Phone:1 (425) 7787728
A Website:http://www.symetrix.co/support/
A Email: support@symetrix.co
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3. Reference Configuration

Figure lillustrates a sample configuration with an Avaya-8#3ed network that includes the
following products:

A Avaya Aura® Communication Manager running in a virtual environment with an Avaya
G450 Media Gateway.

Media resoures in the Avaya G450 Media Gateway and Avaya Aura® Media Server
(not shown in figure).

Avaya Aura® Session Manager connected to Communication Manager via a SIP trunk
and acting as a Registrar/Proxy for SIP telephones.

Avaya Aura® System Manager used tmfigure Session Manager.

Avaya 9600 and 96x1 Series H.323 and SIP Deskphones.

Symetrix 2 Line VolIP Interface Card installed in Symetrix Radius AEC

>\

>\

> > D>

The Symetrix 2 Line VolP Cangkgistered with Session Managera SIP endpoirindwas
configured as GfPBX Stations (OPS) on Communication Manager.

sl i I :1 i s .- @ [il
Avaya Aura® Comm tion Manager

running in Virtual Environment

Symetrix Radius AEC with 2
Line VolIP Interface Card,
Microphone, and Speakerphone

Avaya G450 Media Gateway E E E

Avaya 9600 Series
H.323 and SIP Deskphones

Figure 1: Avaya SIP-based Network and Symetrix Radius AEC with Symetrix 2 Line VoIP
Interface Card
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4. Equipment and Software Validated

The following equipment and software wered for the test configuration.

Equipment/Software

Release/Version

Avaya Aura® Communication Manager

7.0.11 FP1SP1
(RO17x.00.0.441.0 with Patch 23169)

Avaya Aura® Media Server

7.7.0.226

Avaya Aura® Session Manager

7.01.1 (7.0.1.1.701114)

Avaya Aur® System Manager

7.0.1.1

(Build No. 7.0.0.016266
Software Update Revision No:
7.0.1.1.065378

Service Pack 1)

Avaya 9600 Series IP Phones

3.260A (H.323)

Avaya 96x1 Series IP Phones 7.0.1.1.5 (SIP)
Symetrix 2 Line VoIP Interface Card 6.16
SymetrixRadius AEC 5.4

Symetrix Composer 5.4
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5. Configure Avaya Aura® Communication Manager

This section provides the procedures for configuring Communication Matisgagh the
System Access Terminal (SATYhe procedures include the following areas:

Verify License

Administer IP Node Names

Administer IP Codec Set

Administer IP Network Region

Administer SIP Trunk$o Session Manager
Configure Private Numbering

Administer SIP Stations

Administer AAR Call Routing

I I I D I T D D

Important Note: For this compliance test, two StiRinks between Communication Manager

and Session Manager were established, one dedicated for calls to Symetrix 2 Line VolP Card and

another one for all other calls. The rationale for this is explain8édtion2.2 The difference

between these two SIP trunks is that each uses a different SIP port and the SIP trunk used for
calls to the 2 Line VoIP Interface Card has an adaptation rule applied to it on Session Manager.

5.1. Verify License

Using the SAT, verify thiethe OffPBX Telephones (OPS) option is enabled orstrsten
parameters customeroptionsform. The license file installed on the system controls these

options. If a required feature is not enabled, contact an authorized Avaya sales representative.

On Page 1 verify that the number of OPS stations allowed in the system is sufficient for the
number of SIP endpoints that will be deployed.

display system - parameters customer - options Page 1of 12
OPTIONAL FEATURES

G3 Version: V17 Software Package: Enterprise
Location: 2 System ID (SID): 1
Platform: 28 Module ID (MID): 1

USED
Platform Maximum Ports: 6400 69
Maximum Stations: 2400 21
Maximum XMOBILE Stations: 2400 0
Maximum Off - PBX Telephones - EC500: 9600 O
Maximum Off - PBX Telephones - OPS: 9600 13
Maximum Off - PBX Telephones - PBFMC: 9600 0
Maximum Off - PBX Telephones - PVFMC: 9600 0
Maximum Off - PBX Telephones - SCCAN:0 O
Maximum Survivable Processors: 313 0

(NOTE: You must logoff & login to effect the permission changes.)
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OnPage 2of thesystemparameters customeroptions form, verify that the number of SIP
trunks supported by the system is sufficient.

display system - parameters customer - options Page 2of 12
OPTIONAL FEATURES

IP PORT CAPACITIES USED
Maximum Administered H.323 Trunks: 4000 0
Maximum Concurrently Registered IP Stations: 2400 4
Maximum Administered Remote Office Trunks: 4000 0
Maximum Concurrently Registered Remote Off ice Stations: 2400 0
Maximum Concurrently Registered IP eCons: 68 0
Max Concur Registered Unauthenticated H.323 Stations: 100 0
Maximum Video Capable Stations: 2400 2
Maximum Video Capable | P Softphones: 2400 0
Maximum Administered SIP Trunks: 4000 20
Maximum Administered Ad - hoc Video Conferencing Ports: 4000 0
Maximum Number of DS1 Boards with Echo Cancellation: 80 0

(NOTE: You must logoff & login t o effect the permission changes.)

