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AT&T IP Flexible Reach
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1 Introduction

This document provides a configuration guide to assist Cisco Call Manager
administrators in connecting to AT&T IP Flexible Reach Services and IP Toll Free.

2 Special Notes

Emergency 911/E911 Services Limitations

While AT&T IP Flexible Reach services support E911/911 calling capabilities in
certain circumstances, there are significant limitations on how these capabilities
are delivered. Please review the AT&T IP Flexible Reach Service Guide in detalil
to understand these limitations and restrictions.

Fax Not Supported on G.729 Calls

Customers using the AT&T IP Flexible Reach Service generally use the G.729
Codec for voice calls. When a customer makes a fax call rather than a voice call,
IP Flexible Reach service detects this fax tone and converts the call to the G.711
ulaw Codec. This codec provides greater reliability than G.729 for fax calls. This
change to G.711 however is not currently supported by Cisco on H.323 trunks.

Unity Voice Mail Access Does Not Work From a TDM PBX Site

Unity Voice Mail access from a TDM PBX with a SIP gateway in the AT&T
managed router (i.e. with IP Long Distance or IP Flexible Reach Service) is not
supported. Unity Voice Mail access works fine from a PSTN endpoint.

Certain Unattended Transfers to the PSTN Result in No Ring Back

Certain unattended transfers to PSTN endpoints do not return ring back prior to
connect.
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3 Overview

This section provides a service overview of the Cisco Call Manager integration
with AT&T IP Flexible Reach. The components are shown next.

Private Side Public Side

Network
Gateway
Border
Element

AT&T

Managed —
Router \? e
With NAT I il
|| Ciscvc\)lliﬁuter Legacy
Call Manager IP PBX IP Border Voicé W ngy(lt

Element

3.1 Call Manager Site

The Call Manager site consists of the following components.

e Cisco phones (customer managed) — These may be hard phones or soft
phones.

e Cisco switch (customer managed) — This is the Cisco switch to provide power
to the phones.

e Call Manager IP PBX (customer managed) — This is the Call Manager server.

e AT&T Managed Router (AT&T managed) — This is the router managed by
AT&T. The router shall perform packet marking and QOS for voice. This
router will support NAT (dynamic NAT for the phones, static NAT for the Call
Manager) in the VOPNT VPN configuration. 10S 12.4.6T6 is recommended in
order to support the TCP keep alive functions in Call Manager.

3.2 TFTP and DHCP Configuration Guidelines

The guidelines must be followed for TFTP configuration. Phones at the Call
Manager must have their TFTP server set to the private address of the local
Call Manager. This can be configured in the DHCP server used by the Call
Manager site phones.
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4 Configuration Guide

This configuration guide specifies the Call Manager screens that must be
configured and updated to support the AT&T IP Flexible Reach.
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4.1 Call Manager Version

For IP Flexible Reach, the Call Manager must be running one of the following
releases: 4.1.(3), 4.2.(1), or 4.2.(3). The most recent service release is
adequate. (See section 5 for IP Toll Free requirements.) You can check the
version of Call Manager from the about option on the help menu and then
selecting details as shown next.

Microsoft Internet Explorer 5'

When reporking or troubleshooting a problem, please give
the Following information to Technical Assistance:

Cisco CallManager Swstem version: 4, 1{3)es549, 1

Cisco CallManager Administration wersion: 4.1(0,11)
Cisco CallManager Installation I0: 4. 1038549, 1

Database Information
DSM; CiscoCallManager
SERVER: CCMI
DATABASE: CCMOZ02

Microsoft Internet Explorer |

When reporting or troubleshooking a problem, please give
the Following information ko Technical Assistance:

Cizco CallManager Swskem version: 4.2(1)es03.1

Cisco CallManager Administration version: 4, 100,11}
Cisco CallManager Installation I 4. 2(1)es03. 1

Database Information
DSh; CiscoizallManager
SERVER: M2
DaTABASE : CCMOS04
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Microsoft Internet Explorer

/N
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Dual AT&T Border Element Connection
This section describes the procedure for connecting to dual AT&T Border
Elements.

4.2.1 Gateway

This screen specifies the parameters for connecting to each of the AT&T Border
Elements. Two gateways must be configured (i.e. one for each border element).
Note that only border element is shown. It is accessed from the Device menu.
Key parameters are:

Device Name: This is the IP address of the AT&T Border Element specified in
this gateway screen. Two gateway screens are recommended (one for each
AT&T Border Element). Sample IP addresses are shown in the screens.

PLEASE CONTACT YOUR CUSTOMER CARE REPRESENTATIVE
FOR THE AT&T IP BORDER ELEMENT IP ADDRESSES FOR
YOUR SPECIFIC PBX.

