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1. Introduction

This application note provides configuration steps for Service Providers to deliver SIP Trunking Services to enterprise
customers deploying the ShoreGear 30 Voice Switch SIP PBX using InnoMedia's Enterprise SIP Gateway (ESG) ESBC900
series. The ESBC is owned and managed by the service provider, and performs necessary SIP normalization, NAT and
firewall traversal, security operations, performance reporting, and remote diagnosis.

Delivering Business Voice Services to Enterprises

Figure 1 illustrates how business voice services can be delivered to enterprise customers having legacy TDM PBXs, IP PBXs,
or through hosted voice services.
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Figure 1. Reference Network Architecture
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Getting Started

The following preliminary pieces of information are required:
e SIP Proxy Server IP address or FQDN and SIP Domain.
e  SIP Trunk user accounts, direct inward dialing (DID) numbers, and/or a main pilot number.

e S|P authentication credentials with the service provider network.

2. Interoperability Compliance Testing

The SIP Trunking ESG — PBX interoperability lab setup is shown in Figure 2 where a ShoreGear 30 Voice Switch is
connected to an ESBC, which in turn is registered to the service provider’s SIP server. To verify ESBC — PBX interoperability,
the following features and functionality are executed during the interoperability compliance tests.

PBX Features Verified

Inbound calls to Shoretel IP phones and FAX machines connected with the ShoreGear 30 Voice Switch FXS ports.

Outbound calls from Shoretel Phones and FAX machines connected with the ShoreGear 30 Voice Switch FXS

ports.

Various Call features:

Blind and Consulted Call Transfer
Call Forwarding

Caller ID/Caller name presentation
Three way conference call

User features such as hold, resume

DTMF transmission using in-band transmission and RFC2833 packets
Codec: G.711 u-law
FAX/Modem on FXS ports: G.711 pass-through, T.38 relay, high and low speed modem.

Features Not Supported on Shoretel ShoreGear 30

GIN registration

Limitations or Not Tested at 10T lab

Codec negotiation

Equipment and Software Validated of this Application Note

The lab network for the SIP Trunk reference configuration is illustrated below.

ESBC

PBX

Model InnoMedia ESBC 9378-4B
Firmware Version esbc-9x-2-0-12-40-Build 6
Model ShoreGear 30 Voice Switch
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Shoreware Director version 13.1 Build 18.22.5110.0 GA

Firmware

PBX LAN Phones

Shoretel 110

Shoretel 210

Shoretel 230

Shoretel 560

SIP Server
Softswitch Alcatel Lucent CTS
Version 8.2 ER6

LAB Configuration Example

Table 1
Component | |OT LAB Value ‘ Your Value
InnoMedia ESBC
LAN IP Address 172.16.187.1
LAN Subnet Mask 255.255.0.0
WAN |IP Address Static IP
ShoreGear 30
IP Address 172.16.228.100
DID Account Number Account Attribute
+19193825251 Pilot Number
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ESBC — PBX Shoretel Shoregear Voice Switch 30 10T LAB Setup

Service Provider

Customer Premise

Service Provider
SIP Server

Analog FAX
Extension: 5272
DID: 19193825272

Shoregear 30
WAN IP:
172.16.228.100
Pilot Number: ESBC
19193825251 LAN IP: 172.16.187.1 /
cess Ne — /‘_\
Etherneto T &/
1 DOC'SL&Z 0 & 3.
Extension: 5275 |
DID: 19193825275 1
1
I - @
1
1
1
1
1
1
Extension: 5273 1
DID: 19193825273 — e :
1
1
-
% ShorewareP:172.16.228.2
= Corporate voice Network Service Provider Network Analog Line

Figure 2. SIP Trunk LAB Reference Network

The lab network consists of the following components:
e  Devices Under IOT Test:
- PBX: ShoreGear 30 Voice Switch PBX
- Enterprise SIP Gateway: InnoMedia ESBC9378-4B
e Two Shoretel phones on the local LAN registered to ShoreGear 30 Voice Switch, and one fax machine connected
to an FXS port of ShoreGear 30 Voice Switch.
e  Service Provider’s IMS Alcatel-Lucent Softswitch

3. ShoreGear 30 Configurations

The instructions provided in this section are intended to help Field Install Technicians configure the ShoreGear 30
Voice Switch to connect to the InnoMedia ESBC9378-4B. They are not intended for advanced functionality setups. It
is further assumed that Field Install Technicians already have knowledge of ShoreGear 30 Voice Switch operations.

Shoretel does not provide DHCP server for dynamic IP address assignments to IP SIP phones. DHCP server and TFTP
server can run on win 2008 server where Shoretel Director is installed.

1. Connect ShoreGear phones to the same subnet as ShoreGear 30 Voice Switch.

2. Connect an analog phone and a FAX machine to ShoreGear 30 Voice Switch FXS ports
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3. Start Shoreware Director software.

4. Login to Shoreware Director.

Setup IP Network Configuration and Register to Shoreware Director

Configuring Network Connection
1. ShoreGear 30 Voice Switch must have
a. avalid IP address from a DHCP server or the BOOTP server on the Shoreware Director server, or

b. an address statically configured from the console port.

Configuring SIP Server and Profile

1. Navigate to SIP Servers = SIP Servers
Click “New” button as in Figure 3
3. Enter SIP server parameters in a pop-up window and click “Save” button

N

r

== Il
e | S hitp://17216.228.2/ShoreWareDirector/MainFrame.asp EREIED * 3

© ShoreTel Director

File Edit View Favorites Tools Help
% @jConvert v [ Select
) v B v I @ v Pagev Sefetyv Toolsv @~v & - W@ £}

& Shorelel SIP Servers —

" SIP Server List 0 records checked Showing 1 of 1
.