5.2. Administer IP Node Names
In thelP Node Namedorm, assign an IP address and host nam€dmnmunication Manager

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

screens of Comuonication Manager.

change node - names ip Page 1lof 2
IP NODE NAMES

Name IP Address
default 0.0.0.0
devcon - ams 10.64.102.118
devcon - sm 10.64.102.117
procr 10.64.102.115
procr6 :
(5 of 5 administered node - names were displayed )
Use 'list node - names' command to see all the administered node - names
Use 'change node - names ip xxx' to change a node - hame 'xxx' or add a node - hame

5.3. Administer IP Codec Set

In thelP Codec Setform, select the audio codec type supported for calls routed over the SIP

trunk tothe 2 Line VoIP Interface Cardrhe form is accessed via ttieange ipcodecset 1

command. Note theodec set number since it will be used in the IP Network Region covered in

the next section. For the compliance test, G.7118U29, and G.72codecs were used

change ip -codec -set1 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:
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5.4. Administer IP Network Region

In thelP Network Region form, theAuthoritative Domain field is configured to match the
domain name configured on Session Manager. In this configuration, the domain name is
avaya.com By default, IPIP Direct Audio (shuffling) is enabled to allow audio traffic to be sent
directly betweerthe 2 Line VolIP Interface Cahd IP endpoints without using media resources
in the Avaya G450 Media Gateway or Avaya Media Server. The IP Network Region form also
specifies the IP Codec Set to be used for calls routed over the SIP trunk to Sessger Mana
This codec set is used when its corresponding network region (i.e., IP Network Region 1) is
specified in the SIP signaling group.

change ip - network -region 1 Page 1of 20
IP NETWORK REGION
Region: 1
Location: 1 Authoritative Domain: avaya.com
Name: Stub Network Region: n
MEDIA PARAMETERS Intra -region IP - IP Direct Audio: yes
Codec Set: 1 Inter -region IP - IP Direct Au dio: yes
UDP Port Min: 2048 IP Audio Hairpinning? n

UDP Port Max: 3329
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

5.5. Administer SIP Trunks to Session Manager

As mentioned earlier, two SIP trunks between Communication Manager and Session Manager
are required, one dedicated for calls to the Symetrix 2 Line VolP &ardnother one for all

other calls. The difference between these two SIP trunks is thatvélcbe a different SIP port

and the SIP trunk used for calls to the 2 Line VolIP Interface @Wélrdave an adaptation rule
applied to it on Session Managé@rhe rationale for this is explained $ection2.2. Basically,

two SIP trunks are created so that an adaptation rule can be applied for calls to the Symetrix 2
Line VoIP Card only without affecting all othetPScalls on the Avaya SIP network.
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5.5.1. SIP Trunk for Calls to Symetrix 2 Line VolIP Card

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:

Set theGroup Type field to sip.

Set theMS Enabled field ton.

TheTransport Method field was set tdcp.

Specify the Ethernet processprdcr) of Communication Manager and Session Manager
as the two ends of the signaling group inktear-end Node Nane field and the~ar-

end Node Namdield, respectively. These field values are taken froniRhdode
Namesform in Section5.2

Ensure that the TCP port valuesff& is configured in thélear-end Listen Portand
theFar-end Listen Port fields. Calls established with the 2 Line VolIP Interface Card
should use a different SIP port than all other calls.

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

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

TheDirect IP-IP Audio Connectionsfield wasenabledon this form.

TheDTMF over IP field should beset to the default value dp-payload

I > I D

>\

> >

> >

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

add signaling - group 20 Page 1lof 2
SIGNALING GROUP
Group Number: 20 Group Type: sip
IMS Enabled? n Transport Method: tcp
Q@ SIP?n
IP Video? n Enforce SIPS URI for SRTP? y
Peer Detection Enabled? y Peer Server: SM

Prepend '+' to Outgoing Calling/Alerting/Diverting/Connected Public Numbers? y
Remove '+' from Incoming Called/Calling/Alerting/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: 5062 Far - end Listen Port: 5062
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 1P - 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 belowThis trunk group is used for SIP callshe
2 Line VoIP Card Set theGroup Type field to sip, set theService Typefield to tie, specify the
signaling group associated with this trunk group inStgmnaling Group field, and specify the
Number of Members supported by this SIP trunk group. Accept the default values for the
remaining fields.

add trunk - group 20 Page 1of 21
TRUNK GROUP
Group Number: 20 Group Type: sip CDR Reports: y
Group Name: Symetrix COR: 1 TN: 1 TAC: 1020
Direction: two - way Outgoing Display? n
Dial Access? n Night Service:
Queue Length: 0
Service T  ype: tie Auth Code? n
Member Assignment Method: auto
Signaling Group: 20
Number of M embers: 10

OnPage 3of the trunk group form, set tidumbering Format field to private This field
specifies the format of the calling party number sent to therfdr

change trunk - group 20 Page 3of 21
TRUNK FEATURES
ACA Assignment? n Measured: none
Maintenance Tests? y
Suppress # Outpulsing? n Numbering Format: private
UUI Treatment: service - provider