Device Pool: Device pool points to a region that specifies the codec and media
resources (e.g. conference bridge, transcoder, etc) to be used.

Significant Digits: Number of right most digits that will be extracted from the
called number. For the virtual telephone number (VTN) feature, this field
must be set to ALL.

Wait for Far End H.245 Terminal Capability Set — This field must be
unchecked.

Enabled Inbound FastStart: This specifies that the Call Manager can accept
the H.323 fast start element in the call setup messages.

Calling Party Presentation — Must set to “Allowed”.

Caller ID DN - Set this to the phone number prefix for this site. Call Manager
will prepend this string to the extension when the calling number is generated.
Calling Search Space — If the Call Manager phones are assigned to a calling
search space, then the calling search space on the gateway form must be set to
the same value.
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Edit  Mjew Favorites Tools  Help

Device Mame* 112.194.180.6

Description 112.194.180 6 |
Device Pool* |WAN V|
Call Classification® | Use System Default V|
Media Fesource Group List |1?2.1E.E.2 V|
Location | < Mone » v|
AR Group | < Mone > v|
Signaling Port* |1F"2|II |

[] Media Termination Point Required
Retry Yideo Call as Audio

[] ‘wait for Far End H.245 Terminal Capability Set

Multilevel Precendence and Preemption (MLPP) Information

MLPP Domain (e.g., "0000FF") | |

MLFP Indication Mot awvailable on this device

MLPP Preemption Mot available on this device

Inbound Calls

Significant Digits* Al v
Calling Search Space | < MNone > v|
aaR Calling Search Space | < Mone > v|
Prefix DM | |

Redirecting Mumber IE Delivery - Inbound

Enahle Inbound FastStart

£

|A
[
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2 Cisco CallManager 4.1 Administration - Gateway Configuration :

=3
File Edit “ew Favorites Tools Help 'l';r

" |y s g )y e g

F.s
Outbound Calls |

Calling Party Selection® |Driginatu:|r V|
Calling Party Presentation® |.-"1\|||:|'-.-'-.-'Ed V|
Called party [E number type |Nati|:|nal v|
unknawn™®

Calling party IE number type |Nati|:|nal v|
unknawn™®

Called Mumbering Plan® |ISDN ."|
Calling Murnbering Plan® |ISDN V|
Caller ID DM | |

Display IE Delivery
Redirecting Mumber IE Delivery - Outbound

[1 Enable Qutbound FastStart

Codec For Qutbound FastStart®

* indicates required item

[
|
[ £
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4.2.2 Route Group

The route group specifies a set of alternate routes. If the connection to one
AT&T Border element fails, Call Manager will attempt a connection to the other
border element. It is accessed from the Route Plan menu. Key fields are:

Route Group Name: This is name of the route group.

Distribution Algorithm: Set this to top down. The first BE will be primary and
the second will be backup.

Selected Devices: These are the gateway devices previously configured.
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2l Cisco CallManager 4.1 Administration - Route Group Configuration

File Edit ‘Wiew Fawaorites Tools  Help ﬂ.

i\__leack -\‘_;'l @ @ {:j pﬁearch “:,/"I-I‘\'S-‘Favcurites H’Media @ B- :%

Address @ E:NCCM4 screenshots)Cisco CalManager 41 Adminiskration - Rouke Group Configuration.mb % '—} (£10]

Route Group: ATTBE 4
Status: Ready
[ Update ] [ Delete ]
Route Group Mame®* |A'I_I'EEE |
Distribution Algorithm®
Find Devices to Add to Route Group
Device Name contains | | [Find]
Available Devices
(select device, then
select port below)
Paort(s) | Mane Availahle V| [ Add to Foute Group ]
Current Route Group Members
[ Reverse Order of Selected Devices ]

Selected Devices™ [12.194.226.70 (&l Ports)
{ordered by highest |17 194 225 198 (all Ports) B
priority

A

v

Y A

£

O[S

‘ﬂ Local intranet
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4.2.3 Route List
In order for the route group to be used in a route pattern, a route group must be
put in a route list. It is accessed from the route plan menu. Key fields are:

Route List Name: The name of the route list.

Selected Groups: This is the route group previously defined for the 2 AT&T
Border Elements.

