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Abstract

These Application Notes describe a compliance tested solution comprising the Avaya
Meeting Exchange Enterprise S6200 Conferencing Server communicating directly with
the AudioCodes Mediant 1000 Media Gateway over TCP and UDP. The AudioCodes
Mediant 1000 is utilized to enable connectivity between the Avaya Meeting Exchange
Enterprise S6200 Conferencing Server 5.2 SP1 and the PSTN. This configuration
provides a rich set of conferencing options available on the Avaya Meeting Exchange
Enterprise S6200 Conferencing Server to participants associated with the PSTN.

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

These Application Notes describe a compliance tested solution comprised of the Avaya
Meeting Exchange Enterprise S6200 Conferencing Server and the AudioCodes Mediant
1000 over TCP and UDP. The AudioCodes Mediant 1000 is utilized to enable
connectivity between Avaya Meeting Exchange Enterprise S6200 Conferencing Server
and the PSTN.

1.1 Interoperability Compliance Testing

The Avaya Meeting Exchange is SIP-based with call signalling and Media Server

capability for voice conferencing. Avaya's Conferencing Applications include

reservation-less, attended, event and mobile to support various IP network

implementations. The following capabilities are supported by Avaya Meeting Exchange
e RFC 2833 DTMF

In-band DTMF

Up to 3200-user and 140-operator conferences

Up to four digitally recorded music sources

Codecs G.711 PCMU, G.711 PCMA

The AudioCodes Mediant 1000 system is a SIP based Voice-over-IP (VoIP) media
gateway, offering integrated voice gateway functionality over IP networks. This solution
addresses mid-density applications deployed in IP networks by simultaneous Voice over
IP calls. The AudioCodes Mediant 1000 routes calls over the IP network using SIP
signalling protocol, enabling the deployment of Voice over Packet solutions to PSTN.

1.2 Support

Audio Codes support website and contact details

Tel: +972-3-976-4000
http://www.audiocodes.com/support
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2 Reference Configuration

The end to end signalling connectivity between Avaya Meeting Exchange and the PSTN
is shown in Figure 1.
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3 Equipment and Software Validated

The following equipment and software versions were used for the sample configuration
provided in these Application Notes.

Equipment Software

Avaya Meeting Exchange Enterprise | MX-5.2.1.0.4

S6200 Conferencing 8510 Server mx-bridge-patch-5.2.1.3.1-1
Avaya Bridge Talk (BT) 5.2.0.04

Audio Codes Mediant 1000 Media 5.80A.033

Gateway

Table 1: Hardware and Software Versions

4 Configure Avaya Meeting Exchange

The following sections describe the administrative procedures for configuring the
Meeting Exchange

e Basic configuration

e Enable dial out

e Provision DDI/DNIS for dialing into conferences

e Bridge Talk

4.1 Basic Configuration

Log in to the Avaya Meeting Exchange console (PuTTY) using ssh to access the
Command Line Interface (CLI) with the appropriate credentials. Configure settings that
enable SIP connectivity between the Avaya Meeting Exchange and other devices by
editing the system.cfg file as follows:
e Edit /usr/ipcb/config/system.cfg
e Add Meeting Exchange S6200 IP address
o IPAddress=(“135.64.186.15”)
e Add aline to populate the From Header Field in SIP INVITE messages for Avaya
Meeting Exchange in this sample configuration the values used.
o MyListener=<sip:6000@135.64.186.15;5060;transport=tcp>
o MyListener=<sip:6000@135.64.186.15;5060;transport=udp>

Note: The user field 6000 was set as default digit string ,used as the CLI for dials out
originating from Avaya Meeting Exchange , this number should be aligned with dial
plan. It is selected to match the user field provisioned for the respContact entry (see
below).
e Add aline to provide SIP Device Contact address to use for acknowledging SIP
messages from the Avaya Meeting Exchange:
o respContact=<sip:6000@134.64.186.15:5060;transport=tcp>
o respContact=<sip:6000@134.64.186.15:5060;transport=udp>
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e Add the following lines to set the Min-SE timer to 900 seconds in SIP INVITE
messages from the Avaya Meeting Exchange :

o sessionRefreshTimerValue= 900
o minSETimerValue= 900

4.2 Enable Dial Out

To enable Dial-Out from the Avaya Meeting Exchange to the Mediant 1000, edit the
telnumToUri.tab file as follows:
o Edit /usr/ipcb/config/telnumToUri.tab file with a text editor. Add a line to the
file to route outbound calls from the Avaya Meeting Exchange to the Mediant
1000.
“$1” substitutes the first wild card.