Build 18.22.5110.0
Logoff Administrator =]

Override Default SIP Fax

Name Extension Site Host Port Profile Protocol Voice Mail Enabled Enabled
Administration 0 ESBC 5270 Headquarters 172.16.187.1 5060 ESBC uDP No Yes

* Users...

o Trunks...

« IP Phones... ©1998-2012 ShoreTel, Inc All rights reserved.

« Platform Hardware...

« Call Control...

* Voice Mail...

* Auto-Attendant Menus

« Workgroups

* Schedules

« Communicator...

* System Directory

»_Application Servers...
o _SIP Servers
o SIP Profiles

* Sites
* System Parameters...
« Preferences

Maintenance

Reporting

®100% ~

Figure 3 Add SIP Server
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Fg
(& SIP Server Info - Internet Explorer, enhanced for Bing and MSN l&@u
s

@ http://172.16.228.2/ShoreWareDirector/SIPServer.asp?ID=1&sipsvrdn=5270 &siteid=18&named=ESBC& g.

|

e

e

Protocol: uDP v

Host (Name / Address / Domain): {172_16_18-,1 ” Ping I

Override Default Port:

[C] Allow External Voice Mail for Extension-Only User
(VI Allow Fax Redirect to This Server

Assigned User Group:
SIP Profile:
Digest Authentication: Outbound-Only v
Usemame:
Password: [seeseeee |[onsssces
Save | | Close | Previous Next

© 1998-2012 ShoreTel, Inc. All rights reserved.

Figure 4 Configure SIP Server

Registering ShoreGear 30 Voice Switch to ShoreWare Director
1. Login Shoreware Director
2. Click Platform/Hardware - Voice Switch/Service Appliances > Primary

3. Click “Find Switches” and select the discovered switch on a popped up window or enter manually and click
“Save” button.

Qe G http://172:16.228.2/ShoreWareDirector/MainFrame.sp - p-c ke
|G ShoreTel Director ~ »

| e " Ear View Favorites Tools Help
x @Convert v [B)Select

|
| 5 ~ B ~ = & v Pagev Sefetyv Took~ @~ & ) MW

& Shorelel
Add new atsﬁel[ V| of type: | ShoreGear 30 v| Go |

Build 18.22.5110.0

Logoff Administrator Quick Database Serial
Rdneieiton Name Launch Description Site Server Server Type IPAddress MAC Address Number
* Users... & SG30 Shy 30k ' SG-30 17216228100 00-1049-28-45E3 S30F1250284
o Trunks... i b ' F SW  17216.228.2

o Individual Trunks
o Trunk Groups
o SIP Profiles
o ISDN Profiles ©1998-2012 ShoreTel, Inc, All rights reserved
o Local Prefixes
IP Phones...
Platform Hardware...
o Voice Switches /
Service Appliances...
= Primary
= Spare
o Conference Bridges
Call Control...
Voice Mail...
Auto-Attendant Menus
Workgroups
Schedules
Communicator...
System Directory
Application Servers...
SIP Servers...
Sites
System Parameters...
Preferences < >

H125%

T4

Figure 5 Add ShoreGear 30 Voice switch to Shoreware Director
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-

[E=EET—)
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Figure 6 Shoreware Director finds Voice Switch

ShoreTel Director - Windows Internet Explorer

G@v |B hiipiijtz2.16.228.2; v 51 [5¢] [E8 Live searc |[o]+
[ He Edt vew Favortss Tooks Hep 7 ]
¢ Favorites |33 - | ) ShoreTel Director X | @hutpiff172.16.187.1jacmin.. | v B) 0 @b v Page- Safety~ Took- @-
N = TICOOUTITeTY A
@ ShoreTeI IP Address: [172.16.228.100 [[_Find switches ] b |
Directo Ethemet Address: [00-1049284563 |
Build 18.22.5110.0 e ——
Logoff Administrator Server to Manage Switch [Headqyarters v
Administration || Callers E y Senice (CESID): (e-g. +1 (408) 331-3300)
Built-in Capacity: IP Phone + SIP Trunk = Total
o Individual Trunks 5 +[2 =7 of 10 (60 SIP proxy ports
o Trunk Groups Ij ;‘ ( PRy ports)
o SIP Profiles [J Enable Jack Based Music On Hold
o ISDN Profiles
o Local Prefixes Jack Based Music On Hold Gain (49 to 13): [ ldB
Platform Hardware... [J Use Analog Extension Ports as DID Trunks
o Voice Switches / i
Service Appliances...
SRS | | Shorefel suresear 0
= Spare
o Conference Bridges [I o
« Call Control... —
* Voice Mail... L
* Auto-Attendant Menus
* Workgroups
Schedules
+ Communicator... _
» System Directory T
S Ao s, Edit [Trunk |[Analog Loop start | [19193825277 | 2 [ |
o SIP Servers... 2 |5 sIP Trunks v v/ [poz | ‘ [ |
* Sites
» System Parameters... 1 [51p Phones vl v/ [pos 1. [ | [ |
« Preferences = m—— = - =
12 Edit Extensi | = 5272 FXS [ 2 [ [ 10T |
Maintenance 14
* Quick Look ©1988-2012 ShoreTel, Inc. All rights reserved v
« Connectivity vi¢ | >
Done 00 ] i @ Internet 4o v ®100% -

