Appendix C

Direct SIP with IP-PBX in Office
Communications Server 2007 R2

What is Direct SIP with IP-PBX?

Direct SIP is the documented and supported way in which Microsoft® Office Communications Server
2007 R2 exchanges voice calls with qualified third-party on-premise devices such as Session Initiation
Protocol to Public Switched Telephone Network (SIP/PSTN) gateways and Internet Protocol Private
Branch eXchange (IP-PBX). In Direct SIP, an Office Communications Server's Mediation Server is directly
connected to a SIP/PSTN gateway or an IP-PBX. Microsoft provides the Unified Communications Open
Interoperability Program (OIP) for the qualification of third-party solutions for interoperability with
Microsoft Office Communications Server. Under the OIP, Direct SIP is based on common industry
standards, such as SIP over Transmission Control Protocol (TCP), Realtime Transport Protocol (RTP), and
G.711. Direct SIP with a qualified SIP/PSTN gateway enables Office Communications Server to exchange
calls directly with the PSTN, as well as with virtually any Time Division Multiplex (TDM) PBX, and (by
using back-to-back SIP/PSTN gateways) with virtually any IP-PBX.

Direct SIP with IP-PBXIP-PBX is a variation in which the calls are exchanged over IP between the
Mediation Server and an IP-PBXIP-PBX, without the use of back-to-back IP/PSTN gateways (meaning
that exchanges take place in IP all the way, without transcoding between IP and TDM). This is done
across an IP-to-IP connection over which the two systems converse in a standard manner (such as SIP
over TCP, RTP, or G.711) as specified in the OIP's Direct SIP specifications. This kind of connection is
referred to as a “SIP trunk” by most IP-PBXIP-PBX vendors.

Note Microsoft uses the term “SIP Trunking” differently from the term “Direct SIP with IP-PBX" and from
the more generic term of “SIP trunk” described above. “SIP Trunking” (also occasionally called “SIP Trunking
to Carrier”) is the use of SIP and RTP to pass telephony traffic from the enterprise network edge to a network
service provider over an IP connection, without traversing TDM or circuit networks. The term “Direct SIP” is
used for cases where Office Communications Server is connecting to a SIP/PSTN gateway or IP-PBX, as
qualified through the OIP.

Why Direct SIP with IP-PBX?

In the early days of the OIP program, most OIP qualified devices were SIP/PSTN gateways, and early
deployments have virtually all been based on OIP qualified SIP/PSTN gateways. Without Direct SIP with
IP-PBX, the supported way for Office Communications Server to exchange voice calls with an IP-PBX is
to connect a Mediation Server with an OIP qualified SIP/PSTN gateway. In turn, this SIP/PSTN gateway's
PSTN edge is connected to the IP-PBX through the PSTN edge of one of its IP/PSTN gateways or cards.
This configuration is called “back-to-back IP/PSTN gateways".

The back-to-back IP/PSTN gateway approach relies on a mature and broadly supported telephony
protocol between the two gateways (typically QSIG). It has the benefit of working every time with
virtually every IP-PBX, including IP-PBXs that are based on protocols other than SIP (such as H.323). It is
simple to implement and has proven ideal for pilot and small scale deployments, or for non-SIP
compliant IP-PBXs.



However this approach requires more gateway ports (hence higher capital costs). It also increases
media latency due to the double transcoding from IP to TDM and back to IP. As Office
Communications Server Enterprise Voice deployments become more prevalent and grow beyond small
scale deployments, many Office Communications Server customers who also have an IP-PBX deployed
have been asking for Direct SIP with IP-PBX as a substitute to the back-to-back SIP/PSTN gateways
approach.

Why is IP-PBX Only Now Becoming Qualified For Direct SIP?

Microsoft actually built the Direct SIP capability into the product and into the OIP from the start and
was ready to support Direct SIP with IP-PBX that qualified in the OIP. However, testing showed that few
if any IP-PBX were capable of meeting the standards-based specifications for Direct SIP interoperability
and OIP qualification.

Specifically, Office Communications Server conforms to RFC3966. RFC3966 defines the taxonomy and
syntax for phone numbers that is mandated by the SIP standard. While Office Communications Server
is RFC3966 compliant, many of the most commonly deployed IP-PBXs in the market today are not. If
two voice systems from different vendors do not format phone numbers the same way, Direct SIP
interoperability will not work. Lack of RFC3966 compliance is the primary technical reason why those
IP-PBXs could not qualify for Direct SIP in the OIP.

Note Throughout Microsoft documentation, you may find references to “E.164 numbers” to describe
numbers such as +14255551212, which are globally routable phone numbers that begin with a plus sign (+).
ITU's E.164 is a global scheme for normalizing globally routable numbers (and is used in particular for
international numbering on the PSTN and increasingly on mobile phone networks). While not incorrect, the
use of the term E.164 to designate those numbers can lead to confusion because E.164 does not mandate
starting the number with a plus sign because traditional phones and PBXs do not have a way to input,
transmit or process a plus sign.

Most IP-PBXs can understand E.164 numbers but only when those numbers are expressed without the plus
sign, as dial strings. Typically, such IP-PBXs do not support the plus sign in the REQUEST and TO header fields
of a SIP message. They may tolerate the plus sign in the FROM header field of a SIP message, but generally
are not able to process it: numbers that have a plus sign in the FROM field cannot be dialed back to Office
Communications Server from the IP-PBX.

Numbers such as +14255551212 are actually RFC3966 compliant global numbers. RFC3966 defines the
telephone number Uniform Resource Identifier (URI) (tel: URI) scheme that is used by SIP. For globally
routable phone numbers, RFC3966 is based on E.164, which it clarifies by requiring the leading plus sign. It
also adds support for non-globally routable numbers (also called local or private numbers) that are not
defined in E.164. RFC3966 requires a “Phone-Context” in the tel: URI; the “Phone-Context” removes any
ambiguity as to which system or network entity the local number refers to, and may enable the system to
translate or normalize between local and global numbers.