® sip:$1@10.10.14.36:5060;transport=tcp Mediant 1000
* sip:$1@10.10.14.36:5060;transport=udp Mediant 1000
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4.3 Provision DDI/DNIS for Dialing into Conferences

The following steps provide examples of how to provision Scan Flow (Scheduled and
Demand) conference call functions by utilizing the cbutil utility on the Avaya Meeting
Exchange. To map DNIS entries, run the cbutil utility on Avaya Meeting Exchange as
follows:
e Ifnot already logged on, log in to the Avaya Meeting Exchange with a ssh
connection using PuTTY with the appropriate credentials.

Enable Dial-In access (via passcode) to conferences provisioned on the Avaya Meeting
Exchange as follows:
e Add a DNIS entry for a scan call function corresponding to DID 1001 by
entering the following command at the command prompt:

cbutil add <dnis> <rg> <msg> <ps> <ucps> <func> [-1 <1ln> -c <cn>],

where the variables for add command is defined as follows:
o <dnis> DNIS
o <rg> Reservation Group
o <msg> Annunciator message number
o <ps> Prompt Set number (0-20)
o <ucps> Use Conference Prompt Set (y/n)
O <func> One of: DIRECT/SCAN/ENTER/HANGUP/AUTOVL/FLEX
o -1 <"1n"> Optional line name to associate with caller
o -c <"en"> Optional company name to associate with caller

In this sample configuration:

S6200App->cbutil add 1001 0 247 1 n SCAN -1 Mediant 1000
cbutil

Copyright 2004 Avaya, Inc. All rights reserved.

At the command prompt, enter cbutil list to verify the DNIS entries provisioned.

[sroot@MX configl# cbutil list
cbutil
Copyright 2004 Avaya, Inc. All rights reserved.

DNIS Grp Msg PS CP Function On Failure Line Name
Company Name Room Start Room End
1001 0 247 1 N SCAN ENTER SCAN
3331 0 301 1 N DIRECT ENTER DIRECT
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4.4 Bridge Talk

The following steps utilize the Avaya Bridge Talk application to provision a sample
conference on the Avaya Meeting Exchange. This sample conference enables both Dial-
In and Dial-Out access to audio conferencing for endpoints on the PSTN.

e Logging into Bridge Talk

e Provision a dial out

e Provision a Conference with Auto Blast Enabled

Note: If any of the features displayed in the Avaya Bridge Talk screen captures are not
present, contact an authorized Avaya sales representative to make the appropriate
changes.

4.4.1 Logging into Bridge Talk

Invoke the Avaya Bridge Talk application as follows:

e Double-click on the desktop icon from a Personal Computer loaded with the
Avaya Bridge Talk application and with network connectivity to the Avaya
Meeting Exchange [Not shown].

e Enter the appropriate credentials in the Sign-In and Password fields.

e Enter the IP address of the Avaya Meeting Exchange (135.64.186.15) for this
sample configuration) in the Bridge field.

Avaya Bridge Talk login @

Sign-In: |
Password: |
Bridoe: | |
COperatar; |Next availahle j
0E | Exit |
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4.4.2 Provision a Dial-Out

Provision a dial list that is utilized for Dial-Out (e.g., Blast dial and Fast dial) from the
Avaya Meeting Exchange.From the Avaya Bridge Talk Menu Bar, click Fast
Dial->New.

File Wew Line Conference WiEE=EEM Tools ‘Window Help

TTERY. LY

§HEE?

Access  Conference Display En B 1p reruests  Line Music  Options  Purge Set  Transfer reftriete Update 7 Help

., | ConfMame | TR ¢
1 u]
2 u]
3 u]
4 o
5 u]
] u]
7 u]
5] o
9 0 TeTi
10 0 Line | Mame Progr... | Company Phone Caller ID PIN
11 u]
12 o
13 o
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From the Dial List Editor window that is displayed:

e Enter a descriptive label in the Name field.

e Enable conference participants on the dial list to enter the conference without a
passcode by checking the Directly to Conf box as displayed.

e Add entries to the dial list by clicking on the Add button and enter Name,
Company and Telephone number for dial out for each participant. [Optional]
Moderator privileges may be granted to a conference participant by checking the
Moderator box.

e  When finished, click on the Save button on the bottom of the screen.