Replace Restricted Numbers? n
Replace Unavailable Numbers? n

Hold/Unhold Notifi cations?y
Modify Tandem Calling Number: no

Show ANSWERED BY on Display? y

5.5.2. SIP Trunk for All Other Calls to Session Manager

Similar to the previous section, another SIP signaling group and SIP trunkageorgguired for

routing all other SIP calls to Session Manager. This SIP trunk is not used to route calls to the 2
Line VolIP Interface Card. The configuration of the SIP signaling group is exactly the same as in
the previous section, except that it must use a diff@#hport. For this compliance test,

signaling group 10 was created, which was configured to use SIP port 5060. In addition, trunk
group 10 was also created similar to the one in the previous section, except that it was configured
to use signaling groujoO.
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5.6. Configure Private Numbering

Configure theNumbering i Private Format form to send the calling party number to the far

end. Add an entry so that local stationswith&abgi t extensi on beginning
are routed over any trunk groupcluding SIP trunk grougpl0 and 20 have the extension sent

to Session Manager

change private - numbering 0 Page 1of 2
NUMBERING- PRIVATE FORMAT

Ext Ext Trk Private Total
Len Code Grp(s) Prefix Len
57 5 Total Administered: 1

Maximum Entries: 540

TheNumbering i Public/Unknown Format form was also configured as shown below.

change public - unknown - numbering 0 Page 1lof 2
NUMBERING- PUBLIC/UNKNOWN FORMAT
Total
Ext Ext Trk CPN CPN
Len Code Grp(s) Prefix Len

Total Administered: 1
57 5 Maximum Entries: 240

Note: If an entry applies to

a SIP connection to Avaya
Aura(R) Session Manager,

the resulting nu mber must
be a complete E.164 number.

Communication Manager
automatically inserts
a '+' digit in this case.

JAC; Reviewed: Solution & Interopeability Test Lab Application Notes 12 of 42
SPOC12/21/2016 ©2016Avaya Inc. All Rights Reserved. Sym2Line-SM



5.7. Administer SIP Stations

A SIP stations configuredor the 2 Line VoIP Interface Cardrhe Type field should be set to
9600SIPand the system will assign an appropriate port after the station haadukszh During
initial creation of the statiorthe Port field is setto IP. A descriptiveNameis also configured.
The SIP statiomvasconfigured automatically by System Manager as describ8éation6.7
andit is shownbelow as it would appear on Communication Manager

display station 78020 Page 1lof 6
STATION
Extension: 78020 Lock Messages? n BCC: 0
Type: 9600SIP Security Code: TN: 1
Port: S00028 Coverage Path 1: COR: 1
Name: 78020, Symetrix Coverage Path 2: COS:1

Hunt - to Station:
STATION OPTIONS
Time of Day Lock Table:
Loss Group: 19 Personalized Ringing Pattern: 1
Message Lamp Ext: 78020

Speakerphone: 2 - way Mute Button Enabled? y
Display Language: english Expansion Module? n
Survivable GK Node Name:
Survivable COR: internal Media Complex Ext:
Survivable Trunk Dest? y IP SoftPhone? n

IP Video? n

Customizable Labels? y

Configure theStations with Off-PBX Telephone Integration form so that calls destined for the
2 Line VoIP Interface Cardre routedver trunk group 20 (configured #ection5.5.7) to

Session Manager, which will then route the call to2héne VolP Interface CardOn this form,
specify the extension of the SIP endpoint and seAfpdication field to OPS ThePhone
Number field is set to the digits to be sent over the SIP trunk. In this case, the SIP extension
configured on Session Manager also masthe extasion of the corresponding station on
Communication Manager. However, this is not a requirement. Finallyytimk Selection

field is set taaar. This field specifies Auto Alternate Routing (AAR) routing. In this case, the
Trunk Selection field would be set taar to trigger AAR routing. Configuration of th®AR
Analysis andRoute Patternforms would also be requirddeeSection5.8). This form was also
configured through System Manager.

change off - pbx - telephone statio n- mapping 78020 Page 1lof 3
STATIONS WITH OFF- PBX TELEPHONE INTEGRATION

Station Application Dial CC Phone Number Trunk Config Dual

Extension Prefix Selection Set Mode
78020 OPS - 78020 aar 1
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5.8. AAR Call Routing

SIP calls to Session Manager are routed over a SIP trunk via AAR call routing. Configure the

AAR analysis form and enter add an entry that roatis to the 2 Line VolIP Interface Card (i.e.,
extension7802( to route pattern 20 as shown below. All other calls, where digits beginning

with A780 are dialed, are routed over rout e
change aar analysis 4 Page 1of 2
AAR DIGIT ANALYSIS TABLE
Location: all Percent Full: 2
Dialed Total Route Call Node ANI
String Min M ax Pattern Type Num Reqd
78 5 5 10 levO n
78020 5 5 20 levO n

Configure a preference Route Pattern 20 to raute calls over SIP trunk grouf® 2s shown
below. This routes calls to the 2 Line VolP Card.

change route - pattern 20 Page 1lof 3
Pattern Number: 20  Pattern Name: Symetrix

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
1:20 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 PA RM Sub Numbering LAR