What is Changing?

With Office Communications Server 2007 R2, Microsoft is introducing the capability for Office
Communications Server to exchange calls with non-RFC3966 compliant IP-PBX systems, and in
particular with SIP-based IP-PBXs from Cisco. As a consequence, Microsoft now supports Office
Communications Server deployments in Direct SIP with IP-PBX between Office Communications Servers
and specific versions of Cisco Unified Communications Manager.

This change gives administrators the ability to set up Office Communications Server so that it can
directly interoperate with qualified IP-PBXs using E.164 globally routable telephone numbers without



the plus sign at the beginning that is required by RFC3966. Additionally, Office Communications Server
will be able to interoperate with IP-PBX within a private dialing plan, exchanging locally routable
private numbers. This last point is the not the primary focus of the present document.

In Office Communications Server 2007 R2, the changes are built in, but are turned off by default and
require a WMI setting to be turned on, as well as the configurations that are explained in the following
sections.

Direct SIP Support for Office Communications Server 2007

The changes are accessible to users of Office Communications Server 2007 through update packages
that are described in the following Microsoft Knowledge Base articles:
http://support.microsoft.com/kb/952783/; http://support.microsoft.com/kb/952780/;
http://support.microsoft.com/kb/953659/; http://support.microsoft.com/kb/957707/.

The updates need to be installed on the RTM (6362.0) version or on previously updated installations
and are available for Office Communications Server Enterprise and Standard Editions.

You must install Server. msp for the following servers, however, you do not have to restart the server:
e Standard Edition Server

e Enterprise Edition Server (front end)

e Proxy Server

e Director Server

e Edge Server

e Forwarding Proxy

For the Mediation Server role, apply MediationServer.msp and UCMARedist.msp to the Mediation
Servers that will be connected to the IP-PBX. You will have to restart services after you apply
UCMARedist.msp.

For Office Communicator 2007, apply Communicator.msp. (version 6362.97) and restart
Communicator.After the updates, you will have to create or edit a configuration file on Office
Communications Server 2007 to enable the changes. The use of a configuration file is instead of
applying the WMI setting as in the case of Office Communications Server 2007 R2. You must create or
edit the configuration file, MediationServerSvc.exe.config, in the Mediation Server directory where the
MediationServerSvc.exe file is installed. By default, that directory is C:\Program Files\Microsoft Office
Communications Server 2007\Mediation Server.

Here is a sample configuration file where the value of RemovePlusFromRequestURI has been
changed from the default of NO to YES:

<?xm1 version="1.0" encoding="utf-8" ?>
<configuration>
<appSettings>
<add key="RemovePlusFromRequestURI" value="YES" />
</appSettings>
</configuration>



After this is completed, restart the Mediation Server.

Note this configuration file is also used to turn Transport Layer Security (TLS) on or off in the Mediation
Server existing functionality. Therefore, the file may already exist on a particular Mediation Server computer.
By default, if the file does not exist or does not have the GatewayTLS setting, TLS is turned off.

Which IP-PBX Does Microsoft Currently Support Direct SIP?

Simultaneously with the changes, Microsoft announced that it had successfully tested the IP-PBX
shown in Table C-1 against the test matrix that is part of the OIP requirements for Direct SIP.

Table C-1 IP-PBX successfully tested by Microsoft for Direct SIP

IP-PBX vendor Product Versions tested

Cisco Unified Communications 6.1.1.3000-2
Manager 6.1

Cisco Unified Communications 5.1.3.1000-12
Manager 5.1 5.1.3.3000-5

Cisco Unified Communications 4.2(3)sr3a
Manager 4.2

Microsoft now supports Office Communications Server interoperating in Direct SIP with the above IP-
PBX from Cisco. While not tested, other versions of Unified Communications Manager starting with
4.1(3)SR7 are expected to comply.

This is in addition to IP-PBXs that have qualified in the OIP. For the most current list of OIP qualified IP-
PBXs, see http://technet.microsoft.com/UCOIP.

Besides Cisco Unified Communications Manager, Alcatel, Avaya, NEC, Nortel, Siemens and several other
vendors do not support RFC3966 in their most common releases. The changes in Office
Communications Server should facilitate the qualification of these vendors’ IP-PBXs in the OIP. We
highly recommend that you validate in your own environment prior to making a final topology
decision.

How Do the Changes Work?

These changes enable interoperating with a qualified IP-PBX using Direct SIP with IP-PBX, across an IP
connection between the Mediation Server and the IP-PBX. This IP connection is typically called a "SIP
trunk” on the IP-PBX side.

Figure C-1 illustrates the environment using Cisco Unified Communications Manager 5.1. Note the use
of a Media Termination Point (MTP) on the Unified Communications Manager, where the signaling and
media from the SIP trunk is terminated. MTP may or may not be required depending on the specific
versions of Unified Communications Manager and the Cisco devices used. For more information about
the use of the MTP, see the Cisco documentation.
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Figure C-1 Office Communicator environment using Direct SIP

While this is not a requirement, Figure C-1 assumes, as do most of the explanations later in this
document, that all PSTN interconnectivity is handled by the IP-PBX. Calls from the PSTN to Office
Communications Server Enterprise Voice users will first be presented to the IP-PBX, which passes the
calls to Office Communications Server across the SIP trunk. That is the most common deployment case
for small deployments. For larger deployments, it is often preferable for each system to handle its own
PSTN interconnection directly, and reserve the Direct SIP interconnection for the exchange of calls
between users of the two systems.

The changes in OCS for interoperability with Direct SIP are targeted at facilitating interoperability with
an IP-PBX that, in its SIP messages across the SIP trunk, presents and receives dial strings. These dial
strings might be E.164 numbers without a plus sign, or any other set of dial strings such as extensions.