P Dial List Editor

Mame: | | Optional Access Code: | ] | [] Ciirectly ta Conf

Conferee List

Display As Entered

Mame Company IModerator iy Priority Telephone
Teskl D GBEEG |

Save Cancel Print Help

RJ; Reviewed; Solution & Interoperability Test Lab Application Notes 9 0of 23
SPOC 4/25/2010 ©2010 Avaya Inc. All Rights Reserved. M1K-MXS6200



4.4.3 Provision a Conference with Auto Blast Enabled

To provision a conference with Auto Blast enabled go to the Avaya Bridge Talk Menu
Bar, click View = Conference Scheduler.

mgine Conference  FastDial Tools Window  Help

fiain Enter Giueue
Pending Queue ﬂ ‘ﬁg‘ ‘27 g () ﬁ& @ = ?
X Help Reguests g 5 b > o £ =
Aoces w ToolBar Fastdial | help reQuests | Line | Music | Options | Purge Set | Transfer | retrieve | Update | 7 Help
e Sonference Mavigator b | Conf D | Canfirm # I Mod Code | Caonferse .| Music Source I
Update o Off
Al Lines o off
Reports » |0 o
r.;:runfereru::e Scheduler P o
£0 2 0 aff
6 a o
T o Off
g o] Off
=] o Off
10 ul Off
11 a o
12 o Off

From the Conference Scheduler window, click File 2 Schedule Conference.

28| conference Scheduler

| |ad| |1 2|
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Provision a Scan Flow conference on Avaya Meeting Exchange, From the Schedule
Conference window that is displayed, provision a conference as follows:

e Enter a unique Conferee Code to allow participants access to this conference.

e Enter a unique Moderator Code to allow participants access to this conference
with moderator privileges. Enable moderator access with a passcode for this
conference call by configuring the following:

Note: This conference remains open for participants to enter as either moderator
or participant by entering the appropriate code when prompted.

e Enter a descriptive label in the Conference Name field.

e Administer settings to enable an Auto Blast dial by setting Auto Blast to
Auto/Manual depending on this test.

e Select a dial list by clicking on the Dial List button, select a dial list from the
Create, Select or Edit Dial List window that is displayed, and click on the Select
button (To verify Dial out and Blast Dial out) [Not Shown].

e When finished, click on the Save button on the bottom of the screen.

Conference Information

Status:  |Mode: |UMATTENDED % | Conference Type: DAILY w |
Confirmation Mao,: |1 ;CUnFerence 10: Weekend: YES b
Mame: :BiIIing Code Prompt | DISABLED b
Telephone: :Accounting Code; Start Date (dd/mmiyyyd: |
Sign-in Name: ;Securit\; Passcode: End Date {ddmm vy
Res Group: 0 ;Change Conf Cpt:
Conferee Code: |111111 .Op Help Available: | OM * [Mame RecordiPlay: OFF V_:
Moderator Code:  |222222 Block Dialout: | OFF vl:NRF‘ Annunciakor:
Conference Name: |best1 Auto Blast: | Marwal “ IPIM Mode:
Test1 Blast Annunciator:242 PIM List:
Conference Features
Skart Tirme: 000 |End Tirne: 00:00 ;CDCIB Duration: D
Enkry Tone: .Tone & Message w |Exit Tone: Tone & Message b éMaximum Lines: |10
Hang up: 'ON  [Music: M1 L :Securit\;: | OM w |
Alto Extend Duration: | OFF “ | Auto Extend Parts: OFF v |
Prompt Set: .English w |Conference Yiewer:  |[MNO v |
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5 Configure AudioCodes Mediant 1000 Media Gateway

The following sections describe the steps for configuring the SIP trunks and call routing
for the AudioCodes Mediant 1000. This configuration will enable the AudioCodes
Mediant 1000 to interoperate with both the Avaya Meeting Exchange and the PSTN.
Configuration is performed using the embedded web server, which supports gateway
configuration, including loading of configuration files. The Embedded Web Server can
be accessed from a standard web browser. Specifically, users can employ this facility to
set up the gateway configuration parameters. Users also have the option to remotely reset
the gateway and to permanently apply the new set of parameters.