Figure 7 Configure ShoreGear 30 Voice Switch
SIP Trunk Setting

SIP Profiles

1. Navigate to Trunks - SIP Profiles
2. Click “New” button
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G . SIP Profiles Heip
O ShoreTel 0 records checked

Build 18.22.5110.0

e N User Agent Enabled Priori

Logoff Administrator U ome, ger igen paue Horty

= = O AT&ET = Yes 10
Administration i T "
« Users... ] LenturylLink Yes 10
O CenturyLink (formerly Qest = Yes 10
o Individual Trunks 0 Default ITSP Yes 10
o Trunk Groups ”

O Default Tie Trunk Yes 10

Figure 8 Add a new SIP Profile
3. Name Profile, set User Agent, check “enable option” and add to “1CodecAnswer=1“Custom Parameters

(= ShoreTel Director - Windows Internet Explorer. g@@
@\.,. Je \Q) £1/1172.16.228.2{ShoreWareDirector/MainFrame. asp vl 4| x \ q Live Se |2
File Edit View Favorites Tools Help
S Favorites 93+ | ) shoreTel Director % | @ httpif1172.16.187. 1 fadmingi.. ) - B ) @ - Page- Safety~ Tooks~ @~
1@ This website wants to install the following add-on: "VoiceMessage Control from ‘ShoreTel, Inc.". IF you trust the website and the add-on and want to install t, ciick here... x
C . Edit this record Refresh this page ]
& Shorelel
Bifeets Name: [EsBC TSP | |
Build 18.22.5110.0 User Agent: | E ]
Logoff Administrator =
Priority: 100
Administration ol v \;J
« Users... [“]Enable
o Individual Trunks OptionsPing=1
o _Trunk Groups OptionsPeriod=60
0_SIP Profiles StripVideoCodec=1
o ISDN Profiles DontFwdRefer=1
o Local Prefixes SendMacIn911CallSetup=1
« IP Phones...

Historylnfo=diversion

Platform Hardware...

EnableP-Assertedldentity=1
Call Control...

4 AddG729AnnexB_NO=1
e Rt rodes System Parameters it |
o Bridged Call - Register=0
° :ﬁa:’zr:;:j‘:;s RegisterUser=BTN
© Music On Hold... gﬁgi‘:’;ﬁz:ﬁ%""ﬂsm
o Paging Groups 5
o picgkug Grougs OverwriteFromUser=0
© Route Points
o Su rted Codecs - e
> mzzz Licte [1CudecAnswer=1
o Options
* Voice Mail...

o System Distribution

Lists Custom Parameters: =
o AMIS
o External Voice Mail

(QSIG)
o Options

« Auto-Attendant Menus ., v
# Done i73) @ mnternet fh v ®100% -

Figure 9 Configure a new SIP Profile

SIP Trunkgroups

1. Navigate to Trunks = Trunk Groups.
2. Select SIP and click “Go” link

& Shorelel Help

|
Add new trunk group at snte{ of type: Go I
Build 18.22.5110.0

Logoff Administrator

Access
Adminictration n Name Type Site Trunks DID Destination Code
o Users... Analog Line Analog DID Headquarters 0 Yes 5700 -
° TI'UI'Ik_S-_-- Analog Loop Start  Analog Loop Start Headquarters 1 No 5700 9
o_Individual Trunks Digital Loop Start Digital Loop Start Headquarters 0 No 5700 9
o Trunk Groups RS
) P Profilcs Digital Wink Start Digital Wink Start Headquarters 0 No 5700 9

Figure 10 Add a new trunk group
3. Enter SIP Profiles parameters

a. Assign atrunk group name.

b. Select a profile for the trunk group.

c. Uncheck "Enable SIP INFO for G711 DTMF Signaling”
d. Enter 11 in "Number of digit from CO"

e. Check option DNIS

10
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£ © o >

Check option DID

Click "Edit DID Range", enter the Base Phone Number and number of Phone Numbers and click “Add

this record” to add the DID Numbers, and click “Save’.
Uncheck “Extension”

Check “Tandem Trunking”

Select “ESBC Group” for “User Group”

Check “Outbound” option

Enter 9 for “Access Code” field, 919 for “Local Area Code” field, and “+1 (919) 382-5270” (used in this

test setup) for Billing Telephone Number” field.
Check the following option for “Trunk Services”
i. Local
ii. Long Distance
iii. International
iv. Enable Original Caller Information
v. nll(e.g.411, 611, except 911 which is specified below)
vi. Emergency(e.g. 911)
vii. Easily Recognizable Codes (ERC) (e.g. 800, 888, 900)
viii. Explicit Carrier Selection (e.g. 1010xxx)
ix. Operator Assisted(e.g. 0+)
X. Caller ID not blocked by default
Check “Dial 7 digits for Local Area Code” option
Select 382 for "Local Prefix”
Enter 1919 in “Prepend Dial Out Prefix” field.
Click "Save" button.