Because of the IP-PBX requirement that SIP messages across the SIP trunk do not include the plus sign,
appropriate dial strings must be used by the Office Communications Server Mediation Server when
interacting with the IP-PBX. However the core internal logic of Office Communications Server with
respect to phone numbers has to be preserved to prevent disrupting a range of typical Office
Communications Server functions, such as publishing contact information within the presence
document. Therefore the Mediation Server plays an important role role in a deployment that involves
Direct SIP with a non-RFC3966 conforming IP-PBX.

The changes introduce the capability for Office Communications Server to normalize the FROM header
so that a non-RFC3966 representation of an E.164 number (meaning an E.164 number that does not
have a plus sign) is converted to a global number that conforms with RFC3966 and is placed in the P-
Asserted-ldentity (PAI) header field. The PAI header enables the user lookup functionality in Office
Communicator. If the normalization process does not result in a global number, Office
Communications Server will add a Phone-Context value of "enterprise” in the PAl header. Additionally,



Office Communications Server bypasses the server normalization logic if the REQUEST URI header
already contains a Phone-Context value of "enterprise."

In Office Communications Server 2007 R2, a new Mediation Server WMI setting called
RemovePlusFromRequestURI is created to activate the new capabilities. This WMI setting can take a
value of YES or NO; the default is NO. The following summarizes what is activated when the value is set
to YES.

For outgoing calls (calls from the Mediation Server to the IP-PBX):

e The conversion from RFC3966 conforming numbers to dial strings (that can be interpreted by the
IP-PBX) happens after the outbound routing logic of Office Communications Server is complete.
This enables Office Communications Server to maintain the logic unchanged.

e The Mediation Server strips the plus sign from the REQUEST field and the FROM field in any
outgoing invitation. (This results in dial strings that can be interpreted by the IP-PBX.)

e Because the Mediation Server copies the value in the REQUEST URI to the TO URI in the INVITE that
is sent to the IP-PBX, the plus sign is also removed from the TO URI, and the TO URI is presented to
the IP-PBX in a dial string format it can interpret.

e After these steps, all dial strings are presented to the IP-PBX across the SIP trunk in a format the IP-
PBX can interpret.

For incoming calls (calls from the IP-PBX to the Mediation Server):

e The preexisting normalization rule capabilities in Office Communications Server are sufficient to
normalize the TO field and route the call correctly.

e The FROM field and the REQUEST field also require a normalization rule that will insert a plus sign.
The rule may be more complex and manipulate digits as well.

e If this normalization does not result in a global number, the Mediation Server will set the Phone-
Context in the FROM field to enterprise

e  Office Communications Server will then set the correct PAI value, allowing the contact model to
work accurately with Office Communicator 2007.

Additionally, in environments where phone numbers in the Active Directory are entered as dial strings
representing E.164 numbers without a plus sign, these numbers will be converted to RFC3966
compliant global numbers that are represented as TEL URI by the Address Book Service. The Address
Book normalization rule converts these numbers into RFC3966 compliant numbers. Office
Communications Server users in such scenarios will always have the RTCSIP-Line parameter configured
with an RFC3966 compliant TEL URI.

As mentioned earlier in this document, those changes are not applied by default (or by running the
updates for Office Communications Server 2007). Administrators must also perform configuration steps
and add the appropriate normalization rules. Configuration is also required on the IP-PBX side to set
up the SIP trunk, as well as to normalize numbers as necessary.

How Do | Set Up Direct SIP with an IP-PBX?

To set up the Direct SIP with IP-PBX interoperability, it is important that you first understand the dial
plan and normalization rules on the IP-PBX side and make decisions about the number range
allocation between Office Communications Server and the IP-PBX. Next you must provision and
configure the SIP trunk from the IP-PBX to the Mediation Server. Last, set up Office Communications



Server, starting with Mediation Server and adding the appropriate location profiles and normalization
rules.

Dial Plan and Normalization Rules on the IP-PBX Side

Enterprises’ dial plans vary broadly. Therefore each implementation is unique, and the examples given
in this document are not meant to cover every case.

Small or medium size enterprises (especially single-site ones) typically have a pre-existing internal dial
plan based on short dialing extensions (generally 3 to 5 digits). Users are accustomed to dialing the
short extensions to reach internal users and to dialing a prefix (such as 9 or 0) prior to dialing numbers
external to the enterprise.

To directly reach an internal user from the PSTN, outside callers have to know the user’s Direct Inward
Dialing (DID) number, which is a publicly routable number that corresponds to the extension of the
user to reach. They would access that DID by dialing a dial string (i.e. a series of digits). The PSTN and
the IP-PBX are already configured with the appropriate transformation rules to convert the requested
dial string to the corresponding extension. In general, this is done by removing the appropriate
number of leading digits and placing the result in the TO field. For example, the DID (1) 425 555-1234
might be dialed as the dial string 14255551234 which would be converted to the extension 1234.

This conversion however is applied only to the TO field (also known as the Called ID or called number)
of the call. The FROM field (also known as the Caller ID or caller number) is commonly either left
unchanged from what the operator provided, or transformed into a dial string that enables simple
callback to the original caller. For example, for an IP-PBX located in the United States, a U.S. Caller ID
dial string of 14255551234 may be converted to 914255551234, and a French Caller ID dial string of
33169861234 may be converted to 901133169861234, where 9 is the prefix for external dialing on the
IP-PBX and 011 the carrier mandated international dialing prefix in the United States. It can take a large
number of rules on the IP-PBX to cover all possible cases, and those rules vary based on what
numbering format the operator will present and require.