5.1 Access to Home Page Page

From an Internet browser, navigate to http://<ip-addr>, where the <ip-addr> is the IP
address of the AudioCodes Mediant 1000. The page below shows the AudioCodes
Mediant 1000 Home Page. Log in to the AudioCodes Mediant 1000 with the appropriate
credentials.

Note: When configuring any parameters using the Web Browser, click the Submit icon
and the Burn icon to save the configuration to flash memory. These icons are found on
the top of the browser page. To reset the AudioCodes Mediant 1000, click on the Device
Actions drop down window and click Reset as shown below.

Fa Sant 1 Burn Device Actions - & Home Hel )
- Mediant 1000 Submit L) i Lag off
£ Q AudioCodes ~ < o i MY, @™
Load Configuration File
— e B Save Configuration File
| Canfiguration | Manzgement &Stgtlgznos‘tlcs " i i Reset -
Software Upgrade Wizard
Seenarios Search
@ Basic OFull Dightl Iz B I cPU
mEe |l =

Fi T network Settings
Flidimedia Settings
FIpsTN Sattings

P ratacal Caonfiguration
Fi¥advanced Applicatians

[

General Information Trunk ([Digital Modules) | Channel (Analog Modules)
IP Address 10.10.14.38 Dizable ot Connected -
Subnet Mazk 255.255255.0 Active - OK Lys Inactive
Default Gateweay 1010141 RAI &larm Ll | Handset Offhook By
Digital Port Mumber 1 LOS FLOF Alarm . Call Connected w
BRI Part Mumber 0 Al Alarm LT
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5.2 Configuring PSTN Settings

On the left pane click Configuration and navigate to PSTN Settings > Trunk Settings.
Note: Click the Stop Trunk button to modify the selected trunk number 1(not shown). In
the General Settings section of Trunk Settings configure as follows:
e Select T1 SESS 10 ISDN in the Protocol Type field as shown below to enable
connectivity to the PSTN according to requirements defined by the PSTN service
provider.

ave u Mediant 1080 submit (G Burn Device Aions v | | iy Home Help (@ Logatt
2 AudioCodes ¥ ) & @ ¥ Los

!Conflgurattanl Management gtgtltalsgnoshcs ( Sialesatings

Advanced Parameter List

Scenarios Search ﬁ
a a

O Basic @ Full

= General Settings | A
i Network Settings Fre -
H A Media Sett

T Trunk ID 1
SILAPSTH Settings o =

| Trunk settings runk Configuration State ctive

lcaS State Machines Protocal Type

5.3 Configuring Trunk Configuration

Scroll down to the Trunk Configuration section and configure as follows:
e Select Recovered in the Clock Master field as the clock is recovered from the
PSTN line.
e Select B8ZS for Line Code as this is used for T1 trunks
e The Framing Method for T1 trunks is always Framing T1 FRAMING ESF

A | s i B D At b, H Hel
3 AudioCodes Mediant 1004 o) skt 9 urn ooz ctions > ] (iR, Home ‘\QJ cle @ Log of
!Cumwgurmmnl Management ztgtllgsgnoﬁlcs ( g W
Advanced Parameter List w
Soanatios Search ﬁ
a o
O Basic @ Full
= ~

S atwork settings + Trunk Configuration
Fidmedia Settings [ ‘
SIpsTN Settings Auto Clock Trunk Priority

e cece |

| lcas stats Machines ‘Frammg Method |
®\ T sigtran Configuration
*;LﬁSecurity Settings | w ISDM Configuration |
f‘%:‘Pmtocol Configuration | ‘ISDN Termination Side | | b
HiF advanced Applications
® oM Canfiguration \/ @ I

Submit Sy
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5.4 Configuring ISDN Configuration