012M4W Request Dgts Format
L:yyyyynn rest unk -unk none
2:yyyyynn rest none
3'yyyyynn rest none
4:yyyyynn rest none
5:yyyyynn rest none
6:yyyyynn rest none
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Configure a preference Route Pattern 10 to raute calls over SIP trunk grou® As shown
below. This route pattern is used for all calls, except calls to the 2 Line VolP Card.

change route -patternl 0 Page 1lof 3
Pattern Number: 1 0 Pattern Name: 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 Dgts Format
L:yyyyynn rest unk -unk none
2:yyyyynn rest none
3'yyyyynn rest none
4:yyyyynn rest none
5'yyyyynn rest none
6:yyyyynn rest none
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6. Configure Avaya Aura® Session Manager

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

Adaptation

Communication Manage3IP Entities

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

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

SIP Userfor 2 Line VoIP Interface Card

> >y D>

Configuration is accomplished by asseg the browsdrased GUI of Avaya Aura® System
Manager usi ng <ip-address¥RE MG R a ,t <puelddEedseis the IP address of
Avaya Aura® System Manager. Log in with the appropriate credentials.

Note: It is assumed that basic configuoatiof Session Manager has already been performed.
This section will focus on the configuration of the adaptation, SIP entities, entity links, and a SIP
user for the 2 Line VolIP Interface Card.

For this compliance test, two SIP trunks and two entity fok€€ommunication Manager were
created so that an adaptation can be applied to one SIP entity but not the other. The adaptation
will remove the EndpoirYiew header in the SIP INVITE for calls involving the 2 Line VolIP
Interface Card. This adaptationositd not be applied for all other calls; hence, the second SIP
entity and entity link. Setlheobservation irSection2.2for more details.
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6.1. Add Adaptation

Session Manager can be configured with Adaptations that can modifgessages before or
after routing decisiomhave been made; for example, removing the Endpaew header in a
SIP INVITE message. To create Adaptation that will be applied to the Communication
Manager SIP entity iSection6.2.], navigate ta&ElementsA Routing A Adaptations and

click on theNew button (not shown).

In the General section, enter the following values. Use default values for all remaining fields.

A Adaptation Name:

A Module Name:
A Module Parameter Type:

Enter a descriptive nanfer the Adaptation (e.qg.,
Symetrix Adaptation
SelectDigitConversionAdapter.

SelectName-Value Parameter. The section will
expand with an area to entéame andValue pairs.
Click Add. To remove headers on tbgress side

of Session Manager (i.e., towards Communication
Manager) enter the keywosRHdrs in theName
field andEndpointViewin theValue field to

remove this header. Cligkdd again. To remove
headers on the ingress side of Session Manager (i.e.,
from Communication Manager) enter the keyword
iRHdrs in theNamefield andEndpointViewin the
Value field to remove this header.

Aura” System Manager 7.0

x

Home | Routing

« Home / EI / Routing / Ad:

Domains

Adaptation Details

Locations

Adaptations
General

Commit | Cancel

Entity Links
Time Ranges
Routing Policies
Dial Patterns

Regular Expressions

* Adaptation Name: |Symetrix Adaptation
* Module Name: |DigitConversionAdapter ~

Module Parameter Type: | Name-Value Parameter |~

Add Remove

O |Name value

Endpoint-View

[0 eRHdrs

[0 irHdrs

Selact : All, None
Egress URI Parameters:

Notes:

JAO; Reviewed:
SPOC12/21/2016

Solution & Interopeability Test Lab Application Notes
©2016Avaya Inc. All Rights Reserved.

170f 42
Sym2Line-SM



6.2. Add SIP Entities

In the sample configuration, two SIP Entities are added for Communication Manager, one will be
used be sed for calls involving the 2 Line VoIP Interface Card and another one will be used for
all other calls.

6.2.1. SIP Entity for Avaya Aura® Communication Manager for Calls with
Symetrix 2 Line VoIP Interface Card

A SIP Entity must be added for Communication Mgarafor callswith the 2 Line VoIP

Interface Card. This SIP entity will have an ad&pn rule to remove the Endpoiktiew header

in SIP INVITE messages. To add a SIP Entity, seb¢®tEntities on the left and click on the

New button on the right (noth®wn). The following screen is displayed. Fill in the following:

UnderGeneral

A Name: A descriptive name.

A FQDN or IP Address: IP address of the signaling interface of Communication
Manager.

A Type: SelectCM.

A Adaptation : Select the Adaptation cigured inSection6.1

A Location: Select theappropriate locatiaon

A Time Zone: Time zone for this location.

Defaults can be used for the remaining fields. GGdknmit to savethe SIP Entity definition.

Aura” System Manager 7.0

Home | Routing *
m4 Home / Elements / Routing / SIP Entities [+]
e
SIP Entity Details Commit | Cancel
* Name: |symetrix-cm
* FQDN or IP Address: 10.64.102.115
Type: CM
Notes:
Adaptation: | Symetrix Adaptation |~
m Location: | Thornton |~
Time Zone: |America/New_York ~
* SIP Timer B/F (in seconds): 4
Credential name:
Securable: []
Call Detail Recording: none |~
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6.2.2. SIP Entity for Avaya Aura® Communication Manager for All Other

Calls
AnotherSIP Entityfor Communication Manager is created. This one is used for all other calls,
except for calls with the 2 Line VolIP Interface Caiitb add a SIP Entity, seleStP Entities
on the left and click on thidew button on the righgnot shown) The following screen is
displayed. Fill in the following:

UnderGeneral
A Name: A descriptive name.
A FQDN or IP Address: IP address of the signaling interfaceCgfmmunication
Manager
A Type: SelectCM.
A Adaptation: No adaptation is used (i.e., leave blank).
A Location: Select theappropriatdocation.
A Time Zone: Time zone for this location.