23 Cisco CallManager 4.1 Administration - Route List Configuration |Z||E|[z|

File Edit Wiew Faworites Tools  Help .1.'
» — P 3
.I b _I L N -
" \_/l \ﬂ @ L lﬁ 7 Search ‘}\(’ Favorites @ Media
Address @ E:\NZCM41 screenshobstCisco CallManager 4_1 Administration - Rouke List a0
Route List Information o
Foute List Mame* |A'I_I'EEE
Description |
Cisco CallManager Group™® | Default b

[¥]Enahble this Route List {change effective on Update; no reset requi

Route List Member Information

[ Add Route Group ]

Selected Groups® | ATTBE[non-QSIG]
fordered by highest

priority ]

| %

< |

@ ‘:} Local inkranet

|
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4.2.4 Route Pattern

This screen specifies the called number patterns that should be used to
determine which calls are to be sent to the AT&T IP Flexible Reach. It is
accessed from the Route Plan menu. Multiple route patterns may need to be
configured (e.g. for site to site, US offnet and international offnet calls). Key
fields include:

Route Pattern: Specifies the dialing prefix and called number match.
Gateway/Route List: Must be set to the route list configured for the dual
AT&T Border Elements.

Prefix Digits: These digits will be pre-pended to the calling party extension.
The next section describes how to configure a calling party number translation
from an internal extension to a completely different external number.

Discard Digits: Discard the dialed digits before the dot.

4 Cisco CallManager 4.1 Administration - Route Pattern Configuration E]E|E|
File Edit Wiew Favorites Tools Help ,’
Ztatus: Update completed ~

Mote: Any update to this Route Pattern automatically resets the associated gateway or Route List

[Cnpy] [ Update ] [ Delete l

Pattern Definition

Route Pattern® BT i,
Partition <Mone>
Description ATT EE|
Mumbering Plan™ Marth American Mumbering Plan
Route Filter <MNaone>» ¥
MLPP Precedence Default hd
Gateway or Route List™® ATTEE ¥ | (Edity
Route Optian @ Route this pattern
(O Block this pattern |—MotSelected — v
Call Classification® OffNet » 0 allow Dewvice
Provide Qutside Dial Tone [0 allow Cverlap Sending ] urgent Prior

[ PReguire Forced Authorization Code
Autharization Level 0

[0 Reguire Client Matter Code

@l %J Lacal intranet
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< Cisco CallManager 4.1 Administration - Route Pattern Configuration E]E]
File Edit View Favorites Tools Help -:f

Ldiliry Fdriy 1rdrisidarrridugrs Ve

[0 use calling Party's External Phone Mumber Mask )

Calling Party Transform Mask | |

Prefix Digits {Outgoing Calls) 1999111 |

Calling Line ID Presentation

Calling Mame Presentation

Connected Party Transformations

Connected Line 1D Presentation

Connected Mame Presentation

Called Party Transformations

Discard Digits |PreD|:|t V|

Called Party Transform Mask | |

Prefix Digits (Cutgoing Calls) | |

ISDN Network-Specific Facilities Information Element

Carrier Identification Code | |

Metwork Service Protocol |—NDtSeIec:ted— V|

Metwork Service Service Parameter Mame Service Paramete—

|—NDtSEIE|:ted— h | | 3
< I >
@ ‘:_-J Local intramet
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4.3 Calling Party Number Translation Configuration

This section specifies how to configure a calling party number translation from an
internal extension to a completely different external number. This configuration
is required for the Virtual Telephone Number (VTN) feature.

On the directory number screen for the internal extension, set the External
Phone Number Mask to the desired external calling party number.

2l Cisco CallManager 4.1 Administration - Directory Number Configuration |Z||E|[z|
File Edit ‘Wiew Fawaorites Tools  Help .1.’
\,_,J.' \._,/.I \ﬂ @ _:\] f.__HJ Search “f::(’ Favorites @Media Q‘E <~ L____F >

Address @C:\,Dncuments and SettingsijamsteriMy Documents\Datalwinwordivon) 2005 ScreenshoksiCCh | 24 Go

Line Settings for this Device =

Display {Internal Caller ID) |l:u:|l:| |

Line Text Label | |

External Fhone Mumber Mask |?323584B12 |

Message Waiting Lamp Policy |Use oystem Policy V|

Ring Setting (Phone Idle) |Use owstem Default V| 1

Ring Setting {Phone Active)** |Use oystem Default V| 3
< Co o0 0 o oo o moon oon o aor I 2_
@ ‘:} Local inkranet
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On each route pattern used to route to the AT&T network, check the Use
Calling Party’s External Phone Number Mask field. You must remove the
entries in the other calling party transformation fields.

‘2 Cisco CallManager 4.1 Administration - Route Pattern Configuration |"L E|@

File Edit Mew Favorites Tools  Help -.':.’