= E |
172162282 o
G ShoreTel Director
| Eile Edt View Favortes Tooks Help
x @ Convert ~ [ Select
‘ R - @ v Pogev Safetyv Tooksv @~ & | 8@
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|
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Logoff Administrator Name
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+_Users
_— Language Engiish(Us)
= Individual Truni
p |Enable SIP Info for G.711 DTMF Signaling
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Local Prefixes
il Digest Authentication <None> v
« Platform Hardware...
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fem;::atgv)pllanmsm P 1
Spare :
> Conference Bridges ftuoune:
« Call Control... Number of Digits fom CO E
* Voice Mail... DN S
+ Auto-Attendant Menus IDNIS Edit ONIS Map
. ;;ﬂ;;?:‘ps D0 Edt DID Range
+ Communicator... A Extension
+ System Directory i
« Application Servers...
« SIP Servers... >V
« Sites
« System Parameters...
« Preferences
Maintenance
Reporting Exccutives v
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« Options
S o Destination 5700 Detault Search
ocumentation
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11
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Figure 11 Configure a trunk group
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Figure 12 Configure a trunk group (cont’d)

For PBX Static Operation Mode

By default, ShoreGear 30 Voice Switch use static registration.

(= ShoreTel Director
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1@ This website wants to install the following add-

X | @hutpifj172.16.187. 1 jadmingi..

=

B-8

= v Page~ Safety~ Tooks~ @~

oiceMessage Control from 'ShoreTel, Inc.', If you trust the website and the add-on and want to installit, click here...

X
) - [T N Refesh this page
& Shorelel
Directo Name: ] ]
Build 18.22.5110.0 User Agent: B I
Logoff Administrator
= = Priority: |100
Administration Al
e Users...
OptionsPing=1
OptionsPeriod=60
[o_STP Profiles ] StripVideoCodec=1
o ISDN Profiles DontFwdRefer=1
o Local Prefixes SendMacin911CallSetup=1
« IP Phones... Historylnfo=diversion
*: glaltfgrth?rdware... EnableP-Asserted|dentity=1
o Call Control.... AddG729AnnexB_NO=1 :
R it ados System Parameters: > nexB_|
o Bridged Call =
Appearances o !
o Hunt Groups egisiariser- TN
© Music On I?old 5 ﬁiiﬁﬁ:giﬁon:%oo
o Paging Groups 2
o pic“}mgcmu:s OverwriteFromUser=0
o Route Points
o Supported Codecs - —
5 Codec Lists
o Options
* Voice Mail...
o System Distribution
Lists Custom Parameters: =
o AMIS
o External Voice Mail
(QsI6)
o Options
. to-Attendant Menus v
@ Done

7

@ Internet

4 v ®i100% -

Figure 13 Static Registration
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Configuring Users and Phones

User Groups
1.
2.

©® N o kW

Navigate to Users > User Groups.
Click “Add New”

@e G http://172.16.228.2/ShoreWareDirector/MainFrame.asp

©) ShoreTel Director

File Edit View Favorites Tools Help

x @;Convert v [ Select

) v B v ) M v Pagev Safetyv Toolsv @~ && ) [0 MY

¥
& Shorelel Helo
Director
[ Dirsctor |
Build 18.22.5110.0
Logoff Administrator | Pemmissions ]
Adiinistration Voice Mail Account DID AS
A | Name Telephony Features Call Voice Mail Interface Codes CESID
[Ddnadua ars Account Code Service Minimally Featured No No Mail Box None Disabled Yes
Anonymous .
TS BT SR e S Minimally Featured Internal Only No Mail Box None Disabled Yes
° ?“{"‘%’“0"5 Audio C Minimally Featured No No Mail Box None Disabled Yes
elephones = .
o Baendlonticts ESBC Group Fuly Festured Internal Only Large MailBox ~ ShoreTel Voice Mail, SMDI Disabled Yes
o Batch Update Utility i Fully Featured No Large MailBox ~ None Disabled Yes
o Call Handling Mode House T Minimally Featured Internal Only No Mail Box None Disabled Yes
. u[:'ekfsaults... IP Telephones Minimally Featured Internal Only No Mail Box None Disabled Yes
o Tr
S TP Phouas. Managers Partially Featured No Medium Mail Box None Disabled Yes
+ Platform Hardware... Staff Partially Featured Long Distance Caling Medium Mail Box None Disabled Yes
« Call Control... Voice Mail Notification Minimally Featured No il No Mail Box None Disabled Yes
« Voice Mail...
* Auto-Attendant Menus
« Workgroups © 19982012 ShoreTel, Inc Al rights reserved
* Schedules
+ Communicator...
e System Directory
« Application Servers...
« SIP Servers... b
e Sites
#100% v

Figure 14 Add a user group

Enter a name for this user group.

Select “Full Featured” for COS — Telephony
Select “Internal Only” for COS — Permission.
Select “Large Mail Box” for COS —Voice Mail

Select “Disabled” from dropdown list for Account Code Collectio

Check the following options
a.
b.

[oN

Send Caller ID as Caller's Emergency Service Identification (CESID)

Send DID as Caller's Emergency Service Identification (CESID)