Larger enterprises that use extensions generally need either much longer extensions (sometimes as
long as 6 or 7 digits) or internal prefixes for site to site dialing. This situation creates a risk of overlap,
where a dial string received as Caller ID could be identical to a dial string representing an internal route
or user. For that reason, large enterprises almost always implement Caller ID transformation rules such
as the ones described in the previous paragraph, The exception to this is large enterprises that use
E.164 numbering internally instead of extensions).

Therefore the enterprise’s existing dial plan influences the format in which the IP-PBX will pass TO and
FROM dial strings to Office Communications Server and what normalization rules will be required on
Office Communications Server. In typical (but not all) cases, the IP-PBX will present to Mediation Server
the following:

For calls from an IP-PBX user to an Office Communications Server user:

e The FROM field is a dial string representing an extension xxxx on the IP-PBX.
e The TO field is a dial string representing an extension yyyy on Office Communications Server.

For calls from the PSTN to an Office Communications Server user:



e The FROM field is a dial string representing the caller number as presented by the carrier, and
transformed by the IP-PBX, as described earlier, starting with well defined patterns such as 91 or
9011 in the United States.

e The TO field is a dial string representing an extension yyyy on Office Communications Server,
because the DID that was initially presented by the carrier was converted by the IP-PBX.

Therefore Office Communications Server should be provisioned with the appropriate normalization
rules to handle the various dial string formats in the FROM field.

Conversely, in typical cases the Mediation Server will present the following to the IP-PBX:

e Both the TO and the FROM fields are dial strings representing full E.164 global numbers without a
plus sign.

Therefore the IP-PBX should be provisioned with the appropriate translation rules to transform these
strings into the appropriate formats for the IP-PBX and the PSTN.

DID or Extension Range Allocation

The simplest case for number range allocation is where specific ranges are dedicated to one or the
other system. For example, in a four-digit extension plan, you could assign all extensions of the pattern
4xxx or 5xxx to Office Communications Server, leaving all other extensions assigned to the IP-PBX.
Where possible, allocating ranges is preferable in order to simplify provisioning of users and routing
patterns.

There are cases where simply allocating ranges is not possible. This can be because no unused range is
available, or because users must retain their original DID as they migrate to Office Communications
Server Enterprise Voice. In the case where all PSTN interconnectivity is handled by the IP-PBX as
explained earlier, not allocating ranges does not change the way in which Office Communications
Server is set up; all adjustments will have to be made on the IP-PBX. Typically that involves redirecting
each DID from the IP-PBX to Office Communications Server. In our example hereafter we will show how
that can be achieved.

Example: Setting Up Cisco Unified Communications Manager
4.2.1 for Direct SIP

This example demonstrates how to configure Direct SIP with Cisco Unified Communications Manager
421

Main Assumptions for the Example
The following are the main assumptions for this example:
e Thisis a single site, located in Paris, France (country code 33, local code 1).

e Al PSTN calls, incoming and outgoing, from and to Cisco Unified Communications Manager and
Office Communications Server, use the preexisting PSTN interconnection trunks that are connected
to and managed by the Cisco Unified Communications Manager. All calls to and from Office
Communications Server go across the SIP trunk between Cisco Unified Communications Manager
and Mediation Server.



Note As discussed earlier, it is also possible (and eventually more effective, especially in large-scale
deployments and, for example, with the use of SIP Trunking to Carrier) to have direct PSTN-out routes
from Office Communications Server to the PSTN without going through the Cisco Unified
Communications Manager. Also, in this example, redundant routes between Cisco Unified
Communications Manager and Office Communications Server are not implemented; it is possible to
do this but exceeds the scope of this example.

All users are assigned a unique, externally routable DID from a local range and a unique 4-digit
extension that matches the last 4 digits of their DID.

Specifically, all DIDs for users on the Cisco Unified Communications Manager and Office
Communications Server are in the format +3316986xxxx where xxxx is their extension.

Users on the Cisco Unified Communications Manager are accustomed to dialing 4 digits for
internal users, and this pattern will also be used when they dial out to users on Office
Communications Server.

e Users on the Cisco Unified Communications Manager must dial 0 as a prefix to exit to the PSTN.

In the first part of this example, the extension range 4xxx to 5xxx is allocated to Office
Communications Server. In the advanced example, a configuration for situations where there are
exceptions to the range allocation will be provided.

Note It is notassumed that all numbers in the range are actually allocated on Office Communications
Server; calls to unallocated numbers will be routed by Cisco Unified Communications Manager to
Office Communications Server which will provide an appropriate answer in rejecting the call. The call
will then be handled as setup on the Unified Communications Manager. This could include responding
to the call with a “fast busy” dial tone, or sending the call to an auto-attendant, for example on
Exchange 2007 Unified Messaging.

e All other numbers are allocated to the Cisco Unified Communications Manager. It is possible, but
beyond the scope of this example, to create more complex, granular route patterns.

The following assumptions are also made about the formatting of the FROM and TO fields of calls:

The local PSTN carrier requires the following:

e The FROM field must be formatted as a 9-digit dial string xxxxxxxxx

e The TO field:

O For domestic (i.e. destined to a DID in France) calls: the TO field must be formatted as a full
10-digit local French number (which is not an E.164 number): OXxXxxXxxx

O For international calls (i.e. destined to a DID outside of France): the TO field must be
formatted as a 00 (the prefix for international dialing in France) followed by the E.164 dial
string for the caller, for example 0014255551212

Note This format may vary by locale, carrier, or even on the basis of the type of trunk used. Please
verify the correct format for your environment.

For calls from a Cisco Unified Communications Manager extension xxxx to an Office Communications
Server extension yyyy that are sent across the SIP trunk:



e The FROM field is the dial string xxxx
e The TO field is the dial string yyyy.
For calls from the PSTN to an Office Communications Server extension yyyy:

e The FROM field has already been formatted by Cisco Unified Communications Manager into a dial
string that enables immediate dial back to the PSTN in France:

O For domestic calls (meaning calls that. originated from a DID in France), the outside line
prefix 0" is followed by the full ten-digit local French number (which is not an E.164
number) for example, 00XXXXXXXXX

O For international calls (meaning calls that originated from a DID outside of France), the
outside line prefix “0" is followed by “00” (the prefix for international dialing in France) and
by the E.164 dial string for the caller, for example 00014255551212.

e The TO field is the dial string yyyy.

