AVAYA

Avaya Solution & Interoperability Test Lab

Application notes for Paetec (Broadsoft platform)
Communication System with Avay
Server 1000 release 6.0

Abstract

These Application Notes des cr imbngcatian Sereet 1000k
Release 6.0 and Paetec Communication SIP Trunk ProblvetPrimary focus of testing is the
system verification of SIP trunk interoperability which includes the call scenarios such as
call, call forward (all calls, busy, no saner), call transfer (blind and consult) and conferenc
Calls should be placed in both directions and should involve various set types

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

This document provides a typical network deployment of Communication Server 1000 (CS1000)
utilizing the Paetec Commudtion SIP Trunking product offering. This document should serve
as general guideline only, since it is not possible to document every possible variation of
configuration. Further information may be obtained from your Nortel support representative.
The C3.000E system is configured as a SIP gateway endpoint on the Paetec Communication
network. The enterprise customer will require an additional signaling server for each SIP
gateway that will be deployed as SIP trunking to the carrier. In the diagram shiown the
signaling server is shown as the onboard CPPM Cores option, but it can also be the outboard,
rackmounted 1U serveithe CS1000, in this configuration, does not use SIP Redirect or Proxy
for Carrier SIP trunking, the SIP Virtual Gateway is simpigvisioned with the SBC as the

static SIP endpoint of the SIP Trunk.

1.1. Interoperability Compliance Testing

System verification testing of SIP Trunking between CS1000 Rel. 6.0 and Carrier switch
o] Gengral call processing between systems including:

A Codec/ptine negotiation and transcoding ( G.7tlbw and G.729
verification / 20ms)

A Hold/Retrieve on both ends
A CLID displayed

A Ringback tone

A Speech path

A Dialing plan support

A Advanced features (Call on Mute, Call Park, Call Waiting, use Feature
Access Code)

A Abandond Call
o Call redirection verification: all supported methods (blind transfer, consultative
transfer, call forward, and conference) including CLID. Call redirection is
performed from both ends
Fax G711 Pass Through (Fax T38 does not support)
MedSec is not quported.
DTMF on both direction
SIP Transport UDP
Thru dialing via PBX Call Pilot
Voice Mail Server (hosted on Nortel system)
Early Media Transmission
Inter-office tandem Call
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1.2. Caveats

A - The Fax/ Modem pass through fleved(MRTA)clpss ovi des

of service (CLS) for an analog phone TN. MPTA CLS dedicates an analog phone TN to a
modem or a Fax machine terminal. A connection that initiates from the dedicated TN, and/or
calls that terminate at the dedicated TN through a Digitat@®iProcessor (DSP), use a G711

NO VAD codec on the Call Server. To ensure proper functioning of the MPTA CLS, the Enable
Modem/Fax pass through mode check box must be selected in the Gateways section of Element
Manager. This check box is selected by difen Element Manager.

A The packet interval for G.711 codec is set
modem and fax is 33.6 Kb/s. This limit is imposed by the analogue line card. When MPTA CLS
is configured on a TN, the T.38 protocol islonger supported for that particular TN.

1.3. Dependencies
. CS1000 R6.0 software and implementation of latest patches

. Paetec Communications provides support to setup, configure, and troubleshoot on carrier
switch for the duration of the testing.

1.4. Support

For technical support on Paetec Communication system, please contact Paetec technical support
at:

M Toll Free:800.967.2233
M E-mail: datatac@paetec.com

2 .Reference Configuration

Figure 1 illustrates the test configtiom used during the compliant testing event between the
Communication Server 1000E and Paetec Communication System. This configuration is for a
single Communication Server1000E deployment
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Figurel- Nettwork diagram for Nortel -Paetec LAB setup

Figure 2 is the deployment option for 2 or more Communication Server of 1000E with the Paetec
communication system.
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Figure 2 - Network topology for Multi -System configuration for Tandem Calls

The following assmptions were made for this lab test configuration:
1. CS1000 R6.0 software and implementation of latest patches
2. Paetec Communications provides support to setup, configure, and troubleshoot on carrier
switch for the duration of the testing.

All test scenariomvolving the establishment of calls will assume the following activities:

1 . Calls will be checked for the correct call progress tones and cadences.

