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Executive Summary

For UC system architects or implementers who have previous experience with PBXs, differences
between the traditional PBX approach to dial plans and that of Office Communications Server (OCS)
2007 R2 Enterprise Voice (EV) can lead to design and configuration mistakes that can create problems
for users and prevent optimal functionality. Understanding these differences is vital to getting the most
out of OCS Enterprise Voice.

This whitepaper is intended to complement Microsoft’ Bnterprise Voice documentation and goes
deeper into the concepts and best practices, and incorporates my experience and knowledge
accumulated from implementing OCS-based voice systems over the past 2-1/2 years and from
collaborating with other experts in the Microsoft Unified Communications field. It is targeted at readers
who are already familiar with the Microsoft documentation and who already have some understanding
of OCS’' s b arselersentd Liocation Pfiles, Voice Policies, Phone Usages, Routes, Mediation
Servers, and media gateways.

It breaks down the OCS dial plan design and configuration into three parts:

9 Key Dial Plan Differences between Office Communications Server 2007 and a PBX — Explains why
O C Sglolsal dial plarend device independenggve OCS very powerful and flexible capabilities,
but lead to design decisions that can differ significantly from the way you might approach a PBX
dial plan. Special attention is given to the importance of E.164 in OCS’ ®uting and dialing.

9 Reconciling Global Numbers with Local Dialing Requirements — Breaks down the OCS processes
and associated design decisions into three parts: (1) How to get outgoing calls normalized into
E.164 form and routed to the appropriate Mediation Servers; (2) successfully getting an
outgoing dialed number from the OCS Mediation Server to the Called Party; and (3) getting
incoming calls from PSTN and PBX users successfully routed to the correct OCS user.

9 Dealing with Non-E.164 Numbers — Gives guidance on how handle non-global numbers, such a
when users have only extensions and no DID numbers, and how to achieve specific outbound
call routing of non-global numbers based on the identity of the caller.

Furthermore, while is impossible to give specific instructions on how to configure each make and model
of PBX or media gateway that might be integrated with an OCS system, | have attempted to provide
generic guidance on what must be done in the cases of PSTN-connected media gateways, PBX-
connected media gateways, IP-PBXs qualified for Direct SIP connectivity with OCS, and qualified SIP
Trunk service providers to integrate them correctly with OCS.

Although the bulk of my experience is in North America, | have attempted to make this paper applicable
to global OCS systems involve integration with Telcos anywhere in the world.

© 2010 Unify Square, Inc. All rights reserved. Page 1
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Part I. Key Dial Plan Differences between Office

Communications Server 2007 and a PBX

One very important differentiator between OCS Enterprise Voice (EV) and traditional PBXs is the fact

that OCS was designed from the ground up to be a company-wide communications system involving a

single global dial plarand multiple PSTNhop-o f f poi nt s ( alouda komdwmnt sd9 “i nr a:
physical locations.

In contrast, traditional PBXs are usually limited to a smaller geographic scope, often with only one PSTN

break-out point per PBX. True, some IP-PBX systems support multiple breakout points located in various

physical locations, and multiple PBX systems can be tied together to increase the overall reach of the

organi zation’'s private voice network, but each PB
have to learn the dialing idiosyncrasies involved in calling between PBX systems. Some PBX vendors have

added another layer of management software to make interconnected PBXs easier to manage, but this
generally only works when all of the PBXs are all from one vendor.

O C S&single global dial plan also makes it much easier to incorporate Least Cost RoutingCR), where
outbound calls hop off from the corporate network onto the PSTN through the OCS Mediation Server
location that minimizes the toll charge. (NOTE: LCR is not implemented automatically in OCS; the OCS
administrator must configure Routes and Usages based on his/her knowledge of toll costs.)

Furthermore, unlike PBXs, OCS call routing is based on the identitesof t he users rather t|
location or the specific devices from which the calls are placed. This device independencaeans that

users can place calls from any supported endpoint device connected anywhereon t heir organi za
network or even connected remotely via the Internet or cellular voice networks. In addition, the various

OCS EV clients (Office Communicator, Communicator Phone Edition, and Communicator Mobile) allow

users to dial by clicking on a contact record (either directly from the address book on the client or from

OCS-aware applications, such as Outlook 2007 or MS CRM 4.0, that use the Communicator Automation

API to integrate with Office Communicator,) without caring about location-specific aspects of the dial

string or about the route the call takes to its final destination.