Scroll down to the ISDN Configuration section and configure as follows:

e Configure ISDN Termination Side to User side as the PSTN is configured as
Network and the Mediant 1000 is the slave device.
E‘E AudioCodes Mediant 1000 \f Sulmit g Burm Device dctions \E,"-_‘i} Home -\g‘ Help = Log o
|Cun1\gurallun‘ Management ?S‘\gznost\cs ( ik atliagk ]
Adwanced Parameter List w
Scenarios Search ﬁ
= = 0 ]
JBasic (& Full S
El@etoark S | + [SDM Configuration s
Hidmedia Settings |ISDN Termination Side |
:TJPSTN Settings 931 Layer Response Behavior u
tbah Cia by o
7 CAS State Machines Incoming Calls Behavior ! [
:Ezlqtraz c;n:t'gumtm" General Call Control Behavior [ (&L
M protosol configuraton HFAS Croup Humber 1
® pdvanced Applications Tt
HEHTDM Configuration v =
Submit Stop Trunk
Scroll down to the remainder of the ISDN Configuration section and the remaining
fields are default settings.
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5.5 Configuring TDM Bus Settings

On the left pane click Configuration and navigate to TDM Configuration > TDM Bus
Settings.
e Configure PCM Law Select to A-Law as T1 trunks are configured to this value.
e Configure the TDM Bus PSTN Auto Fallback Clock to Disable.

e Configure TDM Bus Clock Source to Network as the clocking is generated from
the PSTN line.

] i iant | 4 Submit Burn
I & AudioCodes Mediant 1000 { 9

n ; -
Device Actions ¥ I\E’ Hone: ‘\gf Help = Log off

|Conf|gura1|on| Management ?S‘\l;;nost\cs ( TOM Bus Settings

Basic Parameter List a
Scenarios Search

O Basic & Full

=
— % PCM Law Select | MuLaw v
|
g LfNetworl( Settings & TDM Bus Type Framers v
HidMedia Settings
Sy Sl % 1dle PCM Fattern 05
LWPSTN Settings e =
@ sigtran Gorfiguration % Idle ABCD Pattern .[Ix[IF v
:*-Jsgcur\ty Settings % TDM Bus Local Reference 1
Hlprotocol Configuration % TDM Bus PSTH Auto FallBack Clock Disable v
e -
= \_“-!Advant:ed ADDEatdnz | TDM Bus Clock Source | Metwork
SIS TDM Configuration

TDM Bus Settings

5.6 Proxy & Registration

On the left pane click Configuration and navigate to Protocol Configuration -
Protocol Definition = Proxy & Registration.

e Configure Use Default Proxy to No as SIP connectivity between the AudioCodes
Mediant 1000 and the Meeting Exchange is direct.

inddress | &] hitp:f10.10.7,98)

3 AudioCodes Mediant 2000 ) suomit (@) Bum

Device Actions .\;‘fj" Home @,. Help ) Log off

|Comiguration‘ Mansgement ;‘Slwg;nnsﬂcs r it ecaibsaiatiakian

Basic ParameterList a
Seenarios Search ¥
. L T
= Use Default Prox | Na w
Opasic @ Full ¥ .
Proxy Name |
i Netwark Settings Redundancy Mode | Parking bt
S i -
;‘t‘fMEd'a EEfiny Proxy IP List Refresh Time |60
ARSI Enable Fallback to Routing Table Disabls v
=57 Configuration : = 5
Sigtran Configuration Ll e = g v.
£l e curity Settings Always Use Proxy Disable v
Sl protocel Configuration Redundant Routing Mode | Routing Table |
=P ratocol Definition SIP ReRouting Mode | Standard Mode v
L_ISIP General Parameters Enable Registration | Disable v |
L Proxy & Registration r 1 s
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5.7 Routing Calls

To administer call routing to calls originating from the PSTN to the Meeting Exchange
using TCP or UDP, on the left pane click Configurations and navigate to Protocol
Configuration > Routing Tables - Tel to IP Routing.

e Enter a rule in the Dest Phone Prefix field that matches the pattern of incoming
calls to the AudioCodes Mediant 1000 from the PSTN. For these Application
Notes, the rule * is utilized, where * is a wildcard and will match any digit(s),
thus routing all calls to the Meeting Exchange from the PSTN.

e Enter an * in the Source Phone Prefix field to allow routine for any source
telephone number Dialing-In to the Meeting Exchange from the PSTN.

e Configure table as shown below where the Dest IP Address is that of the Meeting

Exchange.

e Configure Transport Type depending on which SIP transport type is under test.