2 . During the ringing state the ring back tone and destination ringing will be checked.

3 . Calls will be checke in both hand$ree and handset mode due to internal Nortel
requirement.

4 . Calls will be checked for speech path in both directions using spoken words to ensure
clarity of speech.

5 . The display(s) of the sets/clients involved will be checked for consestenexpected
CLID, name and redirection information both prior to answer and after call
establishment.

6 . The speech path and messaging system will be observed for timely and quality End to
End tone audio path generation and application responses.

7 . The callserver maintenance terminal window will be open during the test cases execution
for the monitoring of BUG(S), ERR and AUD messages.
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8 . Speech path and display checked before and after calls are put on/off hold from each end.
9 . Applicable of files will be screned on an hourly basis during the testing for message that
may indicate technical issues. This refers to Nortel PBX files.

1 0Calls will be checked to ensure that all resources such as Virtual trunks, TDM trunks,
Sets and VGWSs are released when a call sterads

3 .Equipment and Software Validated

Additional software and patch lineup for the configuration is as follows:

Call Server: 6.00R plus latest DEPLIST
Signaling Server:SSE 6.00.18 plus latest DEPLIST

Patch ID Issue Title Notes
Ringbacktone and speech path support in slow start CFNA
MPLR28415 1 | scenarios
Delete element removes all elemes¢svices mapping of
MPLR28774 1 | associateroles
Unable to access overlays on inactive core when in split mod
MPLR28797 1 | with UCM
MPLR27408 1 | SIP: DisableSIP Session Timer on CS1K.
MPLR25946 1 | SIP GW patch to remove outbound MCDN from SIP messagi
Replace domain population in the FROM field
MPLR22968 1
MPLR25529 1 | PI: SIP: Partial support of DIVERSION

Hardware system requirement and theirs sitivare version

System Software/Loadware Version
Nortel CS1000E 6.0 (CPPM) Call Server: 6.00R
Signaling Server: 6.00.18
2002 p2: 0604DCJ (Unistim)
2004 p2: 0604DCJ (Unistim)
1140: 0625C60 (Unistim)
1120: 0624C60 (Unistim)
2007: 0621C6M (Uistim)
1220: 062AC60 (Unistim)
SIP 1140i00v142

Nortel phones

SIP 1120
. SMC3456: Version 2.6 RC14 build
53715
Paetec Broadsoft platform . Release 14 SP9
Gateway ., LucentLCS 3.14.1.5
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4 .Configure the Avaya Communication Server 1000E

4.1. Element Manager Configuration

4.1.1 Configure

This section describes the steps for creating Node ID (1000) in CS 1000 network. Enter Element

Manager through the IE browser (in IE address bar, type IP address of the Node IP or TLAN of
Signalling Server).

IP in CS1000 network

1 Input Node ID angbress Save...
1 Enter TLAN, ELAN IP address of Signalling Server.

Node 1000 was added to be configured as the SIP gateway to the carrier services.

NERTEL

- UCH Network Services
- Home
-Links
- Virtual Terminals
- System
+Alarms

|»

-Maintenance
+ Core Equipment
- Peripheral Equipment
- IP Network
-Nodes: Servers. Media Cards
- Maintenance and Reports
-Media Gateways
-Zones
-Host and Route Tables
- Network Address Translation
- Qo8 Thresholds
-Personal Directories
- Unicode Name Directory
+Interfaces
-Engineered Values
+Emergency Services
+Geographic Redundancy
+ Software
- Customers
- Routes and Trunks

CS 1000 ELEMENT MANAGER

System » IP Network » IP Telephony Nodes

Help |

- Routes and Trunks S
- D-Channels
- Digital Trunk Interface

- Dialing and Numbering Plans
- Electronic Switched Network
- Flexible Code Restriction
-Incoming Digit Translation

IP Telephony Nodes

Click the Nede ID to view oredit s properties.