Y - — .1L " ~ _\. x>
\ ) g, . , - 3
“ \_J |ﬂ @ f l\] 7 Seatch ‘:}\(’ Favorites @Medla {3 ="

Address |§ﬁ FiyZCM4 1 screenshotsiCisco CallManager 41 Administration - Route Pattern Configuration, mhk V| Go
[0 Require Client Matter Code 5
Calling Party Transformations
Use Calling Party's External Phone Mumber Mask
Calling Party Transform Mask | |
Prefix Digits (Outgoing Calls) | |
Calling Line ID Presentation Default b
iZalling Mame Presentation Default b
Cnnnercted Party Transfnrmatinns s

£ [ >

@ “-_J Local inkranet
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4.4 Incoming Call Routing on Telephone Number

When using the AT&T Virtual Telephone Number feature (VTN), the AT&T
network will send the call to the PBX using a full E.164 public number. This
number can be mapped to an internal extension on the following screen.

When using a non virtual Telephone Number, the AT&T network will send the
call to the PBX using 7 digits or less as requested by the customer.

On the translation pattern screen, put the called number sent from AT&T in the
translation pattern field and put the internal extension in the called party
transform mask field. This example maps the public called number
“7323684812” to the internal extension “6004” for internal routing.

A Cisco CallManager 4.1 Administration - Translation Pattern Configuration E”E|E|
File Edit ‘iew Favorites Tools Help ‘.'
" — n ; 22
€ > |£| |EL| [ l\l pl ! Search ‘::'\'/ Favorites @ Media @‘j <] ~ g 1= _.]
Address |@ C:\Documents and SettingshjamsteriMy DocumentsiDatalWinwordivon) 2005, ScreenShotsiCCM41 screen % | Qo
.
Pattern Definition
Translation Pattern 7323684812 |
Partition |<Nune > hd
Description | |
Mumbering Plan* | Morth American Mumbering Flan V| Z
£ >
;g'] ‘ﬂ Local inkranet
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2 Cisco CallManager 4.1 Administration - Translation Pattern Configuration §|g|

"
€ \H) |ﬂ @ ;j ;] Search ‘-E':"\? Favorites e"r\’ledia @ [‘f{v j?, \J _J >

Address |@ C:\Documents and SettingsjamsteriMy DocumentsiDatalWinwordivon 2005, ScreenshotsiCCM4 1 screen v | G0
Connected Name Fresentation Lefault e s

File Edit ‘iew Favorites Tools  Help

Called Party Transformations

Discard Digits |<Nune> v|

Called Party Transform Mask |EDD4 |

Prefix Digits (Cutgoing Calls) | |

* indicates required item.

[£

|
‘:J Local intranet

|

LAES
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4.5 Region - WAN

The region specifies the codec to be used for devices that point to this region.
This particular region is used by devices associated with the AT&T Border
Elements. This screen is accessed from the system menu. Key fields are:

Default: Specifies that the G.729 codec to be used with the default region.
WAN: Specifies that the G.729 codec to be used with other devices in this
region.

2l Cisco CallManager 4.1 Administration - Region Configuration

File Edit ‘Wew Favorites Tools  Help ‘E‘"

Region Mame* |WAN

The maximum audio codec/video bandwidth supported within this region and
between 1 other regions are:

Region Audio Codec Yideo Call Bandwidth

Default G.7249 v OHNone ® kbps
it
(Within this Region) L5723 @ ONone ® kbps

I:Emgvier page Page of 1

# indicatar raanivad tarn

[£

\J Local intranet
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4.6 Region — Default

The region specifies the codec to be used for devices that point to this region.
This particular region is used by devices associated with non AT&T components
(i.e. phones). This screen is accessed from the system menu. Key fields are:

Default: Specifies that the G.711 codec to be used with the default region. This
means that G.711 will be used between the Call Manager phones at this site.
WAN: Specifies that the G.729 codec to be used with devices in the WAN region.
This means that G.729 will be used between the Call Manager phones and any
endpoint reach via the AT&T Border Element.

2l Cisco CallManager 4.1 Administration - Region Configuration |:||E|

3

File Edit ‘Wew Favorites Tools  Help .1.

" by A a L . B 2y B »
< \_.)I \ﬂ @ -.'_l\] 7 ! Search ‘}\5-‘ Favarites eMedla @ [‘;_-:'_\* =
fddress @ ENCCM41 screenshobsiCisco CallManager 41 Administration - Def Region Configuration.mb G0

s

Region Mame* |Default | B

The maximum audio codec/video bandwidth supported within this region and

between 1 other regions are:

Reqgion Audio Codec ¥ideo Call Bandwidth

Caiehin

o . . v

{\Within this Region) G Otione © kbps

WAN G729 v ONare ® kbps

Items per page

page[l  lof1 =

* indicates required item w
< | >

@ ‘ﬂ Local inkranet
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4.7 Device Pool — WAN
The device pool specifies parameters to be used by devices that point to this
device pool. This particular device pool is used by devices associated with the
AT&T Gatekeeper. This screen is accessed from the system menu. Key fields are:

Region: The region specifies the codec to be used for this device pool.