3 AudioCodes

T gtg(igsg‘noﬁ\cs

Seenarios Search

@ Basic OFull

i@ ctwark Settings
# @ Media Settings
SUPSTN Settings
L [Trunk settings
Sliprotocal Configuration
|_lapplications Enabling
#iprotocal Definition

®i¥prroxies, Registration, IP Groups
*idcoders and Profile Definitions

F¥Manipulation Tables

SidRouting Tables
Tel to IP Routing

TP to Trunk Group Routing

i Trunk Group
-ﬂQDig\ta\ Gateway
* ¥ advanced Applications

Mediant 1000
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z Submit @ Burn Device Actions v \§1 Home \@/ Help t: Log oft
( Cutbound IR Routing Table
3 Advanced Parameter List w |
= 2
Routing Index 140w
Tel To IP Routing Mode ‘RDMVE calls pefgre msn\pu\m\nn v
Sre. Trunk | . BEs)
Group D est, Phone Prefix Source Phone Prefix | Dest. IP Address Port Transport Type IPGIanup
1+ | 1356478615 | — | [ ~]
2 | | Mot Contigured = [
3 | Mt Configured v 2 [
£ >
g
Submit
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5.8 Configuring SIP General Parameters for TCP

On the left pane click Configuration and navigate to Protocol Configuration >

Protocol Definition = SIP General Parameters.

e Configure SIP Transport Type to TCP or UDP.

e Configure SIP TCP Local Port to 5060, to enable SIP/TCP connectivity with the
Meeting Exchange (see Section 4.1) on configuring Meeting Exchange)

e Configure the SIP Destination Port to port 5060.

Address | ] http:/f10.10.7,98¢

;‘\sAudiucodt:s ‘_’: Submit 9 Burn Device Actions ‘fj’ Home L@ Help @: Log off
‘Cm"gumlm‘ e gg‘gnmm ( SIP General Paramsters
Basic ParameterList &
Sesnarios Search
Ooasic Gral [51P Transpart Type [Tce ~[] )
SIP UDP Local Part 5060
#\ I Network Settings [s1p TCP Lacal Part 15080 |
= @media Setings SIP TLS Local Port [5081
A ST Enable SIPS Disabe v
(557 Configuration
‘JSlgtran Configuration Enable TCP Connection Reuse Enable v
‘uESecunty Settings TCP Timeout 10
=l protacol Configuration SIP Destination Port [5050
=I&protocs| Definition Use user=phone in SIF URL | Yes v
= STAEEHER BBt Use user=phone in From Header [Na v
; ::z: z‘i:?r‘:;?”" Use Tel URI for Asserted Identity Disable 7 &
Coders
DTHF & Dialing N
F\ls1p Advanced Parameters PR
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5.9 Administer Codec Preferences
To administer codec preferences, on the left pane click Configuration and navigate to
Protocol Configuration = Protocol Definition > Coders.

e Configure a Coder Name that is compatible with Avaya Meeting Exchange.
e Remaining fields are default settings.

Note: The first coder is the highest priority coder and is used by the AudioCodes Mediant
1000 whenever possible. If the Avaya Meeting Exchange cannot use the coder assigned
as the first coder, the gateway attempts to use the next coder and so forth.

acdress | ] hetp:f10.10.7.96(

£ 3 AudioCodes

!Cemiguvaﬁon‘ Management ?Slw;;nosﬂcs

Scenatios Search

CiBasic @ Full

H Netwark Settings
F P Madia Settings
FIPSTN Settings
=87 Configuration
’-*"L?Sigtr’an Configuration
-*"L;Secumty Settings
P rotocol Configuration
=lidprotocal Definition
_ISIP General Parameters

_|Proxy & Registration
IProxy Sets Table
_lcoders
IDTMF & Dialing

S s1p Advanced Parametars

Mediant 2004 o Suamit @ Burn Device Actions  w

\.ﬁ/ Home
e

'\@, Help
s

@ Log off

( Coders Table

Coder Name Packetization Time

Rate

Payiua\:i Type

Silence Suppression

G T Alaw b |20 > B4

Disabled W

5.7 U - [20 ES &4

| Dizahled v

v

v

v

v

Sul;r;nn
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5.10 Configure In Band DTMF Settings

On the left pane click Configuration and navigate to Protocol Configuration -
Protocol Definition > DTMF & Dialing. Configure Declare RFC 2833 in SDP to No.

ddvess (] httpif/10.10,7.99)