Step 1: Creating a Partition on Cisco Unified Communications
Manager

First, create a partition named “OCSIncoming” as shown in Figure C-2.

User Application Help

AAR Group

CiSCﬂ application Dial Rules

Fo Filter

Control

ation Pattern
xternal Route Plan Wizard
FRoute Plan Report

Figure C-2 Creating a partition

A Cisco Unified Communications Manager partition contains a list of route patterns. Partitions facilitate
call routing by dividing the route plan into logical subsets that are based on organization, location, and
call type. For more information about partitions, see "Partitions and Calling Search Spaces" in the Cisco
Unified Communications Manager System Guide.

This partition enables the application of rules (such as route patterns and translation patterns) that are
specific to the traffic coming into the Cisco Unified Communications Manager from the Mediation
Server across the SIP trunk, as shown in Figure C-3.
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Figure C-3 Partition Configuration dialog box

Note Whether a partition is required or not in a particular environment may depend on the rules required.
Please verify with your Cisco Unified Communications Manager administrator.

Step 2: Creating a Calling Search Space on Cisco Unified
Communications Manager
A Cisco Unified Communications Manager calling search space is an ordered list of route partitions.

Calling search spaces determine which partitions (and in which order) are searched when Cisco Unified
Communications Manager is attempting to complete a call.

In this example, a calling search space named "OCSIncoming" is created, as shown in Figure C-4, and
assigned to the OCSIncoming partition that was created in Step 1, as shown in Figure C-5.

Foute Plan Service atLUre evice  ser Help

Figure C-4 Creating a calling search space
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Figure C-5 Configuring a calling search space

Step 3: Setting up Translation Patterns for the Partition on Cisco
Unified Communications Manager

The next step is to create translation patterns for the partition, as shown in Figure C-6. The translation
patterns will be used for inbound calls to the Cisco Unified Communications Manager from Office
Communications Server. Translation patterns manipulate dial strings before routing a call.

em Foute Plan  Service ature  Devi Uzer Application  Help

er Administration

rnal Route Plan Wizard
Foute Plan Report

e
Figure C-6 Creating a translation pattern

Figure C-7 illustrates how to configure the translation pattern. The first translation pattern is called
[~33]L It will match any dial strings in the TO field that do not start with 33; as in are not destined to a
French domestic PSTN number. This translation pattern will handle all calls from Office
Communications Server that are destined to an international PSTN number. Note that the translation
pattern is assigned to the OCSIncoming partition.
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For the FROM field, the pattern retains the last 9 digits; therefore, it removes the country prefix (which
is always 33 in this example) from the E.164 calling party dial string, and then presents it to the PSTN in
the required format. In this example it transforms 3316986xxxx into 16986xxxx.

For the TO field, the pattern adds 000 as a prefix to the called party dial string. For example, it
transforms 14255551212 into 00014255551212.

The reason it translates dial strings sent by the Mediation Server in a different manner for the TO and
the FROM is the need for the TO field to start with the outside line prefix (in this example “0") to obtain
an outside line on the Cisco Unified Communications Manager, then the international prefix 00, and
then the full E.164 dial string.
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Figure C-7 Configuring translation pattern [A33]!

The second translation pattern is called 33.xxxxxxxxx. It will match any dial strings in the TO field that
start with 33 followed by exactly nine digits. This translation pattern will handle all calls from Office
Communications Server that are destined to a domestic (French) PSTN number. This translation pattern
is also assigned to the OCSIncoming partition, as shown in Figure C-8.

For the FROM field: as for the previous translation pattern, we retain the last 9 digits, stripping the
country prefix (which is always 33 in this case) from the E.164 calling party dial string, and presenting it
to the PSTN in the required format. In this case it transforms 3316986xxxx into 16986xxxx.

For the TO field: The pattern strips the leading 33 (the digits prior to the dot) and adds 00 as a prefix to
the remaining string. It transforms 33xxxxxxxxx into 00xxxxxxxxx, where the first 0 is the outside line
prefix needed to obtain an outside line on the Cisco Unified Communications Manager.

em Route Plan  Service Feature Device User application Help

Cisco%d CallManager Administration Cuce Sririus
For Cx'st_:o;n_Um‘ ied’ wnications M

Translation Pattern Configuration

Add 3 Mew Translation Pattern

Back to Find/List Translation Patterns

Translation Pattern: 33 . XXXXXXXXX
Status: Ready

Copy | Update | Delete |

Pattern Definition

Translation Pattern IESW
Partition IOCSIncoming j
Description |Nati0na| reroute fram OCS to PSTH
Mumbering Plan® |N0rth Arnetican NMumbetring Plan j
Route Filter [<MNone > |
Calling Search Space IOCSIncoming j
WMLPP Precedence IDefauIt j
Route Option % Route this pattern
 Black this pattern I—NDtSEthed— =l
o2 Provide Outside Dial Tone = Urgent Priority

Calling Party Transformations

[T Use Calling Party's External Phone Number Mask

Calling Party Transform Mask IW

Prefix Digits (Outgoing Calls) |

Calling Line ID Presentation IDefauIt j
Calling Mame Presentatian IDefauIt j
Connected Party Transformations

Connected Line ID Presentation IDefauIt j
Connected Mame Presentation IDefauIt j
Called Party Transformations

Discard Digits IPreDot j

Called Party Transform Mask |

Prefix Digits (Outgoing Calls) |DD

* indicates required iterm.