Outgoing Trunk Groups (Access Code) — Analog Loop Start, ESBC SIP Trunk Group
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r
\ G http://17216.228.2/ShoreWareDirector/MainFrame.asp
\’@ ShoreTel Director x
File Edit View Favorites Tools Help
x @ Convert v [ Select
) v B ~ [ M v Pagev Safetyv Toolsv @~ && | [0 F
- User Groups Help
2 New Copy Sav
©ShoreTeI Edit User Group l ” |
Director
Build 18.22.5110.0 Edit this record Refresh this page
Logoff Administrator Name: lesscGrowp ||
Administration COS - Telephony-
SEEET A - lelephony: Fully Featured V| Go to this Class of Senice
o Individual Users COS - Call Permissions: Internal Only V| Go to this Class of Senice
0 User Groups
o Class of Service COS - Voice Mail: Large Mail Box /| Go to this Class of Senvice
o Anonymous
Teleph9nes_ Send Caller ID as Caller's Emergency Senvice Identification (CESID).
o Extension Lists
o Batch Update Utility Send DID as Caller's Emergency Senvice Identification (CESID).
o Call Handling Mode
Defaults... < Account Code Collection:
e Trunks...
« IP Phones... Show ShoreTel Communicator users a list of account codes when dialing. l
« Platform Hardware... . 4
« Call Control... Outgoing Trunk Groups (Access Code): Analog Loop Start (9)
« Voice Mail... [ pigital Loop Start (9)
« Auto-Attendant Menus [ pigital Wink Start (9)
* Workgroups 1l
S Shaduios ESBC SIP Trunk Group (9)
« Communicator... I
* System Directory
« Application Servers... |
* SIP Servers...
* Sites
* System Parameters...
« Preferences I
Maintenance
3 2 . v
Reporting Voice Mail Interface Mode: ShoreTel Voice Mail, SMDI VvV
#100% ~

Figure 15 Configure a user group

Individual Users
To add a new user,

1. Navigate to Users = Individual Users

2. Click “Go” as below
T A AR T R v o=
°|(_:) http://172.16.228.2/ShoreWareDirector/MainFrame.asp pP-C Lﬁ}ﬁ £o3

© ShoreTel Director x| 2

I File Edit View Favorites Tools Help

' x @;Convert v [ Select

I - v [ dw v Pagev Safetyv Toolsv @~ & ) WO F
& Shorelel

T — [rssawres ¥ 6o

dd new user at

Build 18'21:5_11‘"" Showpage:|115171-5175 v el e 4Records[25 V| perpage Export to Excel
Logoff Administrator
Administrati Last Access
-"“:;r Clstit A | First Name Name Site User Group License Extension Mailbox Switch Port Status
o I ual Users 52712 FXS Headquarters Executives  Personal 5272 5272 QA_SG30 12 Home
o User Groups 5273 Personal 5273 5273 QA_SG30 00-10-49-29-91-C3  Home
o :'BSS of Service 527. Shorete210  Headquarters Executives Personal 5274 5274 QA_SG30 00-10-49-00-9A4-99 Home
o Anonymous =
7 -10-
Telephones 275 Personal 5275 5275 QA_SG30 00-10-49-24-29-8F Home
o Extension Lists
o Batch Update Utility © 1998-2012 ShoreTel, Inc. All rights reserved i
o Call Handling Mode
Defaults...
* Trunks...
« IP Phones... v
+ Platform Hardware...
phary
#100% ~

Figure 16 Add a new individual user
3. Enter user info
a.

b.

Enter Name, Number (extension), Caller ID.
Check DID Range
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Enter DID number.

Select “Executives” for User Group.

Select “Headquarters” for Site.
Select “IP Phones” radio button and then select IP Phone MAC.
Click “Save” button.

S O o O

0o

s beer

o] o [ ]

Build 18'22:5.110'0 w General ) Personal Options ) Distribution Lists ) Workgroups Refresh this page
Logoff Administrator
Administration First Name: | BIE x
* Users..
o Individual Users Last Name:
o User Groups
o Class of Service Number:
© Anonymous
Telephones. Lcense Type
o Extension Lists
o Batch Update Utility Access License: [Enable Contact Center Integration
o Call Handling Mode
Defaults... Caller ID: (e.g. +1(408) 331-3300)
* Trunks...
« IP Phones... DID Range: +19193825270 (5 of 10 available) ESBC SIP Trunk Group | View System Directory
« Platform Hardware...
« call Control... DID Number: (Range: +19193825270 - 19193825279)
* Voice Mail...
« Auto-Attendant Menus PSTN Failover:
* Workgroups
* Schedules User Group: Executives V| Go to this User Group
« Communicator...
* System Directory
« Application Servers... Site:
* SIP Servers...
* Sites Language:
« System Parameters...
« Preferences Primary Phone Port: @ IP Phones
Maintenance Ports v
. =
. gxac:em'i‘ty O SoftSwitch [ sofiswitch v
* Voice Mail Servers
+ Make Me Conferencing Current Port 00-10-49 trlL
« Audio / Web
Conferencing Jack #: \:l
« IM
+ Event Filters
 HQ Event Log... Mailbox Server Escalation Profiles and Other Mailbox Options
* HQ Services
[Vl Accept Broadcast Messages
"f":;“p:?ts___ | Include in System Dial By Name Directory
=:Options [IMake Number Private

- = T —
: )| S http://172.16.228.2/ShoreWareDirector/MainFrame.asp P~c| e
| & ShoreTel Director x [ 4 l S 8% samw
File Edit View Favorites Tools Help
x @jConvert v [ Select
f v B v & v Pagev Sofetyv Toosv @~ & o [ £
G Shorelel Users Help

#,100%

IP Phone Address Map
1.

2. Click “New”

Figure 17 Configure a new individual user

Navigate to IP Phones = IP Phone Address Map
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f - R PR
e D) Ghnp:f-1;2.16.228£Shﬂeﬂ’are@h‘lalrjﬁame‘azp : -  prie[ i e i
) ShoreTel Director 2
File Edit View Favorites Tools Help
X %Canvert > @Selec(

f% v B v = dh v Pagev Safetyv Toolsv @~ & § [0

& Shorelel IP Phone Address in

. P Addre ap 0 records checked
Dot || ow.