E‘sAudioCodes Mediant 2000 ‘f Submit 9 Burn Device Actions - \z‘;} Hame :\@’. Help t Log off
=
|Cunf|guremun| Management gtgﬁgsgnost\cs ( s
Basic Parameter List a
Scenarios Search
4 = -
OBasic @ Full Max Digits In Phone Murm 5
Elnetwork Settings Inter Digit Timeout for Overlap Dialing [sec] 4 ]
®idMedia Settings Declare RFC 2533 in SDP [ Mo v
FUHPSTH Settings 1st Tx DTMF Gption | RFC 2833 v
@557 Configuration Znd Tx DTMF Option I v
S S e RFC 2833 Payload Type E3
T Security Settings
=l pratocol Configuration % Digit Mapping Rules
S@protocsl Definition Default Destination Number 1000
_IS1P General Parameters Special Digit Representation Special ~]
_IProxy & Registration
IProxy Sets Table
L_ICoders ¢
DTMF & Dialing

e Submit
HLH 1P Advanced Parameters 0

5.11 Configure Out of Band Settings

On the left pane click Configuration and navigate to Protocol Configuration -

Protocol Definition > DTMF & Dialing. Configure Declare RFC 2833 in SDP to Yes
and 1* Tx DTMF Option to RFC 2833.

\acdress | @] http:ff10,10.7 S8f
- Z iant 2 » Submit ) Bum Device Actions ¥ = Home Help B Log off
£33 AudioCodes Meliant 2000 v 9 .Y @ = Loy o
‘Conﬂgurat\onl Management ztgtllgsgnostlcs ( e §
Basic ParameterList a
ScEnaos Search
-
ic ®
Opasic ©Full Max Digits In Phone Murm 5
'*-‘L?Netwol’k Settings Inter Digit Timeout far Overlap Dialing [sec] 4
i Media Settings [peclare RFC 2833 in SDP Yes v]
HHPSTH Settings [Lst T« OTMF Option RFC 2833 |
[ H557 Canfiguration znd Tx DTMF Option b
=\
‘qS\gtran Configuration RFC 2833 Payload Type 56
#Hidsecurity Settings =
=@ protacol Configuration @ Digit Mapping Rulss s
=P rotocol Definition Default Destination Number 1000
|SIP General Parameters Special Digit Representation Special il
IProxy & Reaistration
L_lProxy Sets Table
ICaders +
L_IDTMF & Dialing i
HUFSIP Advanced Parameters il
RJ; Reviewed; Solution & Interoperability Test Lab Application Notes 19 of 23

SPOC 4/25/2010 ©2010 Avaya Inc. All Rights Reserved. M1K-MXS6200



6 General Test Approach and Test Results

The general test approach was to place calls between the Meeting Exchange and the
PSTN directly via the AudioCodes Mediant 1000. The main objectives were to verify the
following using the following protocols TCP and UDP.

Dial-In Conferencing
e DNIS direct call function, where conference participants enter a conference as
moderator, without entering a participant-access-code (passcode).
e Scan all function, where conference participants enter a conference with a valid
passcode.
Dial-Out Conferencing
e Blast Dial, auto and manual.
¢ Originator Dial-Out, where a conference participant is already in a conference as
moderator and invokes a Dial-Out to a single participant by entering *1.
e Operator Fast Dial, where an operator can Dial-Out to a pre-provisioned dial list
of one or more participant.
Audio Path
e Operator Dial-Out to establish an Audio Path.
e Operator Dial-In to establish an Audio Path.
DTMF/Touchtone commands
e *0 Request Help
*2 (as moderator) to start/stop conference recording
*3 to start/stop playback of conference recording
*5 (as moderator) toggle lecture on/off
*6 toggle mute on/off
*7 (as moderator) toggle conference security on/off
*8 play the roster of participant name during conference
*93X (where X is defined from 1 to 9) to invoke a subconference
*930 entered from a subconference to go back to the main conference
*93# entered from a subconference (as moderator) to bring all conference
participants back to the main conference
e ## (as moderator) to end the conference
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7 Verification Steps

The following steps were used to verify the administrative steps presented in these
Application Notes and are applicable for similar configurations in the field. The
verification steps in this section validated the following:
o The Meeting Exchange configuration.
o Verify that the trunks are up on the AudioCodes Mediant 1000 by verifying the

icons for those entries on the Trunk & Channel Status screen are green.

e Verify successful inbound and outbound calls between the Meeting Exchange and
the PSTN

7.1 Verify Avaya Meeting Exchange Processes:

o Login to the Meeting Exchange console to access the CLI with the appropriate
credentials.

e cd to /usr/dcb/bin.

e At the command prompt, run the script decbps and confirm all processes are

running by verifying an associated Process ID (PID) for each process.