Defaults can be used for the remaining fields. Click Commit to save the SIP Efitiiyiah.

« Home / Elements / Routing / SIP Entities ©
Domains
Locations SIP Entity Details Commit || Cancel
Adaptations General

SIP Entities * Name: |devcon-cm

Entity Links * FQDN or IP Address: |10.64.102.115

Time Ranges

Type: CM
Routing Policies

Notes:

Dial Patterns

Regular Expressions Adaptation: ~

)
"
=
g
€
-
8 x

Location: | Thornton |~
Time Zone: | America/New_York ~
* SIP Timer B/F {in seconds): |4
Credential name:
Securable: []

Call Detail Recording: | none |+

6.3. Add Entity Links

This section covers the configuration of Entity Links for Communication Manager. Two entity
links are configured. One entity link will be used for calls with the 2 Line VolIP Interface Card
and will be configured to use Sp@rt 5062. This entity link will specify that SIP entity

configured inSection6.2.1, which applies the adaptation to remove the Endpdietv header in

SIP INVITE messages. The other entity link will be usedall other calls and wilbe

configured to use standard SIP port 5060. This entity link will specify the SIP entity configured
in Section6.2.2 which will not manipulate any SIP messages (i.e., no adaptatibbe

applied).
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6.3.1. Communication Manager Entity Link for Calls with Symetrix 2 Line
VoIP Interface Card

The SIP trunk from Session Manager to Communicationadgeanis described by an Entitynk.
This entity link will be used for calls with the 2 Line NPoInterface Card.To add an Entity
Link, selectEntity Links on the left and click on thidew button (not shown) on the right. Fill
in the following fields in the new row that is displayed:

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

A SIP Entity 1: Select Session Manager.

A Protocol: Select the appropriate protocol (eGP).

A Port: Port number to which the other system sends SIP
requests.Port 5062 is used for calgith the 2 Line
VoIP Interface Card.

A SIP Entity 2: Select theSIP entityfor Communication Manager
configured inSection6.2.1

A Port: Port number on which the other system receives

SIP requestsPort 5062 is used for calls involving the 2
Line VoIP Interface Card.

A Connection Policy: SelectTrusted Note: If Trusted is not selected,
calls fromthe associated SIP Entity specified in
Section6.2.1will be denied.

Click Commit to save the Entity Link definition.

£
=
a

« Home [ Elements / Routing / Entity Links (+]

Domains Help ?
Locations Entlty Links Commit = Cancel

Adaptations

Entity Links Lltem Filter: Enable

SIP Entity 1 Protocol |Port SIP Entity 2
Routing Policies

O [n
O

Select : All, None

Dial Patterns * |symetrix-cm Link * Q.devcon-sm TCP v | * 5062 * |Q.symetrix-cm m}

Regular Expressions

ome outing ¥
Time Ranges

Commit | Cancel
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6.3.2. Communication Manager Entity Link for All Other Calls

The SIP trunk from Session Manager to Communication Manager is described by an Entity Link.
This entity link will be used foall othercalls except for callsvith the 2 Line VoiP Interface

Card. To add an Entity Link, select Entity Links on the left @k on the New button (not

shown) on the right. Fill in the following fields in the new row that is displayed:

A Name: A descriptive name (e.gdevconrcmLink).

A SIP Entity 1: Select Session Manager.

A Protocol: Select the appropriate protocol (e.g.,P)C

A Port: Port number to which the other system sends SIP
requests. Port 5068 used forll othercalls except calls
with the 2 LineVolP Interface Card.

A SIP Entity 2: Select the SIP entity for Communication Manager
configured inSection6.2.2

A Port: Port number on which the other system receives

SIP requestsPort 5060 is used for all other calls, except
calls with the 2 Line VoIP Interface Card.

A Connection Policy: Selectedlrusted Note: If the link is not trusted,
calls fromthe associated SIP Entity specified in
Section6.2.2will be denied.

Click Commit to save the Entity Link definition.

Home | Routing *

« Home / Elements / Routing / Entity Links [+]
Domains

Entity Links Commit | Cancel

Locations

Adaptations

1Item & Filter: Enable

Entity Links

R O |name SIP Entity 1 Protocol | Port SIP Entity 2

O  *|deveon-cm link * | Q. devean-sm Tep o] *[soso * |Q devcon-cm O

Select : All, None

Commit | Cancel
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6.4. Set Network Transport Protocol for SIP Users

From the System Managklome screen, seledlementsA Routing A SIP Entities and edit
the SIP Entity for Session Managesshown below.