These two characteristics—a single global dial plan and device independence—mean that designing the
OCS dial plan and call routing requires a different approach than with a PBX.

Globhal Dial Plan

OCS stores its single global dial plan in Active Directory, and this plan consists of Routes (to designated
Mediation Servers), Phone Usage records, Voice Policies, and Location Profiles (sets of normalization
rules), all of which are replicated among domain controllers and read by all OCS Standard Edition servers
and Enterprise Edition server pools in the organization.

Even though OCS uses a global dial plan, the assignment of Location Profiles to users allows them to use
local dialing patterns and helps bridge the gap between local dialing patterns and global number
formatting and routing.

© 2010 Unify Square, Inc. All rights reserved. Page 2
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Along with the single global dial plan, each EV—enabled user (and each service that behaves as an
endpoint, such as the OCS 2007 R2 Conferencing Attendant or Response Group contact) has two
addresses stored in either an AD User or Contact object:

T a tesk’'ualRI* ( st or e dmsRTESIPPrimaryUsetAddeess ptieibute)’ s
T a numL”i dfstledinthe ADO b j ensRTCSIB-Line attribute).

Not only musteachaddressbe uni que within the organization’s Ac

be globallyunique if OCS is to have full interoperability with other PSTN users and federated OCS users.

Each EV user is also assigned a Voice Policy and a Location Profile. (More on Voice Policies and Location
Profiles will come later in this article.)

As with SMTP e-mail addresses, the SIP URIs can be guaranteed to be unique as long as the organization
has control over its own SIP domain(s) (e.g., @contoso.comand it ensures that no two identities within
a SIP domain have the same SIP user name.

However, having a unique SIP URI is not enough, because a call coming from the PSTN or a PBX

addresses an OCS EV user by their phone number rather than a SIP URI. Therefore, each EV—enabled

user account or contact object must also be assigned a unique TEL URI (typically their Direct Inward Dial
[DID] number). These numbers shouldbe stored in OCS using a format called E.164
(http://en.wikipedia.org/wiki/E.164) , which concatenates the user
code/mobile provider number, and local number, thereby making the number globallyunique across

the worldwide PSTN system. By convention, E.164 numbers are typicallypr ef i xed wi th a “ +7”
that the number is globally unique.

S co

If the user does not have a individual DID number, Office Communications Server 2007 R2 introduced
support for private non-DID numbers by representing them in the globally-uniqgue format <sharedE.164
numbers;ext=< unique extensior»,or alternatively as a string of digits locally-unique to the enterprise.
For example, a private extension of 1001 can be represented as +1425550100;ext=1001, or as 1001.
However, even though OCS Enterprise Voice users can have private TEL: URIs, they cannot receive direct
calls from the PSTN; instead they can be reached only via operator transfer, an Exchange 2007 auto-
attendant, or membership in an OCS Response Group. (More on this topic will come later in this article.)

Why is E.164 So Important?
E.164 is important for both incoming and outgoing calls to/from the PSTN.

For incoming calls, remember that incoming calls can come onto the OCS system from any Mediation
Server in the system. Depending on the specific details of the devices connecting the Mediation servers
with the PSTN and/or company phone systems, the incoming Called Party and Calling Party numbers
couldbe passed to OCS in a variety of forms. It could be:

I an extension number
9 alocal number

© 2010 Unify Square, Inc. All rights reserved. Page 3
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9 the area/city code + the local number
9 the country code + area/city code + local number

However, to route the inbound call to an EV-enabled user or contact object, the number must exactly

match theobjectt s TEL URI st or OfficeCommucilort @i dhi $ prdy ,t hercal l
to the EV user, OCS needs to match up the Calling Party number with phone number in the OCS Address

Bookor the wuser’s Outlook Contacts. Thnebiglosikty way t o
store the user’ s-unifjue E.164fddid; norimalize thdirecoming calldd pakty y

numbers to E.164; and then perform the lookup.

Because you can assign Location Profiles to Mediation Servers and you know the specific characteristics

of the device (i.e. gateway, PBX, or SIP Trunk pr
normalization rules that take into account the properties of that device and properly convert the Called

Party and Calling Party numbers to E.164 so that they can be successfully matched to the various user

databases. (Alternatively, you can have the gateway, PBX, or SIP Trunk provider outside the Mediation

server do the E.164 conversion before the numbers even hit OCS).