Build 18.22.5110.0

Logoff Administrator O Site Low IP Address High IP Address Teleworkers
Administration O Headquarters 172.16.228.100 172.16.228.119 No
* Users... A
e Trunks... © 1998-2012 ShoreTel, Inc All rights reserved.
o Individual IP Phones
o ¥ Phone Address
Map

o SIP Profiles
o Phone Applications

o Options
« Platform Hardware... v
* Call Control...
#100% v
Figure 18 Configure IP Phone Address Mapping
3. Enter IP Low and High IP addresses
r@ IP Phone Address Map Info - Internet Explorer, enhanced for Bing and MSN E@ﬂ1

& hitp://172.16.228.2/ShoreWareDirector/IPPhoneRange.aspD=1&bNew=undefined&hide=0 2 l

sie Heodquariers |0
LowIP Adress:
High P Address:
et — T
[ITeleworkers
| Save | | Close Previous Next
© 1082-2012 ShoreTel, Inc. All rights reserved.

Figure 19 IP Phone Address Map

4. ESBC Configurations

Please refer to ESBC Administrative Guide for detailed information. http://www.innomedia.com/support_manuals.shtml

Configuring SIP Trunk Information

1. Navigate to Telephony > SIP TRUNKS > Trunk Setting

2. Enter the SIP Service information provided by your service provider.
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000

b Y ! > %
& L3 ¥ 5 - - ! D Sys. Name: eSBC
- = ~ ” ~,
@ Qg} (~¢ a '@ 03' |? 'J* Fl’,., ‘ r_ D D Sys. Location: Innomedia Inc.
Home  Network Tele System Wizard Theme Helj Model:ESBC9378-48 Cust. Name: 19193525251
@ Telephony ‘T Trunks Setting A

= 42~ SIP TRUNKS © Configure parameters of Trunk profile.
% Trunks Setting
& Trunk SIP Profile | DI v |

= {8 SIP ACCOUNTS Default Profile

SIP UA Settil

:: R _"9 Profile ID  [TWC-IMS-Core

= & SIP-PBX and FXS & SIP Server
% PBX SIP Profile

SIP Domain = |ims.eng.rr.

€ FXS Port Setting fims.eng.r.com
€ Authentication S s Host |eepcscf-gm.ims.eng.rr.com
“ SIP Parameters Port ‘5050 (Default: 5060(UDP/TCP), 5061(TLS))
% SIP Response (@ Same as SIP Proxy

= & ADVANCED O Host |
& Digit Translation Port [5060

; Transcoding Profile O i

% ing SIP Outbound Proxy L2 flom DHCP Opion 15 _ _ _
Q. Emergency Call ( Only valid when ESBC Internet Connection Type is configured as DHCP Client. )
& Firewal Host Name Prefix |
{ SHMR Min Retry Interval |30 secs (Default:30)

=] @ SIP ALG Max Retry Interval |1800 secs (Default: 1300)
% SIP ALG Setting INVITE Request-URI Domain = |gia-denat1.voip.hrndva.rr.com

& & TooLs The target of the INVITE wil be the current registered PROXY
% Monitor

Transport IAulo\ v
% cCall History
L Voice Quality I Browse...
& TestAgent Security  ( pemember to modify SIP Proxy Port )
& call Trace ( All current calls will be interrupted when uploading CA Root Certification. )
v

Figure 20 ESBC SIP Trunk — Trunk Settings

Adding and Configuring SIP Trunk and Account(s) on ESBC

The ESBC supports two operational modes to access SIP Trunk telephony service provided by a service provider:

e  Registration mode

e Static mode

Configuring SIP Account(s) to ESBC with Registration Mode

1.
2.
3.

Navigate to Telephony = SIP ACCOUNTS - SIP UA Setting.
Click Batch Config button to add/modify/delete accounts in bulk mode.
Click Add tab to add SIP account(s) to ESBC.

It is possible to provision ESBC with only one pilot number (i.e., main public identity). In such case, implicit registration is
configured with a registration agent. In addition, default route should be configured to this account as well.

17




InnoMedia ESBC Application Notes - Shoretel ShoreGear 30 Voice Switch SIP PBX

Marks of different SIP UA types
- Main Public Identity

* Default Route

Only one pilot number is provisioned on the ESBC with implicit registration operation in the 10T example. This pilot
number is also configured as the default route on the ESBC.

“_ SIP UA Setting
© Configure parameters of SIP UAs interconnecting with external ITSP.

SIP User Accounis Registration Agent

Search: |Al| -
No. User ID Registration Agent Trunk Proxy Profile Type Register to ESBC Status Enabled Action

W™ O 1 19193825251  register_agent 1 TWC-IM5-Core sIP Static Registration (V] &k [T | Register| De-Register
Figure 21. ESBC SIP Account Settings

Configuring Registration Agent
1. Click Registration Agent tab, as shown in Error! Reference source not found..
2. Add a Registration Agent (RA) by giving its name and associate a trunk line to this RA.

‘;_ Registration Agent Setting ( register agent 1)
© Confi

the agent p

3

IAgent Name [register_agent_1 X l

4';) None
() New SIP UA
~/ Enabled
User ID [—
Display Name 7
Auth ID [
Main Public Indentity Auth Password —

Trunk Proxy Profile TWCIMS-Core| v
Trunk SIP Profile [SiP-Trunking General] v |
Transcoding Profile Transcoding | v
PBX SIP Profile | Genesic [v

I (®) Select from current SIP UA] 19193825251@ims.eng.m.com <19193825251> | v | I

O] e

Figure 22 Assign SIP UA to Registration Agent
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\_ Registration Agent
© Sefling Registration Agent for SIP Trunks.