Aura  System Manager 7.0

Home Routing ®

< Home / Elements / Routing / SIP Entities o
. SIP Entity Details Commit| Cancel
conm e
Adaptations General
| swenuges I ——
* FQDN or 1P Address: [10.64.102.117
Routing Policies Motes:
Dial Patterns
Regular Expressions Location: |Thornton
Time Zone: |America/New_York ~

Credential name:

Scroll down to thé.isten Ports section and verify that the transport network protocol used by
the 2 Line \WOIP Interface Carés specified in the list below. For the compliance test, UDP
network transponvas used, but TCP is also supported

Listen Ports

|E\ | Remove |

3 Items Filter: Enable
O |I.isten Ports |Pmtocol |Dcfau|t Domain |Endpoint Notes
[] |sos0 TCP -~ avaya.com

I|:| 5060 UDP - avaya.com I
[] |so81 TLS =~ avaya.com -

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

Before adding SIP users, Communication Manager must be addedeém3yanager 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
Serviced\ Inventory A Manage Elementson the left and click on thidew button (not shown)
on the right. In thépplication Type field that is displayed, seleGiV.

In theNew CM Instancescreen, ifst select Communication Manager as the Type (not shown),
and then fill 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 administraiitterface for
Communication Manager.

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

A Authentication Type: Select Password.

A SSH Connection: Select checkbox.

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

Defaults can be used for the remaining fields. GGoknmit to save the settings.

Aura” System Manager 7.0

Home | Inventory ¥

4 Home / Services / Inventory / Manage Elements [+]
Help ?
Manage Elements P

Create Profiles and Manage Elements | Discovery

Discover SRS/SCS Help ?

Element Type Access 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 1P Address 10.64.102.115 Alternate IP Address
*  Login super Enable Notifications O

® password *  Port 5022

Authentication Type
O AasG Key Location

Password = |sessss Add to Communication

Manager

*

*

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

RSA SSH Fingerprint (Alternate IP)

Commit | Reset | Cancel
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6.6. Add Application Sequences

Two Application Sequencegor Communication Manager are required for this solution, one for
the 2 Line Voice Interface Caahd another one for all other SIP endpoints.

6.6.1. Application Sequence for Symetrix 2 Line VolP Interface Card

To define an application for Communication Mana@ere used for the 2 Line VolIP Interface
Card) navigate tdElementsA Session Manage® Application Configuration A
Applications on the left and selettew button (not shown) on the right. Fill in the following
fields:
A Name: Enter name for application.
A SIP Entity: Select the Communication Manager SIP entagfigured
in Section6.2.1(i.e., symetrixcm)
A CM System for SIP Entity: Select the Communication Manager managed element
configured inSection6.4.

Click Commit to save the Application definition.

L BM

n

ast Logged on =t Nove , 2016 2:58
Aura® System Manager 7.0 # Log off admi

x

Home Session Manager

4 Home / El [ Session ger / Application Confi ation / Applications [+]
?
Dashboard Help ?

Session Manager Application Editor Commit | Cancel
‘Communication Application
Profile Editor *Name SYMETRIX- CM-APP

v
+ Device and Location System for | devcon-cm ~| Refresh €M
Configuration SIP Entity Systems

Description

v LU *SIP Entity |°\symetr\x-cm
Configuration
*CM iew/Add
pp

i

i

i
~ Applica
Configuration

Appli jons

Application Application Attributes (optional)
Sequences

Conference Name ‘ Value

Factories Application Handle

NRS Proxy Users

m Application Media Attributes
Enate Medi Ftering [

‘Audiu Video Text Match Type If 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 adde@e., SYMETRIXCM-APP configured abovefo theApplications in
this Sequencdable and théMandatory column is¥l as shown below.

La:

on at November 30,

Aura System Manager 7.0

¥ Session Manager
Dashboard

Profile Editor
b Network
Configuration
¥ Device and Location
Configuration
~ Application
Configuration
Applications
Application
Sequences
Conference

Factories

NRS Proxy Users

F System Status

} System Tools

} Performance

Home | Session Manager

Application Sequence Editor

Application Sequence

*Name SYMETRIX-CM App Sequence

Description

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

Commit | Cancel

S 2016 2:58 PM
& Log off admi

Applications in this Sequence

1 Item

Sequence
[ | order (first to | Name
last)

SIP Entity Mandatory

Description

O « = x SYMETRIX-CM-APP
Select : All, None

symetrix-cm

Available Applications

2 Items

Filter: Enable

o

SIP Entity

Description

+ DEVCON-CM-APP
+ SYMETRIX-CM-APP

devcon-cm

symetrix-cm

*Required

Commit | Cancel

6.6.2. Application Sequence for All Other SIP Endpoints
The configuration of thépplication Sequencefor all other SIP endpoints is similar &ection
6.6.1, except that thApplication will specify a different name (e.dEVCON-CM-APP) and
use the Communication Manager SIP entity configuregieiction6.2.2and theApplication
Sequencewill specify a different name (e.EVCONCM App Sequeng@and the

aforementionedpplication (e.g.,DEVCONCM-APP) will be selected.
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6.7. Configure SIP User
Add a SIP user fathe 2 Line VoIP Interface Cardlo add new SIP users, expadddgersand

selectManage Userdrom left and seledew button (not shown) on the right.

Enter values for the folleing required attributes for a new SIP user inlthentity tabof the

new user form.