For outgoing calls, the reason that using the E.164 format is so important is that the format of the Called

Party number should make no assumpti@s to where the call will hop off onto the PSTMNmo existing

PBX systenThe caller has no control over where the call routes within the OCS system, and therefore

couldbe anywhere in the world where the organization has an OCS Mediation Server. For this reason, it

must be in a generic yet uniquéorm; that is, for it to be routabletoanyo f t he or gani zati on
Servers and then be dial-able by the device behind the Mediation Server OCS selected, the Called Party

number should not contain any soof prefix such as a steering code, outside trunk access code,

national direct dial code, or international direct dial code.

For example, think of an OCS system that has three Mediation Servers: one in Seattle paired with a
media gateway connected to a legacy PBX; one in Tokyo paired with a media gateway connected to
Japan Telecom; and one in London connected to Interoute, a SIP Trunk service provider. If you called
+61 2 123456, a party in Sidney, Australia, to successfully place the call each hop-off device would need
to pass the called number to its respective Telco or service provider in a different form as shown in the
table below:

© 2010 Unify Square, Inc. All rights reserved. Page 4
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Mediation Server Site Trunk access code International access  Number passed to
code Telco/Service Provider
Via Seattle (though the PBX) 9 011 (NANP¥*) 011612123456 (the
|l eading “97
by the PBX)
Via Tokyo (through the N/A 010 010612123456
media gateway)
Via London (through the SIP  N/A N/A +612123456
Service Provider) (the SIP Provider
determines if the call
is international and
routes it as
appropriate)

* NANP = North American Numbering Plan

Because the caller has no control over the routing of the call, the most sensible way to handle the call is
to ensure the Called Party number is translated into E.164 format and let OCS route the call to a
Mediation Server accordingtot h e OCS Mdutig FulesPahdariy'then only after its been
handed off to the downstream device should the digits be manipulated as appropriate for the particular
Telco hop-off point. Specifics on how this can be accomplished are covered in Part Il of this whitepaper.

Device Independence

As noted earlier, in the logicalsense OCS calls are placed to and from OCS identities—the SIP: or TEL:
URIs assigned to UC-enabled AD User or Contact objects. However, in the physicakealm, calls are
actually placed between hardware devices (PCs, servers, Communicator Phones, or other 3-party
phone devices that register with OCS). OCS performs a dynamic mapping between each OCS EV-enabled
user or contact object and all of the physical devices on which that person or voice-enabled service is
currently available to place or receive a voice call; unlike traditional PBXs, static mappings between
users and devices are unnecessary. For a user to be present on a device, he/she must be logged on to
the OCS system (which registers one or more physical devices to the user), plus his/her presence status
must be in a state that permits inbound calls. OCS addresses endpoint devices using special SIP URlIs,
called Globally-Routable User-agent URIs, or GRUUs, which are in turn dynamically mapped to the IP
addresses and port n yomtb ieterrmediatefdevite$) seich a5 ©CS Edge Servalse Vi Cc e S
or Mediation Servers, when parties are connecting via the Internet or PSTN).

OCS’ s device independence has sever al key benefit

9 Little or no device provisioning is necessary, which greatly simplifies telephony
adds/moves/changes.

9 Because the endpoint devices are not statically assigned to users or even phone numbers,
device independence allows users to register Multiple Points of Presence (MPOP), and incoming
calls are automatically forked to all devices capable of handling audio calls on which the user is

© 2010 Unify Square, Inc. All rights reserved. Page 5
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“present ” . sWersona dedice, dabs éotthe ather the forked devices are
automatically cancelled.

9 The user can log on from any Communicator client device on the network or Internet, and calls
will ring to them without any need for the user or an administrator to configure static call
forwarding rules.

9 Even if the user is not present on any device, the user can set up call forwarding to ring another
phone number.

However, device independence introduces several new issues not encountered by PBXs:

1 Since auser mightbeloc at ed anywhere on the organization

might be uncertain of the exact dial string to use when placing calls. For example, if on a PBX

extension Al i ce wo ul-digitexi@rsidn frddna PBX fhone, @hiataigits n g

should Alice dial from Office Communicator running on her home PC? If Alice wants to call Carol
andCar ol ' s number is in another country,
code? If so, which one?