Media Resource Group List: This points to a media resource group that
specifies media resources (i.e. conference bridges, transcoders, etc) to be used
for this device pool.

2} Cisco CallManager 4.1 Administration - Device Pool Configuration

File

Edit  Wiew Fawvorites Tools  Help

|A

Device Poal Mame®*

Cisco CallManager Group™
Date/Time Group®

Region®

Softkey Template®

SRST Reference®

Calling Search Space for Auto-registration
Media Resource Group List
Metwark Hold MOH Audio Source
User Hold MOH Audio Source
Metwork Locale

User Locale

Connection Manitor Duration®* *

Multilevel Precendence and Preemption (MLPP) Information

MLPP Indication™
MLPP Preemption®

MLPP Domain (e.g., "0000FF")

AN

| Default

| ChMLocal

AN

| Standard User

| Disable

|<Ncune>

1721662 +

|<Nane>

|<Nane>

|<N0ne>

|<N0ne>

1120

Default

£

|
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4.8 Device Pool — Default
The device pool specifies parameters to be used by devices that point to this
device pool. This particular device pool is used by devices associated with non
AT&T components (i.e. phones). This screen is accessed from the system menu.
Key fields are:

Region: The region specifies the codec to be used for this device pool.

Media Resource Group List: This points to a media resource group that
specifies media resources (i.e. conference bridges, transcoders, etc) to be used
for this device pool.

‘2 Cisco CallManager 4.1 Administration - Device Pool Configuration

|

Eile:

Edit Tools  Help

View

Favorites

Device Poal Mame™

Cisco CallManager Group®
Date/Time Group™

Region®

Softkey Template™

SRST Reference®*

Calling Search Space for Auto-registration
Media Resource Group List
Metwork Hold MOH Audio Source
User Haold MOH audio Source
Metwork Locale

User Locale

Connection Monitor Duration® **

Multilevel Precendence and Preemption {MLPP} Information

MLPP Indication®
MLPP Presmption®

MLPP Domain {e.g., "0000FF")

B R T PR T BT

- B

%]
.1:

|Default

|

| Diefault

 CMLocal

| Diefault

|Standard Llser

Disable

|<N|:|ne>

1721662 %

|<N|:|ne>

|<N|:|ne>

|<N|:|ne>

|<N|:|ne>

[
|
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4.9 Media Resource Group

The media resource group specifies a grouping of media resources (i.e.
conference bridge, transcoder, etc). This particular media resource group
contains a conference bridge and a transcoder. This screen is accessed from the
service/media resource menu. Key fields are:

Selected Media Resources: Points to profiles for conference bridge (CFB) and
transcoder (XCODE) resources to be used in this group.

<3 Cisco CallManager 4.1 Administration - Media Resource Group Configuration |Z||E|E|
File Edit Wew Favorites Tools Help -:,'
- — .1‘_ . > _'. ‘ »
\_/:- \_/] \ﬂ @ { g P ) Search ‘i\( Favarites @' Media Q‘E - = _J ﬁ
Address |@ E:CCM41 screenshots)Cisco CallManager 41 Administration - Media Resource Group Configuration, mhk A | a0
Media Resource Group Information =
Media Resource Group Name® |1?2.1E.E.2 |
Description 1172.166.2 |
Devices for this Group
Available Media Resources™* 135.25.30.136 (CFE)
Y A
Selected Media Resources™ CCMZ (ANN)
CFB_CCMZ (CFE)
MOH_CTMZ (MOH])
MTP_CCMZ (MTF)
mipd00DBC4d2770 (<CODE)

[0 use Multicast for MOH Audio {requires at least one multicast MOH resource)

* indicates required itern

** Includes Annunciators (AMMN), Conference Bridges {CFB), Media Termination Points (MTP), Music On Hold Servers
(MCH), and Transcoders (XCODE) v
< | 3

I:éj “-_-_! Local intranet
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4.10 Media Resource Group List
The media resource group list is a grouping of media resource groups. This
screen is accessed from the service/media resource menu.