Add...llmport...lE.v:pcn IDe!eie’

Print | Refresh
" NodeiD~ Compaonents Enabled Applications ELANIP TLANIP Status
™ [1000 1 LTPS, PD, Gateway ( SIPGw } 192.168.10.10 I Svnchronized
show:I Nodes  I” ComponentServers and Cards

Figure 37 Adding a node

Figure 4 describes the Call server IP configuration
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NKIRTEL

- UCM Network Services
-Home
- Links
-Virtual Terminals
- System
+Alarms
- Maintenance
+ Core Equipment
- Peripheral Equipment
- IP Network

- Nodes: Servers, Media Cards

- Maintenance and Reports
-Media Gateways

-Zones

-Host and Route Tables

- Network Address Translation

- QoS Threshelds
- Personal Directories
- Unicode Name Directory
+Interfaces
-Engineered Values
+Emergency Services
+ Geographic Redundancy
+Software
- Customers
- Routes and Trunks
-Routes and Trunks
- D-Channels
- Digital Trunk Interface
- Dialing and Numbering Plans

|»

"~ || Hostisme~

CS 1000 ELEMENT MANAGER

System » IP Network » P Telephony Nodes » Node Details

Help |

Node Details (ID: 1000 - LTPS, PD, Gateway ( SIPGw ))

Node ID 1000 (0-9999)

Call Server IP Address: [192.168. 10 5

Telephony LAN (TLAN} Embedded LAN (ELAN)

Node [P Address [ezs61010 | Gateway IP address:  |[192.168.100.1 |
Subnet Mask l255.255.255.0 ] Subnet Mask: [[255.255 255 0 |

IP Telephony Node PropertiesApplications (click to edit configuration)

+ Voice Gateway (VGW) and Codecs
+ Quality of Service (Q0S)

* Required Value.

Associated Signaling Servers & Cards

|Select to add v| Add| Remove| Make Leaderl
™ nd1-cart Signaling Server LTPS, Gateway, PD 192.168.100.149

Note: Only server(s) that are not part of any other IP telephony node and deployed application(s) that match the service
available in the servers fist .

Figure 4 - Call Server IP Configuration

+» Tarminal Dravu Qaonior (TDQ)

_Sae | Can

| Refresh

Print
AN Role
192.168.10.245  Leader

(s) selected for this node are

Since the carrier does not support TLS or sRTP, we have them disable in our CS1K
configuration. For the primary proxy enter the IP address of the Session Border Controller

(SBC). Use UDPRSIP transport, port 5060 for SIP communication. The NRS is not enabled as all

calls are routed by the SBC.
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NERTEL

-Home
- Links
- Virtual Terminals
- System
+Alarms
- Maintenance
+ Core Equipment
- Peripheral Equipment
-IP Network
-Nodes: Servers. Media Cards
- Maintenance and Reports
- Media Gateways
-Zones
- Host and Route Tables
- Network Address Translation
- QoS Thresholds
- Personal Directories
- Unicode Name Directory
+Interfaces
- Engineered Values
+Emergency Services
+ Geographic Redundancy
+Software
- Customers
- Routes and Trunks
- Routes and Trunks
-D-Channels
- Digital Trunk Interface
- Dialing and Numbering Plans
- Electronic Switched Network
- Flexible Code Restriction
- Incoming Digit Translation
- Phones
-Templates
-Reports
- Properties
- Migration
-Tools
+Backup and Restore
- Call Server Initialization
-Date and Time
+Logs and reports
- Security
+Passwaords
+Paolicies

- UCM Network Services =

<

+| ooin Options

CS 1000 ELEMENT MANAGER

Help Logout

System » IP Network » IP Telepheny Nodes » Node Details » Virtual Trunk Gateway Cenfiguration

Node ID: 1000 - Virtual Trunk Gateway Configuration Details

General | SIP Gateway Seftings

| SIP Gateway Senvices

Vitrk Gateway Application: ¥ Enable gateway senvice on this Node

General

Vitrk Gateway Application W
SIP Domain name.

Local SIP PortB0S0____ Ji1-sseas
Gateway endpoint name
Gateway password: I— *

Enable failsafe NRS: ™

SIP Gateway Settings

TLS SeCUrity:ISecurity Disabled ¥|
(1 - 68535

Port:J5061 | (1-65535

Number of Byte Re-negotiation ID 'I

Options-I™ Client Authentication
I™ X509 certificate authority

Proxy Or Redirect Server:

Primary TLAN IP Address:[§13.123.124.125
Transport protocol:l

Options: [~ Support registration
I” Primary CDS Proxy

* Required Value.