9 How does one dial non-globally iniguenumbers that have localcontext? In North America, if

you dialed a “0” for a | ocal operator or

know to which Mediation Sever/PSTN access point the call should be sent? Al s o, whi
localTel co operator code in NANP countries,
other parts of the world). Furthermore, because the Called Party no longer knows the physical
location of the caller, device independence presents an even bigger problem for local
emergency service numbers which (often by law) must be able to locate the address or physical
coordinates of the caller. Although OCS 2007 R2 is not compliant with U.S. and Canadian
Enhanced 911 (http://en.wikipedia.org/wiki/E911) regulations, it might still be desirable for a
user to be able to call a known 911 service if a conventional phone, PBX phone, or cell phone
isn’t available.

9 Because an OCS Enterprise Voice user can use any device, any restrictions their company makes

on what numbers they are permitted to dial will be tied to their user account rather than to a
device. However, then how can OCS support common-area phones (such as lobby phones) that
a variety of people can use without having to first sign-on? OCS currently does not support these
natively, but some organizations have turned to inexpensive OCS-compatible phones from
German phone vendor SNOM (http://www.snom.com/en/products/microsoft-ocs/snom-ocs-

edition-at-a-glance) that can provide a work-around. However, at this time Microsoft does not

support of these phones with OCS 2007 R2, so customers are on their own if they decide to
utilize these devices and encounter issues.

While full out-of-box solutions to the common-area phone and E911 compliance requirements will have
to wait for the next release of OCS, in Part Il of this series | explain how to handle issues relating to the
global dial plan, and in Part lll | explain how to deal with special cases when you need location-specific
dialing.

© 2010 Unify Square, Inc. All rights reserved. Page 6
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Part Il: Reconciling Global Numbers with Local Dialing
Requirements

In Part | of this paper, | described two key characteristics of OCS—its single global dial plan and device
independence—that produce new capabilities and benefits over those of a PBX, but also introduce some
new challenges and require an approach to dial-plan configuration that differs significantly from a PBX. |
also described why all OCS inbound and outbound numbers to/from the PSTN and PBXs should be
translated to E.164, and that internal users should normally never have to care how a number gets
routed to the Called Party or know any of the dialing rules specific to the PSTN hop-off device associated
with the route OCS selects.

In this section, | detail how to handle inbound and outbound processing of globally-routable E.164
numbers (in Part lll of this series | deal with special cases involving non-globally unique numbers).

The experience of dialing from Office Communicator or Communicator Phone Edition can differ
significantly from that PBX phones. Traditionally, PBX phones users learn how to dial the appropriate
digits based on (1) their physical location and (2) knowledge of the location of the Called Party, and
know that the call will fail if they get it wrong. For example:

9 If the caller needed to call an internal extension on a single PBX, he would just dial the extension
number (typically 3 to 5 digits) asperhisP B X' s ndi al pl a

9 If the caller needed to call an internal extension in a network of a tied PBXs that had overlapping
dialplans, he would first enter the appropriate
number of the person on the other PBX (steering codes provide a means of disambiguating

st

between identical extension numbers on multiple tied PBXs).

9 If the caller needed to call a local number, he would typically dial a trunk access code
(commonby afollowed by the local number digits. The caller might also have to
know if the Telco serving their PBX required the local area code or city code in the dial string,
and they might have to know if the Called Party number was local (as will be discussed later, this
i s reddity obvious in locations that use the North American Numbering Plan).

9 If the caller needed to call a national long distance number, he would dial a trunk access code
followed by his/her national access code, followed by the city/area code (or mobile operator
code), and then the Called P a r todal'nusnber.

9 If the caller needed to call an international number, he would dial a trunk access code followed
by the desired international access code, followed by the city/area code/mobile operator code,
and then the local number.

However, as | explained in Part |, all an Office Communicator user really needs to know is the Called
Party’'s E. 164 number, and many numb é mameownghdnd be di
number. However, Location Profiles allow them to dial numbers other ways as well.

© 2010 Unify Square, Inc. All rights reserved. Page 7
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If the organization has Mediation Servers in multiple sites, the call will hop onto the PSTN at a location
that might be unknown to the caller. If the OCS system designer does not fully and properly configure
the system, some calls can fail unexpectedly at the PBX or PSTN, and consequently the user could be left
confused and dissatisfied with OCS.