14



Figure C-8 Configuring translation pattern 33.xxxxxxxxx

The third translation pattern is called 3316986xxxx. This translation pattern will handle all calls from
Office Communications Server that are destined to a Cisco Unified Communications Manager assigned
number, i.e. calls internal to the company that should not be sent to the PSTN. Here again the
translation pattern is assigned to the OCSIncoming partition (Figure C-9). This pattern will be applied
to calls where the TO field is of the form 3316986xxxx, rather than the second translation pattern,
because it represents a longer match. Cisco Unified Communications Manager selects translation
patterns from a list on the basis of the longest match.

The translation pattern translates dial strings for calls sent by the Mediation Server where the TO field
matches the pattern. It strips all leading digits from TO and FROM fields to retain the last 4 digits of
both. Dial strings of the pattern 3316986xxxx will be translated to dial strings of the form xxxx that
match the internal Cisco Unified Communications Manager dial plan. As can be seen below, this
translation will be performed on both the called number and the caller number.
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Translation Pattern Configuration

Add a Mew Translation Pattern

Back to FindsList Translation Patterns

Translation Pattern: 3316986XXXX
Status: Ready

Copy | Update | Delete |

Pattern Definition

Translation Pattern |3315986>0¢¢<
Partitian IOCSInCDming j
Description |
Mumbering Plan* INorth American Mumbering Flan j
Route Filter EEE kd|
Calling Search Space |< MNane > j
MLPP Precedence |Default j
Route Option & Rpoute this pattern

€ Block this pattern |—NotSelected — |
W~ Provide Outside Dial Tone E Urgent Priority
Calling Party Transformations
[T Use Calling Party's External Phone Number Mask
Calling Party Transform Mask IW
Prefix Digits (Outgaoing Calls) |
Calling Line ID Presentation IDefauIt j
Calling Mame Presentation |Default j
Connected Party Transformations
Connected Line ID Presentation |Default j
Connected Mame Presentation IDefauIt j
Called Party Transformations
Discard Digits |< MNaone > j

Called Party Transform Mask |>¢<>¢<

Prefix Digits (Outgoing Calls) I

* indicates required item,
Figure C-9 Configuring translation pattern 3316986xxxx
Other translation patterns could be set up if appropriate. For example, for normalization of emergency

numbers.

Step 4: Provisioning a SIP Trunk on Cisco Unified
Communications Manager

Next, set up a SIP trunk on the Cisco Unified Communications Manager, as shown in Figure C-10, and
assign the Calling Search Space for incoming traffic to the OCSIncoming partition that was created
earlier.
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unications

Figure C-10 Creating the SIP trunk

As shown in Figure C-11, the trunk name in this example is “Trunk_to_OCS" and the Mediation Server’s
external edge IP address is 192.168.0.105. Note the selection of TCP for transport, and the port number
in Figure C-11.
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Outgoing Transport Type® ITCP

L L

Preferred Criginating Codec™ |?11u|aw

Call Routing Information
Inbound Calls

Significant Digits* [ A0 |
Comeced e o EEET E
Connected Mame Presentation® IDefauIt j
Calling Search Space |OCSInc0ming j
a4R Calling Search Space I( Mane » j
Prefix DM I

[T Redirecting Mumber Delivery - Inbound

Outbound Galls

Calling Party Selection™® IOriginator j
Calling Line ID Presentation™ |Default j
Calling Mame Presentation™ IDefauIt j
Caller 1D DM [

Caller Name |

[ Redirecting Number Delivery - Outbound
Multilevel Precendence and Preemption {MLPP) Information

MLPP Domain I (e.g., "0O0O0OFF")

MLPP Indication Mot available on this device
MLPP Preemption Mot available on this device

* indicates required item

Figure C-11 Configuring the SIP trunk

Step 5: Setting Up a Route Pattern for the SIP Trunk on Cisco
Unified Communications Manager

Route patterns are used for outbound calls from Cisco Unified Communications Manager to Mediation
Server. They define what calls are sent to the SIP trunk based on matching the number in the TO field

with a specific pattern. Route patterns can also perform transformations of the dial strings in both the

TO and the FROM field.

A route pattern called [4-5]xxx is created to handle outgoing calls from Cisco Unified Communications
Manager to Office Communications Server, as shown in Figure C-12. The route pattern is then
associated with the Trunk_to_OCS SIP trunk that was created in Step 4. This route pattern instructs
Cisco Unified Communications Manager to route to Mediation Server all calls destined to Office
Communicator users (from both the PSTN and Cisco Unified Communications Manager users), on the
basis of the match of the TO string with the pattern [4-5]xxx, as shown in Figure C-13. In this

example transformation of the strings in the TO and the FROM fields is not needed.
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Configuration
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Status: Ready
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Figure C-13 Configuring the route pattern
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Step 6: Setting Up Office Communications Server for Direct SIP

After Cisco Unified Communications Manager is configured, you will need to set up Office
Communication Server. Configuring Office Communications Server for Direct SIP involves the following
steps:

e Configuring the Mediation Server to connect to the SIP trunk
e Editing the Mediation Server Location Profile

e Configuring the Mediation Server Normalization Rules for Cisco Unified Communications Manager
421

Configuring the Mediation Server to Connect to the SIP trunk

In this example, the Mediation Server’s outside edge IP address is 192.168.0.105, and the Cisco Unified
Communications Manager's IP address is 192.168.0.110 (the Cisco Unified Communications Manager
listens by default on its server IP address).

Open the Properties dialog box for the Mediation Server that you want to configure, as shown in Figure
C-14.