5946 ?
6063 ?
6066 ?
6067 ?
60747
6075 ?
6076 ?
6077 ?
6078 ?
6079 ?
6080 ?
6081 ?
6082 ?
6087 ?
6088 ?
6089 ?
6090 ?
6091 ?
6092 ?
6093 ?
6095 ?
6096 ?
3603 ?

RJ; Reviewed;

SPOC 4/25/2010

00:00:01 initdcb
00:00:00 log

00:00:00 bridgeTranslato
00:00:00 netservices
00:00:00 timer
00:00:00 traffic
00:00:00 chdbased
00:00:00 startd
00:00:00 cdr

00:00:00 modapid
00:00:00 schapid
00:00:12 callhand
00:00:00 initipcb
00:00:00 sipagent
00:00:00 msdispatcher
00:00:00 serverComms
00:00:00 softms
00:00:02 softms
00:00:00 softms
00:00:03 softms
00:00:00 softms
00:00:02 softms
00:00:04 postmaster with 23 children
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7.2 Verify Call Routing

Verify end to end signalling/media connectivity between the Meeting Exchange and the
PSTN directly via the AudioCodes Mediant 1000. This is accomplished by placing calls
to and from the Meeting Exchange. This step utilizes the Avaya Bridge Talk application
to verify calls to and from the Meeting Exchange are managed correctly, e.g., callers are
added/removed from conferences. This step will also verify the conferencing applications
provisioned
e From an endpoint on the Public Switch Telephone Network, Dial 1001 to enter a
conference as Moderator (with passcode) while simultaneously invoking the
associated Auto Blast dial feature for this conference
o Ifnot already logged on, log in to the Avaya Bridge Talk application with the
appropriate credentials
e Double-Click on the highlighted Conf # to open a Conference Room
window.Verify conference participants are added/removed from conferences by
observing the Conference Navigator and/or Conference Room windows.

Fle Wew Lns Confersnce FastDial Tools Window Help

Aain

GuEiz® /eS8 480

nce Display Erter Fastdidl helpreGuests Line  Music Options Purge  Set  Transfer retriele u.;dt H\p

[ Lesture [] Look|[#] Secsilowed Polling] Q&A. .| Print| Detail

. Line MName Con f Company Phaone: Caller ID PIN Network Current b Base QA Prigrity Linefux LineAux2
720 ci 24075 VOIP Moderator Maderator
810 c1 24077 WOIR Mormal Mormal

oo oo

8 Conclusion

These Application Notes presented a compliance-tested solution comprised of the Avaya
Meeting Exchange Enterprise S6200 Conferencing Server and the AudioCodes Mediant
1000. This solution enables connectivity between the Avaya Meeting Exchange
Enterprise S6200 Conferencing Server directly with AudioCodes Mediant 1000 over TCP
and UDP.

9 Additional References

Avaya references, available at http://support.avaya.com
o Meeting Exchange S6200 5.2 Administration and Maintenance S6200/56800
o Avaya Meeting Exchange Enterprise Groupware Edition Version 5.2 User’s
Guide for Bridge Talk
Audio Code Mediant 1000 Media Gateway for technical support and System Deployment
Guide are available at http://www.audiocodes.com
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Avaya and the Avaya Logo are trademarks of Avaya Inc. All trademarks identified by
® and ™ are registered trademarks or trademarks, respectively, of Avaya Inc. All other
trademarks are the property of their respective owners. The information provided in
these Application Notes is subject to change without notice. The configurations,
technical data, and recommendations provided in these Application Notes are believed to
be accurate and dependable, but are presented without express or implied warranty.
Users are responsible for their application of any products specified in these Application
Notes.

Please e-mail any questions or comments pertaining to these Application Notes along
with the full title name and filename, located in the lower right corner, directly to the
Avaya DevConnect Program at devconnect@avaya.com.
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