However, even though Communicator users may learn that if they dial the number in E.164 format (with
the leading +) it is unnecessary to dial trunk access codes for external calls and National or International
prefixes when placing long-distance calls, users should not have to learn new dialing behaviors when
they move from a PBX phone to Communicator.

To avoid outbound and inbound call problems, OCS architects must plan for the unique approach
required by OCS. They will need to plan for three distinctly different phases of the call flow:

I Getting outgoing calls normalized into E.164 form, authorized, and routed to the appropriate
Mediation Server (and also block unauthorized calls).
 Manipulating the E.164 Called Party numbers passed by Mediation Servers to their next hop
devices into a form the PBX or Telco can route to its destination.
I Getting incoming calls from the PBX or PSTN into E.164 form and routed to the correct EV-
enabled user or service (and properly display the identity of the Calling Party if their number is
in the OCS Address Book. or the wuser’s Outl ook

Note: In the following sections, | will use the generic term gatewayto include media gateways, Direct
SIP connections to IP-PBXs, and Direct SIP via SIP Trunk service providers; i.e., whatever telephony
technology is handling the next hop between a Mediation server and the PSTN.

Getting Outgoing Calls Normalized into E.164 Form and Routed to

Appropriate Mediation Servers

Before planning out your OCS dial plan—ocation profiles, normalization rules, routes, usages, and

polices—i t s i mportant to understand the way flowmt bound
diagram shows the logical flow of a call placed from Communicator:

© 2010 Unify Square, Inc. All rights reserved. Page 8
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As mentioned in Part | of this series, the Called Party number sent to a Mediation Server on an outbound

call should be in E.164 format if it is intended to be dial-able by any Mediation server/gateway pair in
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the organization. The primary purpose of Location Profiles is to normalize non-E.164 numbers dialed by
users into correct E.164 form. Also, Location Profiles can also be used on inbound calls to normalize the
Called Party and Calling Party numbers to E.164 if the gateway sent them in some other format.
However, in Part Il | will examine some special cases where you will use a Location Profile that
generates non-E.164 numbers.

Note that neither Communicator clients nor OCS front-end servers perform any further normalization on

a phone numbers that already havea | ea di nigf “a+”"usseirgndi al s a number
number

sign (either by manually dialing the + or by clicking-to-d i a | a contact whose
no further digit manipulation is done by MOC or OCS (Additional digit manipulation may be done at the
gateway handling the call).

Remember, however, iNOCSI KS f SF RAYy3 aGbé Aa mbpais actuall@EaeNT y (i S S

Location Profile rules enable users to enter non-globally unique numbers (such as PBX extensions, local
numbers, and other non-E.164 dial strings) and then Communicator and/or OCS will attempt to
normalize them into E.164 numbers. Location Profiles also enable other legacy dialing habits to continue
to work, such as prepending trunk access codes to outside numbers or dialing international access codes
on international numbers. However, remember that the purpose of location profile@ to manipulate
numbers into the form needed by the gateway to route the call to its destination.

A Location Profile codifies assumptbnsabout the dialing habits ahoseusers who have that Location
Profile assigned to thenfiach profile consists of an ordered set of normalization rules, each of which
consists of a pattern-matching regular expression paired with a transformation regular expression. The
basic idea is to examine any number dial ed
automatically convert it to the correct E.164 number.

For example, if a company had two tied PBXs, one in Seattle and the other in Tokyo, and each PBX was
connected to a on OCS Mediation Server through a media gateway, if an OCS EV user assigned the Tokyo
Location Profile entered the steering code of the Seattle PBX followed by a 4-digit extension number in
Communicator, a location profile rule should recognize that the dialed digits matched the steering code
and extension number ranges used by the Seattle PBX and thereby assume it has to be call to an
employee whose DID number was homed on that PBX. The matching rule would then transform it into
an E.164 number by:

T Recogni zi n-digitbulmkertin the targesof nambé&rs used by internal extensions

9 Recognizing that it begins with the steering code of the Seattle PBX

9 Stripping the steering code leaving behind the last four digits of the extension

9 Prepending the appropriate 3-digit local prefix for the DID block associated with the called
extension number

1 Prependingt he Seattle area code (“206"7")

9 Prepending t he U. S. country code (“17)

T Prepending a “+7
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You might wonder “ wh jetogoavertithorE.064 \ghbn a BBK it goiitig o attipoff r o u b
everything but the layptcdmower tdimggtist?”’t ThE. Bhthd weirt '
by multiple routes. If the Seattle Mediation server or gateway is down or unreachable, the call can be
sent out the Tokyo Mediation server and over the PSTN to the Seattle PBX.