A Cisco CallManager 4.1 Administration - Media Resource Group List Configuration |Z||E|[z|

File Edit Mjew Favorites Tools  Help -.1.’

|

Media Resource Group List: 172.16.6.2 {used by 20 devices)
Status: Ready

[Cupy] [ Update ] [ Delete ] [ Feset Devices ]

Media Resource Group List Information

Media Resource Group List Mame® |1?2.1E.E.2

Media Resource Groups for this List

Available Media Resource Groups

Selected Media Resource Groups* (172 1R.F.2

(Groups listed in order of priority) —

|

| #
lid
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4.11 Conference Bridge

The conference bridge specifies the conferencing resources to be used by the
Call Manager phone users when the phone’s conference button is selected. This
screen is accessed from the service/media resource menu.

‘2 Cisco CallManager 4.1 Administration - Conference Bridge Configuration |Z E|[Z|
File Edit iew Fawarites Toals  Help -.1.’

L] — i " =
\_,JI' \_/J \ﬂ @ ._l\] p S | Szarch i:ﬁ Favaorites @Media Q‘E -

Address @ E:\WZCMAL screenshots Cisco CallManager 4_1 Administration - Conference Bridge Confi % Ga
—l ol IS IF WL A

Back t

Conference Bridge: CFB_CCM2 (172.16.6.2)
Registration: Registered with Gisco CallManager CCM2
IP Address: 172.16.6.2

Status: Ready
’ Cupy] ’ Update ] ’ Delete ] ’ Feset ]

Conference Bridge Type Cisco Conference Bridge Software
Host Server CCM2

Conference Bridge Name™ |CFEI_CCME |

Description 1172.16.6.2 |
Device Pool* | Default V|
Location R |

* indicates required iterm

[l
54

TR

\-ﬂ Local inkranet
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4.12 Transcoder

The transcoder specifies the transcoding resources to be used to convert from
the G.729 to G.711 codecs for conference calls that include a call leg to the
AT&T IP Flexible Reach. This screen is accessed from the service/media resource

menu. Key fields include:

Host name: This is a pointer to the transcoding resource. The host nhame is the
string “MTP” followed by the MAC address of the Cisco router or switch with the
DSP resources being used for transcoding.

A Cisco CallManager 4.1 Administration - Transcoder Configuration E”EWS__(

File Edit View Favorites Tools Help

W — i .
. - 2 & ) <L i Y - - [
‘ </ * & @ Search < ¢ Favorites @ Media {3 =

|
'l*r

>

Address ‘@ E:WZCM41 screenshobstCisco CalManager 41 Administration - Transcoder Configuration.mht | Go

Transcoder Configuration

Transcoder: mtp00D0ODBC4d2770 (Cisco 3725 on CCME)
Registration: Registered with Cisco CallManager CCM2
IP Address: 172.16.6.16

Status: Ready
[Cupy] [ Update ] ’ Delete ] [ Feszet ]

Transcoder Type Cisco 105 Media Termination Point

Description |Ci5|:D 3725 |

Device Hame* | mitp000DBCAd2770 |

Cevice Pool* |Defau|t V| (Wiew details)

Special Load Information | {Leave blank to use def

* indicates required itern

£

LY
Back

&) Done %J Lacal intranet
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4.13 Phone Configuration
This screen specifies the parameters for the Call Manager phones. It is accessed
from the Device menu. Key parameters are:

Device Pool: This phone will use the parameters in the “default” device pool.
Media Resource Group List: This phone will use the resources specifies in the
designated Media Resource Group List which include the conference bridge and
transcoder.

‘2 Cisco CallManager 4.1 Administration - Phone Configuration

=

X

File Edit \Wiew Favorites Tools Help ﬂ.
\_’;' \_/I \ﬂ @ { ;j /..__\J Search “Ej:(’ Favorites eMedia @3 [_':v .,:;,_ >
Address @ ENCCMa screenshots)Cisco CallManager 4_1 Administration - Phone Configuration. mhk w a0
Device Information e
MAC Address® D00AF4FS5E7D |
Description | SEPDD0AF4FEEE7D |
Owner User ID | | {(Select User ID) B
Device Pool* |Default V| {wiew details)
iCalling Search Space
AaR Calling Search Space
Media Resource Group List
User Hold Audio Source | V|
Metwork Hold Audio Source |< Mane » v|
Location
ser Locale | <Mone » v|
Metwork Locale | <Mone » v| =
< | &
@ ‘ﬂ Local intranet

Page 28 of 38




AT&T IP Flexible Reach
Call Manager Configuration Guide

4.14 Service Parameters
This screen specifies the parameters for the Call Manager. It is accessed from
the Service menu.

The full list of service parameters are in the following attachment.

Cisco Unified CallManager 4_2 Administration - Service Parameters Configuration.mht

Key parameters are:

H225 TCP Timer: This specifies the amount of time Call Manager will wait after
trying to open an H225 channel with the AT&T Border Element before attempting
an alternate route.