Note: Changes made on this page will NOT be transmitted until the Node is also saved.

Virtual Trunk Network Health Monitor :1

™ Monitor IP Addresses (listed below)

Information will be captured for the IP addresses listed below
Monitor IP Add I

Monitor addresses

Remove I

Secondary TLAN IP

- i
Address: dLo
Port:[5060 (1-65535

Transport protocol:| TCP ¥

Options: I Support registration
I” Secondary CDS Proxy =]

Cancel

Save

Figure 571 Virtual Trunk Gateway configuration

4.1.2 Configure Voice Codec for Nortel IP Phone

This section describebé steps for administering a set of codecs in CS1000. This set of codecs is
used in IP network for communication between Nortel IP Phones.
1 Access EM by IE browser.

1 Choose "IP Network", then choose "Nodes: Servers, Media Cards", select proper Node
and presSEdit".

Figure 6 and 7 are showing how to change Codec profile for IP Phone, select "VGW and IP
phone codec profile”.

Enable Modem FAX pass through mode for G711 and check V.21 Fax tone Detection
(enabled as default) for MPT.

TN of sets with class of sace = MPTD (Modem Pass Through Denied)

QT; Reviewed:
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NERTEL CS 1000 ELEMENT MANAGER Help |

-Maintenance and Reports _;I Managing: Username:
—lédoe::;Gateways System » IP Network » 1P Telephony Nodes » Node Details » VGW and Codecs
—Host and Route Tables Node ID: 1000 - Voice Gateway (VGW) and Codecs ]
- Network Address Translation  General | Voice Codecs | Eax
- QoS Thresholds -
- Personal Directories Echo Cancellation: ™ Use canceller. with tail delay:l 128 vI
- Unicode Name Directory 3 §
+Interfaces  Dynamic attenuation
T, Engmeereq Valqes Voice Activity Detection Threshold: |-17 {-20-+10 DBM
+Emergency Services
+ Geographic Redundancy Idle Noise Level: |-65 (327 - +327 DBM)
+Software Signaling Options: ¥ DTMF Tone Detection
% (;uls,:ome;: ol I™ Low latency mode
RO I (5 V¥ Remove DTMF delay (squelch DTMF from TDM to IP)
-Routes and Trunks o
_D- | M Modem/Fax pass-through
D-Channels
- Digital Trunk Interface .21 Fax Tone Detection

- Dialing and Numbering Plans
- Electronic Switched Network .
- Flexible Code Restriction Codec G711Enabied (required)

sicamindIaidsiaton Voice payload size:] 20 »||imilliseconds per frame)

Voice Codecs

- Phones
-Templates Voice Playout (jitter buffer) delay'|40 '”80 '] (milliseconds)
5 I;R’reolz)oerrt‘:es Nominal Maximum
- Migration Maximum delay may be automatically adjusted based on Nominal settings
- Tools ™ Voice activitv detection (VAD)
+Backup and Restore : ) ; S
- GaliSeneriniialization + Required Value. Note: Changes made on this page will NOT be transmitted until the Node is also saved. Save l Can

-Date and Time

+Logs and reports
- Security

+Passwords

+Paolicies

+Login Options

Ll

Figure 61 Voice Gateway and Codec settings

Figure 7 shows how to configure the Voice gateway and IP phone codec seftiegBaetec
Communication network supports both G.711 ant?G.The packet size is set to 20 to match
the network also. FAX codec with T.38 FAX is as default in system.
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Figure 77 Voice Gateway and codec settings

4.1.3 Configure Voice Codec for Media Gateways

This section describebd steps for administering a set of codecs in CS1000. This set of codec is
used in IP network for communication through Media gateways.

1 Access EM by IE browser.

1 Choose "IP Network", then choose "Media gateways", select proper voice gateways

1 To change Codeprofile for IP Phone, select "VGW and IP phone codec profile".

Figure 8 shows how to configure the Voice Gateway and IP phone codec profile
Check Modem FAX pass through mode

TN of sets with class of service = MPTD (Modem Pass Through Denied)

Voice gatevay and IP phone codec settings.
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