[06 Microsoft Office Communications Server 2007

@ File Window Help

-;E Cffice Commurications Server 2007 ey b
Bl Forest - mocs2007 Fr al
[-[Z] Enterprise pools Sel
D §_t_andard Edition Servers c
; ocs2007Fr1
; D Users 3 Gene
i -y oes2007fr1.mocs2007. fr
[:I Archiving and COR Servers = Winc
D Unassigned users Medi
s = Certi
Stark am
-2 Live Communic 0P =
Deactivate Mediation Server ca
Logging Tool b s
Yiew » P I
Mew Window Fram Here H |
3
Refresh r
o
Properties
Help i
I atl

Figure C-14 Opening the Properties dialog box

The Cisco Unified Communications Manager’s IP address is inserted in the PSTN Gateway next hop
section on the Next Hop Connections tab in the Properties dialog box. Note the selection of the ports
that correspond to the selection made on the SIP trunk, and the IP address of the Unified
Communications Manager in the PSTN Gateway next hop IP address field, as showm in Figure C-15.
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o0cs2007msfr1.mocs2007.fr Properties x|

General Mext Hop Connections |Cert\ficate I

[ Office Cammunications Server next hop

[ Specify the Office Communications Server used For routing inbound
PSTH calls.

EQDN:

Bort: 5061

PSTN Gateway next hop

Specify the PSTH gateway connected to this server,

1P address: 192 . 188 . 0 . 110

Fort: 5080

ok I Cancel | Bpply | Help |

Figure C-15 The Next Hop Connections tab in the Mediation Server Properties dialog box

On the General tab, note the selection of a Default location profile for the Mediation Server (in this

example, the location profile is called “Paris-LP.mocs2007.fr"). This location profile will be edited later in

this configuration process, as shown in Figure C-16.

ocs2007msfr1.mocs2007.fr Properties x|

General |Next Hop Connections | Certificate

AIjJJ Mediation Server

EQDN:

Communications Server listening IP address:

[12.185.0.105 |

Gateway listening IP address:

[192.188.0.105 =l

AN Edge Server:
I(Nona) j
Default location profile:

IParls—LF‘.chsZUU?‘fr j view |

Media port range: I 60000 ko I &4000

ok I Cancel | Bpply | Help |

Figure C-16 The General tab in the Mediation Server Properties dialog box

Editing the Mediation Server Location Profile

Next, edit the location profile used by the Mediation Server to include the appropriate normalization
rules for the SIP trunk. In this example, we will add or edit the normalization rules Internal number NR,
International, and National to the Paris-LP.mocs2007.fr location profile.

Open the Voice Properties for the forest that you want to configure, as shown in Figure C-17.
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Figure C-17 Voice Properties

EI ocs2007msfr3.macs2007. fr Mame:
(2 Live Commurications Server 2005 ocsZ007fr1
1 cties meEns

Mew Window from Here

HElfE = General Settings

Help = windows services
L] Unassigned users Medistion service:

Certificate settings

Select the default location profile chosen in figure C-16 (in this example Paris-LP.mocs2007.fr) and click

Edit, as shown in Figure C-18.

Location Profiles I Phane Usages | Paiicy | Routes |

Location profiles define how numbers are to be ranslated when dialed from

a defined location. Each profile has a set of narmalization rules

Lacation Profiles:

M arne

Add.. | Edi... | Hemove |

0K I Cancel | Apply | Help

Figure C-18 Location Profile

Add to the Location Profile the following normalization rules: Internal number NR, International, and

National, as shown in Figure C-19.

Edit Location Profile

Name:
Description:
Paris LP :I
H
i~ Mormalization Fules
Mormalization rules are processed in list order: please use the buttons on the
side for adjusting the order.
Internal number NR
Irternational
Natianal
Up
Dgwn
sod. | Edt. | Aemove |

;4 I Cancel | Help
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Figure C-19 Normalization rules

Configuring the Mediation Server Normalization Rules for Cisco Unified
Communications Manager 4.2.1

The next step is to configure the normalization rules to normalize the dial strings coming across the SIP
trunk from Cisco Unified Communications Manager into Office Communications Server. In this
example, we configure the three normalization rules added previously in the Location Profile: Internal
number NR, International, and National.

Internal number NR

The Internal number NR normalization rule transforms a 4-digit dial string xxxx into an RFC3966
compliant global number +3316986xxxx. The rule will be applied to inbound traffic to Office
Communications Server from the Cisco Unified Communications Manager. The phone pattern regular
expression in this scenario is ~([0-9]{4})$, and the translation pattern regular expression is +3316986%1.

Because of the Route Pattern configuration for the SIP trunk that was configured earlier in this
example, calls that are passed to the Mediation Server by the Cisco Unified Communications Manager
must have a TO field that matches the route pattern [4-5]xxx. Therefore, the normalization rule Internal
number NR will translate the TO field to RFC3966 global numbers that should match Enterprise Voice
enabled users of Office Communications Server.

In addition, calls that are passed to Mediation Server across the SIP trunk may have a FROM field that
matches the dial string pattern xxxx. This will be the case when the calls have been dialed from an
extension of the Cisco Unified Communications Manager. The normalization rule will also translate that
FROM field to an RFC3966 global number, enabling querying against Active Directory for the name
and SIP URI of the dialer. When the dialer is a user of Office Communications Server for Instant
Messaging and Presence, having their SIP URI enables advanced scenarios; for example, the call
recipient could redirect the incoming phone call to reply with an instant message.

Last, the normalization rule can also be used if users dial a 4-digit dial string in Office Communicator.
The rule will normalize that dial string into a global number. If that number can be matched against the
phone number of a user who is enabled for Unified Communications, it will be associated to a SIP URI
and routed within Office Communications Server. If there is no match, the call will be routed to the
appropriate external route—in this example, to the Cisco Unified Communications Manager, as shown
in Figure C-20.
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Edit Phone Number Normalization Rule x|

Mame: Internal number NF

Click to copy an existing rule. LCopy... |

Description:

Internal nurber MR +3316986 =]
[

i~ Translation

Phone pattem regular expression:

|"[[n-91{4}]$

Translation pattern reqular expression:

|+331 £92641

‘Walid translation characters are +, numbers, and $. Example: +142541.