Check Progress Indicator Before Establishing Media: This parameter
specifies that Call Manager must check the progress indicator in an alerting or
progress message prior to establishing a media channel. This parameter must be
set to “true”.

Max Call Duration: This parameter specifies how long a call should last in
minutes. The default is 720 (i.e. 12 hours). AT&T recommends that this
parameter be set to “0” (no max call duration limit).

Duplex Streaming: This parameter specifies whether 2 way voice streaming

will occur when music on hold is implemented. AT&T requires that the default
setting of “true” be used.
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5 IP Toll Free Specific Information
This section provides information specific to IP Toll Free.

5.1 Call Flow with IP Call Center

This section provides a typical call flow for the interaction between the AT&T IP Toll
Free Service and the Cisco IP Call Center. Note that Cisco CVP (Cisco Voice Portal)
is NOT currently supported. The components in this call flow include the following:

e Call Manager - Call Manager is the Cisco IP PBX platform. Call Manager release
4.2.1 is supported for this application.

e IPIVR-IPIVRis the Cisco IVR platform. This platform is used to play voice
prompts as needed based on information based from ICM. IP IVR release 4.0.4 is
supported for this application.

e ICM-ICMisan IPCC scripting application. This application is used to script the
flow of a customer’s IPCC application. ICM release 7.0 SR4 is supported for this
application.
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This call flow is shown in the following figure.

ICM

Public

eeee |P

o K TDM
,{o‘o’o‘o’o'o'éo’o'o‘o’o’o.o“: ee oo Call
oo < o Control
. ¢ -
oo o o
oo oo

Answered IP Phones & Agent Desktops

o R O) :.. B
11 Call a

The steps in a typical call flow are described next.

=

Call delivered from PSTN to AT&T BVOIP network.

2. AT&T BVOIP network sends H.323 setup to Cisco CallManager. The AT&T

network will always send these calls to Call Manager,

Based on the called number, a JTAPI Route Request is sent to the ICM.

4. 1CM runs a routing script. Based on the routing script, ICM determine what to do
next. For example, if no available agent is found, the IP IVR label is returned from
routing script.

5. ICM instructs Cisco CallManager to transfer call to IP IVR, and Cisco CallManager

does as instructed.

IP IVR notifies ICM that call has arrived.

ICM instructs IP IVR to play queue announcements back through BVOIP network.

Agent becomes ready (completed previous call or just went ready).

ICM sends call data to selected agent screen and instructs the IP I'VR to transfer the

call to the agent phone.

10. IP IVR transfers the VolIP voice path to selected agent phone.

11. Call is answered by agent.

w

© oo N
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5.2 Examples for Call Manager Configuration for IPCC

The following sections describe an example set of Call Manager configuration screens
that can be used to access the Cisco IPCC application. However, these sections should be
used as examples of how IP Toll Free dialed calls can be mapped to a Cisco IPCC
application. The customer must consult Cisco documentation to determine the exact
configuration they will require.

In addition, this document does not cover configuration for ICM and IP IVR.
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5.2.1 CTI Route Points

A computer telephony integration (CTI) route point designates a virtual device that can
receive multiple, simultaneous calls for application-controlled redirection. With Cisco
IPCC, CTI route points are configured with Call Manager with associated directory
numbers. The directory numbers correspond to the numbers received from the AT&T IP
Toll Free Service. When a call is received, Call Manager matches the called number with
a directory number. If that directory number corresponds to a CTI route point controlled
by the JTAPI interface to ICM, then a route request is passed to ICM.

Sample CTI route point and associated directory number screens are shown next. The
CTI route point is accessed from the Call Manager Devices menu.

<} Cisco Unified CallManager 4.2 Administration - CTl|Route Point Configuration |Z||E|rz|

File Edit ‘Wiew Favorites  Tools  Help ,'

< > |ﬂ @ h /.._\’ Search “51‘\'( Favorites e; - :’; — _J ﬂ ,\3} ‘ﬁ

Address |§ﬁj C\Documents and SettingsijamsteriMy DocumentsiDatalwinwordlYon 2007 CiscoCallManagerCisco Unified CallManager 4_2 Administr. % | Go

R R R Add a Mew CTI Route Point A
CTI Ro“te POI“t Co“flguratlo“ Back to FindsList CTI Route Points 1
Dependency Records
[pireciory Numbers W pevice: DN_000001030004 (DN_7323680456)

ez Line 1 - no000i0z0004  Registration: Registered with Cisco CallManager 172.16.6.2
M {no Partition) IP Address: 172.16.6.2

*T |jne 2 - Add DN Status: Ready
’ Copy] [ Update ] [ Delete l l Reset ]

Device Information

Device Name* \DN_000001030004 |

Description \DN_7323660456 |

Device Pool* |Default V| (Wiew Details)

Commaon Profile | <Mone > V| {Wigw Details)

Calling Search Space | <Mone > V|

Location 0

Media Resource Group List

User Hold Audio Source | <Mone > v -
Done, but with errors on page. HLocaI inkranet B

The associated directory number screen is attached next.