A Last Name:
A First Name:

A Login Name:

Enter the last name of the ugerg.,78020.
Enter the first namef the usefe.qg.,

Symetriy.

Enter<extensionx@<sip domain>of the

user (e.g.78020@avayacom).

The screen below shows the information when adding a news®o the sample

configuration.

Aura® System Manager 7.0

Home | User Management *
~ User Management 4 Home / Users / User Management / Manage Users [+]
Manage Users Help 2
Public Contacts New User Profile Commit & Continue | Commit | Cancel
Shared Addresses
B — Identity * Communication Profile Membership Contacts
ACLs
Communication User Provisioning Rule «
R User Provisioning Rule: ~
Policy
Identity =
* Last Name: 78020
Last Name (Latin Translation): |78020
* First Name: |Symetrix
First Name (Latin Translation): |Symetrix
Middle Name:
Description:
* Login Name: |78020@avaya.com
User Type: | Basic
Password:
Confirm Password:
Localized Display Name:
Endpoint Display Name:
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Select theCommunication Profile tab and configure the following fields:

A Communication Profile Password: Enter the password which will used the
2 Line VoIP Interface Cartb log into
Session Manager.

A Confirm Password: Re-enter the password from above.

L PM

n

= n st Nova 58
Aura” System Manager 7.0 _ # Log off admi

Home | User Management *

~ User Management « Home / Users [ User Management / Manage Users ]

New User Profile Commit & Continue | | Commit | | Cancel

System Presence _ * S _
Identity Communication Profile Membership Contacts
ACLs

‘Communication Communication Profile «

Profile Password
Communication Profile Password: |essses

Policy

Confirm Password: |esssse

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

Type: SelectAvayaSIP.
Fully Qualified Address: Enter extensionumber 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 SIP v
* Fully Qualified Address: 78020 @ avaya.com v
Add | Cancel
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In theSession Manager Profikgection, specify the Session Mana§#? entity for Primary
Session Manageand &sign theApplication Sequencedefined inSection6.6.1to both the

originating and terminating sequence field$is application sequence specifies the SIP entity
configured inSection6.2.1 so that the Communication Manager SIP entity with the adaptation

is used when placing outgoing calls from the 2 Line VoIP Interface C&ad.theHome
Location field to theappropriatd_ocation.

Session Manager Profile =

SIP Registration

* Primary Session Manager

Secondary Session Manager
Survivability Server

Max. Simultaneous Devices
Block New Registration

When Maximum Registrations
Active?

Application Sequences
Origination Sequence

Termination Sequence

Call Routing Settings
* Home Location

Conference Factory Set

Call History Settings

Enable Centralized Call
History?

Q. devcon-sm

SYMETRIX-CM App Sequence

SYMETRIX-CM App Sequence

Thornton

(None)

O

Primary | Secondary | Maximum

14 0 14
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In theCM Endpoint Profile section, fil in the following fields:

A System:

Profile Type:
Use Existing Stations:

> >

Select the managed element corresponding to

Communication Manager.
SelectEndpoint

If field is not selected, the station will automatically be

added in Communication Manager.

A Extension: Enter extension number of SIP user.
A Template: Select template f®®6005IP.

A Port: EnterIP.

A Sip Trunk: SpecifyAAR

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

Use Existing Endpoints

CM Endpoint Profile =

* System | dewvcon-cm

* Profile Type | Endpoint

O

* Extension <L78020

* Template |9600SIP_DEFAULT_CM_7_0

Set Type 0600SIP

Endpoint Editor
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7. Configure Symetrix 2 Line VoIP Interface Card

This section covers the configuration of the 2 Line VoIP Interface Card using the Symetrix
Composer application. The configuration covers the following areas:

A Launch the Composer Afication and Connect to Radius AEC

A Modify the IPNetwork Parametesf Radi us AEC to Correspond
Network

A Configure the 2 Line VolIP Interface Card, including:

o IP Network Parameters
o SIP Line
o SIP/VolP Parameters

7.1. Launch Composer and Connect to Symetric Radius AEC
Start theComposerapplication to display the main window below.

Composer™ 5.4 - Sitel — ] X

File Edit View Hardware Tools Window Help

B H || & & &| VX[ Eo.
Toolkit 2 E Locator Bar b B x |
- Edge A Units:| Mo Units ~ | Super-mod: No Super-modules/Modules ~ | Module: | Mo Modules ~ | |Open|/Sho
- Radius AEC " Lacator Bar | Contral Saeen Bar | Search Ba
Radius 12x8
Comoo || |16 sk [E=R R

- Prism 4x4

- Prism 8x&
Prism 12x12

- Prism 18x16

- Solus NX 4x4

- Solus NX 8x8

- Solus MX 16x3

- xin 4

el 4
< >

W

Average Unit Use

Approx. 0% Used

Toolkit | Browse

Meter Bar L x|

NO UNIT
SELECTED

Online Status L x|

OFFLINE

X

Approx. 0% Used Offline LAN IP Control
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FromComposer, selectHardware A System Managetrto display theAvailable Units on

Network. Select the Radius AEC and click Go Online (Pull from Unit) to connecto the
system as shown below.