SIP User Accounis Registration Agent

Search: [Al
|:| No. Agent Name Main Public Indentity Acfion
O 1 register_agent_1 19193825751 @ims enq.ir.com <19193825251= &k [1| | Register| De-Register
Page 1 of 1, Total Records 1 First | Previous | Next | Last | G to [1]~]

Figure 23 Configure Registration Agent

Configuring Default Route

Enable Default Route can be configured by either selecting default when creating new UA accounts as in Figure 24, or by
editing an existing UA account as in Figure 17.

Add Modify Delete

A
There are 178 UAs can be assigned.
User ID
Display Name
Auth ID [ shared
Auth Password
Enable ® Enabled () Disabled
Trunk Proxy Profile lTWC—IMS-Core‘ v
Trunk SIP Profile: lSIP—Tmnkmg General| v
Registration Agent: 'regisler_agenl_1 v
Transcoding Profi lTranscodmg v
PBX SIP Profile: [Shoretet 7|
SIP Contact (for PBX Static Registration): (host : port)
Repeat Count Add
User ID Display Name Auth ID Auth Password Default Route  Action
19 1 19 19 1 123455 ~ i
@ Apply @ Cancel v

Figure 24 Configure Default Route-1
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‘ﬁ_ SIP UA Setting { 19193825251 )

[+] Configure SIP UA parameters.

Type | SIP
I Enabled
V1 Default Route

UserID  [19193825251

Display Name | [19193825251

Auth ID | [9193825251@ims.eng.rT.com
Auth Password I.l..'....l..

Trunk Proxy Profile | [TWC-IMS-Core [~ |

Trunk SIP Profile  [TWCIMS

Registration Agent Iregisher_agenl_1 .

i Profile [T ding| v

PBX Authentication Mode none

PBX Auth Password I
# Same as Auth Password

PBX SIP Profile | InnohMedia-iPEX400 -
© Enabled
SIP Contact |

PBX Stafic

(usen@pho-ip:port)

@ Apply @ Cancel

Figure 25 Configure Default Route-2

Configuring PBX SIP Profile to Static Mode

By default, Shoretel ShoreGear30 uses static register. To configure PBX static registration,
1. Navigate to SIP-PBX and FXS = PBX SIP Profile .
2. Click pre-defined Shoretel profile.

3. Check “Enable Static Registration” option as show in Figure 19 below.
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(‘_ Profile Configuration (Shoretel)

© Configure SIP parameters for SIP terminal.

Profile ID

SIP Parameters

Shoretel

| ¥ Enabe Static Registration |

Timer C

Timer 1xx Refransmission

Interoperability
Country Code

Set URI format of Header

Set Identity header for calls to SIP terminal

Anonymous call

Set Caller ID if it does not exist

Get Caller ID from SIP Header if exists

Forward SIP Header to SIP terminal

D Use TCP Transport for SIP Messages
1180 secs (Timer Invite Expires, Default:180)
lGO secs (Default:60)

(This will be added or removed in the From and Contact headers)

‘From' | not E. 164, without user=phone [v]

To' |not E.164, without user=phone

| Add P-Asserted-Identity Header | v |

| Set From header to: y " <sip: y @[domain}> v

[ set privacy header to the value "id"
E—

[Vl p-preferred-1dentity

[V p-Asserted-1dentity

[l Remote-Party-ID

[Vl Atertnfo

[V History-Info

[l Diversion

Figure 26 Configure static operation mode
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Configuring Call Transfer and Call Forward Methods on an ESBC Interfacing with the
Service Provider’s Core Network

Call Transfer

Different service providers may expect different Call Transfer methods when interfacing with their core networks.

The ESBC supports two methods to interface with core network. (1) SIP REFER & (2) re-INVITE, the default configuration.
1. Navigate to Telephony = SIP TRUNKS - Trunk SIP Profile.

2. Choose the Target Profile ID (or create a new Profile), and configure this profile by clicking “Action” icon. Scroll down
and configure this option, Process Call Transfer and Call Forward Locally, as shown in Figure 27.

e To allow ESBC to pass along REFER method from PBX to the operator’s core: Uncheck
e Toconvert REFER method sent by PBX to Re-INVITE method to the operator’s core: Check

Call Forward

Call Forward is configured together with Call Transfer on ESBC. The configuration is the same as Call Transfer, as shown in
Figure 27.

e When the option ‘Process Call Transfer and Call Forward Locally’ is unchecked, then ‘302 moved temporarily’
is sent by the PBX and passed on by the ESBC to the operator’s core for Call Forwarding.

e When the option ‘Process Call Transfer and Call Forward Locally’ is checked, then the ESBC will convert 302
messages to re-INVITE for Call Forwarding.
D Use "Ir=true” for Inose routing -
[ reject all received REFER
D Force send REFER even if the peer not add REFER in the Allow header
D Remove other media types when sending T.38 offer
Order of sending Re-INVITEs Send respense Before fowarding re-INVITEs El
Method of processing INVITE without SOP Send INVITEs with a fake SOP E
Methed of processing re-INVITE without SOP Send re-INVITEs with the old SDP El
D Accept RTP/AVP with sdescriptions offer
SDP with Secure Descriptions Tranzmit sdescription transparent E
D Use Main Public ldentity in Contact Header
DTrunk Group ldentifier o
trunk-context