You might Dbe asking your sel fyappaventE.164 numberédiaded a r ul e
without a leading plus? Well, there is a problem with that—how do you know if a random number is

E.164? Although E. 164 numbers are guaranteed to b
possible digit sequences and determine from its pattern and length if it is an E.164 number vs. being

some other dial-able number. For example, how could a location profile differentiate the dial string 91

22 421234 (an E.164 number in Mumbai, India) from 912 242 1234 (a 10-digit NANP number in

Savannah, Georgia, USA), from 9 1 224 212 3456 (a Lake Forest, lllinois, USA 11-digit number preceded

by a trunk a)eAleeesnumbasbegin vaith 9122421234, but because country codes,

city codes, and local numbers around the world have differing numbers of digits, no regular expression

can make this distinction. The person doing the dialing dialer would know which one they want, but

OCS can’t do it

(NOTE: It is usually possible to make an assumptionthatan1l-di gi t number beginning w
NANP E. 164 number and si mply a dultryaodelbegiasadvithmg “ +” t o
“17 L)

In OCS, the answer is to train users to dial either of the following two ways:

1 Di al the number as E. 164, including the | eadin
9 Dial it the same way they would have from a PBX, using internal steering codes (if applicable),

trunk access codes (when the call should go to the PSTN), a national long distance access code

(when the PSTN call is within country) , or the international access prefix (when the PSTN call is

out-of-country). With this information, OCS can convert it to E.164.

(Note: WhenOCSuser s di al external calls it’s best to
code,nor mal | y aThi§ nakes it@passibla to disBribiguate internal extension numbers

from various PSTN service codes or short local numbers used around the world. For example, if

the internal extensions used a 5 digit extension range, then without requiring an external access

code it would not be possible to differentiate between an internal extension of 23456 and a

local number 23456.)

However, notice in the above example that | talk about terms like“ | oc al ” Jongdn & tt iardrc a&l”

“i nt er n a twhiohaudlotatiot @ntextdSowait—d i d n ' t [ say earlier that
system,itdoesn’ t know about ,t Rendl cshatuildm’ df nteteal aalylt dr
routable through any Mediation Server/ gateway 1in

way to signal the intentions of the caller to OCS. The Location Profiles also allow users to continue
dialing the way they were used to dialing prior to OCS, and also make it possible for them to dial shorter

© 2010 Unify Square, Inc. All rights reserved. Page 11



I 2
&7 UNIFY
Unified Communications, Accelerated

dial strings for internal extensions and local numbers. Why have to dial the E.164 number
+14258650709 if 709 might bea | | t hat ' s n ermleagetsioi?ro di al an inte

So Location Profiles should normally be scoped to the city level and be designed to handle the way users
at an office in that city would normally dial internal, local, long distance, and international calls from a
PBX. Note that they do not necessarily reflect whether a Mediation Server/gateway exists at that same
physical site. Instead, Location Profiles should be created for each location where the DID numbers
assigned to a group of EV users belong to a specific locale. For example, with SIP Trunking services, users
in the London office could have DID numbers that are local to London, and users in the Paris office have
DID numbers local to Paris, but the Mediation Server connected to that SIP Trunk provider might
actually physically be in Dublin, which is a lights-out data center without any local EV users. In this case,
you should create Location Profiles for both London and Paris, but not Dublin.

However, contrary to what you might think, the actual physical location of the user hasdirect
relationship to the Location Profjlend if a user travels to another location, there is no need for that
person to change Location Profiles, as long as the person continues to dial numbers that same way
he/she dialed numbers from their normal location. Note in the earlier example that if the Tokyo user
came to the Seattle office, he/she would still dial PBX numbers of Seattle employees exactly the way
he/she would when located in Tokyo. If the visiting user needed to dial a local Seattle number, he/she
user would still dial the number the same way as when calling that number from Tokyo, and in fact the
call would fail unless it was dialed in this manner (or dialed as full E.164). Furthermore, the call would
not be an international call just because the user was still dialing the numbers as if it were an
international call; the routing is based on the number the normalized E.164 number, not the original dial
string.