System hMansger

Descry Harchmins
Available Units on Network:

In the

Uik Tipe P MAL Address DeCP  Archive NTP ety L= T4 ]

Dmmm [12/01/16 11:14.36 1280 | Disabled_0___|

Pafresh List Propesnies Fiash Unit LEDs Lpgrads Frerie: (G2 Owiireg (Pull from Lin) Matich Harbware b Dessige
hetworc Search Parameters Current Dissigry Und
Commurscations Moda: Local Area Metwork [LAN] Hame: o design enit selected.
Search Hetwork ‘Windows Defauk

Subact Metwors 1o Saarch
Seiecind Hardware Unt on Netfwork

earch IP [ 2ts 2sm . 2ts . 2ss Can't match solocted hardware, Ho dosign unit
sekecied.

Search Masic N

subsequent prompts, click Mext or OK until the following window is displayed.

Finish.

Pull 5ite File From Hardware Wizard pod

Complete synchronization and go online.

Click 'Finish' to complete synchronization and go online with the opened site file.

Since you chose to synchronize, event and contral changes will be read and you will go
online without pushing the site file to hardware and not muting audio.

You can hit 'Cancel' to dose the Wizard and make changes to the site file before going
online. But the site file will not be updated with current control and event changes and
you will have to push the site file to hardware, muting audio.

« Back Mext = Cancel

Click
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Composewill update the connection status with a green checkmarkliapthy a graphical
representation of thea/ius AEC unit as shown belowhe user is now connected to Radius
AEC.

a Composer™ 5.4 - VolP Test_2 = O x
Eile Edit View Hardware

l_gH xl-;-g"

3 E Locator Bar

Tools  Window Help

V& & &

V| EE o .

Toolkit

g

- Edge -

Units:| All Units ~ | Super-mod:| All Super-modules/Modules

~ | Module:| All Modules

~ | |Open||Show

- Radius AEC

- Radius 12x8

- Radius 12x8 EX
- Prism (x0

- Prism 4x4

- Prism 8x8

- Prism 12x12

- Priam 18x18

- Solus NX 4xd

- Solus NX 8x8

< >

b

Unit'Radius AEC-1"

1% Used

Mute All Qutputs F2

Toolkit

Radius AEC-1-Plea..,

L < |

Cnline Status

L |

ONLINE

v

1% Used
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7.2. Modify the IP Network Parameters of Radius AEC

Modify the I P address of Radius AEC, i f neces

From theComposerwindow displaying tle Available Units on Network shown below, click on
theProperties button.

Syrtem harsge b
Desgn  Hardwire
Available Units on Network:

Lirik Type 13 MAL Address DeECP  Archive NTP STy e D

Dmmmlﬂ-_ [12/01/16 1:14.36 1280 | Disabled 0|

Flafrsh List Progsring Fagh Uit LED Upgrads Frermare: G Oniireg (Pull from Lin) blatich Harware by Diessigr
Hestwor Search Parametens Curment Diesign Uk
Commurscations Moda: Local Area Metwork [LAN)

Hame: Ho design wnit selected.
Search Hetwork ‘Windows Defaul

Salact Network to Seanch
Selecied Hardeares Un on Metwork

Sharch IP FEN N Can't mateh dolocted hardware. Ho dosign unit
sebecied.

Saarch Maskc [ 5 5 S

In theHardware Properties window, modify the IP network parameters as necessary. Click
OK.

Hardware Properties >
IP Settings  RS-485 MNetwork

i) Obtain an IP address automatically (DHCP)

i@ Uze the following IF address:!
IP Address: 192 . 188 , 100 . 230
Subnet mask: 255 . 255 . 255 . O
Gateway: 192 . 168 ., 100 . 1

Conce
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7.3. Configure Symetrix 2 Line VolP Interface Card

From Composer, doubleclick on theRadius AEC graphic to display the Radius AEC hardware
configuration shown below.

Composer™ 5.4 - [Design: Radius AEC-1] - O *
|ﬂ File Edit View Hardware Tools Window Help _ax
BH x| || & & & VI &G Eeoe.
Toolkit 3 E Llocator Bar LR |
o Mixers & Gaing A Units:| AllUnits ~ ~ | Super-mod:| All Super-modules/Modules ~ | Module:| All Modules ~ | |Open| Show

- Automixers Locator Bar | Control Screen Bar | Search Bar

£

£

[#- Combiners

[#- Conferencing & Pz
[+ EQs

[#- Feedback Fighters
[#- Fiters

[ Loudspeaker Mani
[+ Dynamics
£
[
[
[
[
[
I
£

t- Delays

| Routers & Selecto

t|- Signal Generators

t Meters & Analyze

| Control Modules

+|- Super-module Libr v

N Mnrde Tramnmit an

>

Unit"Radius AEC-1"

1% Used .

Mute All OQutputs F2

Toolkit

Radius AEC-1-Plea... 3 E

EINPUTS A

Online Status a B
ONLINE
1% Used Online [VolP Test_2) LAM IP Control
JAC; Reviewed: Solution & Interopeability Test Lab Application Notes 340f42

SPOC12/21/2016 ©2016Avaya Inc. All Rights Reserved. Sym2Line-SM



Next, doubleclick on the2 Line VolIP Interface graphic in the window above to display the
following window. Click on theConfiguration Settings buttonin the window biw.
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