Click Helper for assistance in creating comman phone number Helper |
regular expressions and translations =

- Test translation
To test the tranglation, enter a zample dialed number. If it matches the phane
pattern, the translation will be shown.

Sample didled number:

|1 234

Tranzlated number:

|+331 63561234

(] I Cancel | Help |

Figure C-20 Editing the Internal number NR normalization rule
International

The International normalization rule transforms a dial string that starts with 000 into an RFC3966
compliant global number by removing the 000 and adding a plus sign. The rule will be applied to
inbound traffic to Office Communications Server from the Cisco Unified Communications Manager. The
phone pattern regular expression in this example is 2000(d\*)$, and the translation pattern regular
expression is +$1.

For calls passed by Cisco Unified Communications Manager across the SIP trunk, only the FROM field
should contain dial strings that start with 000. This will be the case when the calls have been dialed by a
PSTN user outside of France, after the Cisco Unified Communications Manager has added the prefix 0.
The normalization rule will translate that FROM field to an RFC3966 global number for use by Office
Communications Server, as shown in Figure C-21.
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Edit Phone Number Normalization Rule x|

Mame: Intemational

Click to copy an exizting rule. LCopy...

Description:

interational Callz

i~ Tranglation
PBhone pattern regular expression:

IADDD[\d"]$

Tranzlation pattern regular expression:
|+$1

“Walid translation characters are +, numbers, and $. Example: +1425%1.

Click Helper for assigtance in creating common phone number Helper... |
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To test the translation, enter a zample dialed number. If it matches the phone
pattern, the translation will be shown.

Sample dialed number:

IDDD‘I 4251231234

Translated number:
|+1 4251231234

[k I Cancel | Help

Figure C-21 Editing the International normalization rule

National

The National normalization rule transforms a dial string that starts with 00 followed by 9 digits into an
RFC3966 compliant global number by removing the 00 and adding a “+33". The rule will be applied to
inbound traffic to Office Communications Server from the Cisco Unified Communications Manager. The
phone pattern regular expression in this example is 200(d\{9})$, and the translation pattern regular

expression is +33$1.

For calls passed by Cisco Unified Communications Manager across the SIP trunk, only the FROM field
should contain dial strings that start with 00. This will be the case when the calls have been dialed by a
PSTN user in France, after the Cisco Unified Communications Manager has added the prefix 0. The
normalization rule will translate that FROM field to an RFC3966 global number for use by Office
Communications Server, as shown in Figure C-22.
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Edit Phone Number Normalization Rule x|

Nare: Mational
Click to copy an existing rule. LCopy... |
Description:

Mational Calls

i~ Translation
Phone pattern regular expression:
I"DD[\d{S}]$

Tranglation pattern regular expression:

|+33$1

‘Walid translation characters are +, numbers, and $. Example: +142541.

Click Helper far assistance in creating comman phone number Helper.
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r~ Test translation
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Sample dialed number;
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Translated number

|+33458851 234

(] I Cancel | Help |

Figure C-22 Editing the National normalization rule

Advanced Scenario: Setting Up Support for Numbers Outside of
the Range

The following steps provide a way to support migrating users from Cisco Unified Communications
Manager to Office Communications Server without having to change their original extension to a new
one taken from the contiguous range of numbers allocated to Office Communications Server. That is a
frequent scenario for VIP or externally facing users whose phone number is broadly known outside of
the organization. This can also be used as the general scenario when a dedicated range has not been
allocated to Office Communications Server.

This scenario is achieved by creating a “Forward All” setting on the extension line (for example,
extension 6668) to a prefixed line, for example 96668, and then by creating a new route pattern on the
SIP trunk to match strings of the 9xxxx pattern, remove the 9, and redirect to extension 6668 on Office
Communications Server.

Step 1: Setting Up the Forward All for the Extension

The following steps set up Forward All on the IP phone line extension 6668 to 96668. The prefix 9 will
be used to reroute that extension to Office Communications Server. Note the Forwarded Call
information, as shown in Figure C-23.
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Figure C-23 Setting up Forward All

Step 2: Creating a Route Pattern Associated with the Prefix

Configure the settings as shown in Figure C-24 to create a route pattern to reroute all traffic with the
9xxxx pattern (meaning traffic that has the 9 prefix) to the SIP trunk to Office Communications Server.
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The prefix will be removed (as indicated by the Called Party Transform Mask setting) and the call
redirected to extension 6668 on Office Communications Server.

ite Plan
Cisco%d CallManager Administration Custo Sririus
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Figure C-24 Creating a route pattern
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Summary of the Call Flows and Number Transformations

Figures C-25, C-26, and C-27 summarize the flow of calls for incoming calls, outgoing calls, and
international calls.
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Direct SIP with CCM
Call Flows and Number Transformations: Inbound Calls
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Figure C-25 Call flow for inbound calls
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Direct SIP with CCM

Call Flows and Number Transformations: Outbound Calls
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Figure C-26 Call flow for outbound calls

OCS to PSTN
(Domestic)

Office

Communicator
TO: Lee

(Work: +33yyyyyyyyy)
FROM: Bill

Outbound
Routing

TO: +33yyyyyyyyy
FROM: +3316986xxxx

~_~

Mediation Server

TO: 33yyyyyyyyy
FROM: 3316986xxxx

~_~

SIP trunk

TO: 00yyyyyyyyy
FROM: 016986xxxx

=~ -

CCM

TO: 00yyyyyyyyy
FROM: 016986xxxx

~_-

Carrier

TO: Oyyyyyyyyy
FROM: 016986xxxx

34



Direct SIP with CCM

Call Flows and Number Transformations: International Calls
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Figure C-27 Call flow for international calls
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