P-Access-Network-Info Header

Security
D Check the domain/host part of the To header in incoming reguests

Check the source IP address of incoming SIP messages
Features

Require Register event{3GPP)

D Mot Retry Registrations on 403 Responses

D Send SUBSCRIBE for Message VWaiting
Interval |3600 SECE

m

I Process Call Transfer and Call Forwarding Locally I

D Support 100rel for Outgoing calls
Play Ringback Tone until receive 18X response from SIP Server
Loop Detection

M Replicate| Delete QApply QCancel

1]

Figure 27 Call Transfer and Call Forward method configuration
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Configuring Caller ID Display for Outbound Calls

ESBC provides the flexibility of configuring Caller ID display for outbound calls, by defining the “From” header of SIP
messages.

The steps and options are as follows.

1. Navigate to Telephony = SIP TRUNKS - Trunk SIP Profile

2. Choose the target Profile ID, and click the <Action> icon to configure this setting, as displayed in Figure 28.
e Display “Main Public Identity”: pilot number (and/or default route)
e Display “Alternate Identity”: individual DID numbers configured on ESBC
e Display “the Original Caller”: the caller IDs of PBX users.

Interoperability
"From’ E.164(prefix with "+) , with uzer=phone

To' not E.184, with user=phone

Set URI format of Header | "REGISTER' | E.164({prefix with "+ | with user=phone El
‘Refer-To" | E.184(prefoc with "+ , with user=phone El

forward E.164(prefix with "+) , with uzer=phone 302 contact
Set From header to: "Anenymous” <sip:anenymeusi@ancnymeus.invalid= El
Anonymous call
Set privacy header to the value "id”

I Set From header for Outgoing calls Usze the Original Caller El I

Set ldentity header for Outgoing calls Add P-Preferred-ldentity Header |T|
Figure 28 Configure Caller IDs for Outbound Calls
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5. Appendix — Trouble Shooting: Special ESBC Settings to Interoperate
with ShoreTel SIP PBX

Call Transfer Failure — ShoreTel SIP PBX Adding Invalid Domain in REFER-To Header

Some SIP-PBX’s may adopt non-standard methods of handling call transfer requests which cause transfer failure when
the transferee UA is external to the ESBC.

When performing Call Transfer using the SIP REFER method, the REFER method indicates that the recipient (identified by
the Request-URI) should contact a third party using the contact information provided in the request. However, some SIP-
PBX’s while handling calls originating from other networks may have an invalid domain name in the REFER-To header and
hence the call may be routed to an unexpected destination.

ESBC PBX B-PBX User
A-SIP Trunk User -
External IP 192.168.11.1 5506
192.168.1.5 . 192.168.11.6

Acalls B 1 INVITE 2 INVITE _ INVITE

° : ° i
A and B talk RTP (Audio)

[ ]

B putsAon hold . 3 |ﬁV|TE | 4 INVITE

[ X N ] LI N ]
B puts C on hold

11 REFER 10 REFER

B refersAto C ;

° C 1. INVITE 5508@domain.com
A 5507 10. Refer-to 5507@192.168.11.7
11INVITE 192168417 11. Refer-to 507@External IP

Call connects. Aand C are
reachable via the call routing and
control functionality of ESBC.

A calls C | ‘

Figure 29 SIP-PBX sends local IP in contact information in REFER messages

ESBC Resolving the Network Contact Information of REFER-To Header

ESBC ensures the original caller receives a REFER request containing a Refer-To URI that is reachable. ESBC has PBX profile
settings for SIP-PBX, shown in Figure 30.

1. Navigate to Telephony - SIP-PBX and FXS = PBX SIP Profile
2. Choose the target SIP-PBX profile (or create a new profile),
3. Check the item “Ignore Domain in Refer-To” header.
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[Tluse rFC 2543 Howd
Prefer Route by identities

D Remove other media types when sending T.38 offer

I Ignore domain in Refer-To header I =
Order of sending Re-INVITE=. Send re-IMWVITEz all the way directhy E
I Methed of processing INVITE without SDOP Send INVITEs with a fake SDP El I

Method of processing re-INVITE without SDP Send re-INWTEs without SDP El

|:| Accept RTP/AVP with sdescriptions offer
SDP with Secure Descriptions Transmit sdescription transparent El

Remove opaque parameter in the From and To header
|:| Get Called Number from Reguest-URI

Features
|:| Play Music-On-Hold when Hold
|:| Send NOTIFY of Mezssage-Waiting Without a Subscribe
[TIEnable =P Forking

@Apply Q Cancel L

Figure 30 Configure “Ignore domain in Refer-To header” and “Method of processing INVITE without SDP” to resolve the
unexpected network contact information

Call Transfer Failure — Shoretel SIP PBX Sending 603 Decline Response When
Receiving INVITE Message without SDP

If a Shoretel PBX receives an INVITE message without SDP when a call is transferred, it rejects the transferred call with
603 Decline message.

ESBC Resolving the Failed Call Transfer by Adding Fake SDP in the INVITE message

To resolve this issue, ESBC provides an option to send INVITE with a fake SDP in the SIP PBX profile as shown in Figure 30.

1. Navigate to Telephony - SIP-PBX and FXS - PBX SIP Profile
2. Choose the target SIP-PBX profile (Shoretel)
3. Select “Send INVITE with a Fake SDP” of the field “Method of processing INVITE without SDP.
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