Cisco Unified CallManager 4_2 Administration - Directory Number Configuration.mht
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5.2.2 Incoming Call Routing for IP Toll Free

For IP Toll Free, the AT&T network will send the call to the PBX using called
number digits requested by the customer. This number will be prefixed with 5
leading zeroes. This number can be mapped to an internal extension or a CTI
route point directory number on the translation pattern screen (see section 4.4).

On the translation pattern screen, put the IP Toll Free called number string in the

translation pattern field and put the internal extension or CTI route point
directory number in the called party transform mask field.
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5.2.3 JTAPI User Definitions

A number of JTAPI users must be defined by adding a user to the global directory. This
is done by selecting “add user” from the User menu. A portion of the user screen is
shown next.

2} Cisco Unified CallManager 4.2 Administration

Fil= Edit Wiew Favorites Tools  Help

<) > |ﬂ |EL| .l\l /'._\JSearch ‘gIT:{Favorites e} - k_,-__’. . _J ﬁ \:,, i‘i

Address |@ Settingsijamsteriiy DocumentsiDatal Winwordivon 2007, CiscoiZalManagerCisco Unified CallManager 4_2 Administration_pguser.mht V| Go

Route Plan  Service Feature Device User Application Help

Cisco/Unified CallManager Administration Cuce Srertes

For Ci. m«muumrims

User Configuration 4dd 3 New User
Back to User List
Application Profiles of pauser || User : pguser pguser a
ofl Device Association
al Cisco IPMA Status: Ready

all Auto Attendant Update

all Extension Maobility

First Mame |pguser |
oll SoftPhone

Last Name* |pguser |

User ID PGlser

User Password®
PIM * Change... v

&1 %J Local intranet

Based on the call flow described in the previous section, the following three user screens
were used to configure a Cisco Call Manager that was tested with IPCC.

Cisco Unified CallManager 4_2 Administration_ivradmin.mht

Cisco Unified CallManager 4_2 Administration_ivruserl.mht

[

Cisco Unified CallManager 4_2 Administration_pguser.mht

Page 35 of 38



AT&T IP Flexible Reach
Call Manager Configuration Guide

6 Appendix A: Router Version/Configuration for
Transcoding

6.1 Router Version

AT&T has tested 12.3.11T for transcoding support with Cisco Call Manager. A
sample “show version” output is shown next.

Cisco I0S Software, 3700 Software (C3725-1PVOICE-M), Version 12.3(11)T,
RELEASE

SOFTWARE (Ffc2)

Technical Support: http://www.cisco.com/techsupport

Copyright (c) 1986-2004 by Cisco Systems, Inc.

Compiled Sat 18-Sep-04 16:10 by eaarmas

ROM: System Bootstrap, Version 12.2(8r)T2, RELEASE SOFTWARE (fcl)

v00ccm03-3725 uptime is 5 weeks, 2 hours, 31 minutes
System returned to ROM by power-on

System restarted at 18:14:02 UTC Tue Mar 8 2005

System image file is "flash:c3725-ipvoice-mz.123-11_T.bin"

6.2 Transcoding Configuration

The router configuration for transcoding is shown next.

I Sets dsp services in voice card in slot 1
voice-card 1

no dspfarm

dsp services dspfarm

I Connection to Call Manager
sccp local FastEthernet0/0
scep

sccp ccm 172.16.6.2 priority 1
|

I Maximum number of calls for transcoder.

dspfarm transcoder maximum sessions 12
|
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7 Appendix B: Firewall Rules

If the customer implements a firewall, then the following access control rules
shall be required.

1) Accept AT&T Border Element traffic from TCP ports >1023
2) Accept AT&T Border Elements traffic from UDP ports 16384-32767
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This Customer Configuration Guide ("CCG") is offered as a convenience to AT&T's
customers. The specifications and information regarding the product in this CCG are
subject to change without notice. All statements, information, and recommendations in
this CCG are believed to be accurate but are presented without warranty of any kind,
express or implied, and are provided “AS 1S”. Users must take full responsibility for the
application of the specifications and information in this CCG.

In no event shall AT&T or its suppliers be liable for any indirect, special, consequential,
or incidental damages, including, without limitation, lost profits or loss or damage arising
out of the use or inability to use this CCG, even if AT&T or its suppliers have been
advised of the possibility of such damage.
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