Naming Location Profiles

Although the name of a Location Profile is arbitrary, it ought to reflect a city or region where dialing
behavior is the same. It would usually be the name of a site, city, or even be as large as a country if you
were using a SIP Trunking provider.

If you are planning to use Exchange 2007 Unified Messaging to provide voice mail services to OCS EV
users, then the name of the Location Profile must include the domain portion of the FQDN of the
Exchange UM server. For example, if the FQDN of the Exchange UM server was eum-01.contoso.com,
then the profiles should be named <site>.contoso.cone.g., seattle.contoso.com.

Normalization Exceptions

Sometimes it’'s important to prevent certain numbe
trying to use routing rules to block certain ranges of normalized numbers). A common example is when

normalizing internal extensions. Say your company uses a 4-digit dial plan, but some portion of the

extension numbers are vacant (on either the PBX or OCS EV). If you created a normalization rule that

normalized all 4 digit numbers in the internal extension range to E.164, if a user inadvertently dialed one

of the vacant extensions, the number would not match an internal user and thus the call would go out

© 2010 Unify Square, Inc. All rights reserved. Page 12



daw 2
&7 UNIFY

Unified Communications, Accelerated

to the PSTN and might even ring a legitimate PSTN number. However, if you blocked the E.164 numbers
in Route patterns, then calls to some legitimate PSTN numbers could be inadvertently blocked.

The solution is to craft the Location Profile so that the vacant numbers are excluded from the internal
extension normalization rul e. I n this way, you do
outbound routing.

For example, if the Contoso PBX uses a 4-digit dial plan, but right now the only extension numbers in use

are:
1 2210-2219
1 2230-2999
1 2300-2399
1 2400-2419

The following rule would normalize extensions in these ranges but no others.

Profile name Matching Pattern Translation
Pattern
Seattle.contoso.com | 4-digit Internal AM((221)](22[3-9]) | (23[0- +120677751
Calls 9])|(24[011))/d)S

Communicator Phone Edition Devices

If the organization will be using Communicator Phone Edition (CPE) devices (such as the Polycom CX700)

and it intends to enabl e uhsoeorks doifa ltihnegs’e, daedvdiicteiso nta
must be given to the Location Profiles rules. For more information on this topic, see the Appendix B

“Dealing with Communicator Phone Edition Off-Hook Dialing” .

Click-to-Dial

All telephone numbers dialed using click-to-dial (from Office Communicator, CPE Phones, Communicator

Mobile, Outlook 2007, MSCRM 4.0, or any other program that uses the Communicator Automation API

to expose a click-to-dial feature) ideally should be stored in E.164 format within their respective

databases. However, aslongasthenumber i s not preceded by a “+" sign
rules will also be applied to these numbers when the call is dialed.

However, for North American Outlook 2007 contacts this can create a problem. The most likely way

users will have the number storedis10-di gi t s (i .e., without the | eading
created a normalization rule that prepended a *“ +1
with a + and whose first digit was a 2 through 9, it would fix the Outlook problem for Called Parties in

North America, but then any international number that was exactly 10-digits long (but had no leading

“+”7) would be misdialed, because the rule would a
a “+1” i mdthera wotldfalf it a
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The best solution to this problem is to have Outlook 2007 users fix their contacts so that all of the
numbers are storedinE.164for mat and ar e.Thisiselsb imporadt tobngke the “ +”

numbers dial-able from WindowsMob i | e devi ces and via Communicator
feature.
As shown in the example below, Outlook 2007’ s “Ch

to fix these numbers:

Phone numbers

Business... |- | 12518650700
~ . )

(umnerstone o) [ oneces
I [3 Business<F1 (425) 8650703

iAddresses Country/Region: | {jnifed &fatee

| [usnes. ]l ctmescde s

[ This is the mailing
address

Local number: 865-0709

Extension:

Phone numbers

puanes,. ] xS
- _ir 1

If this is not practical, a work-around would to implement the above rule, but train your users make sure

that all 10-digit international numbers stored in their Outlook contacts were in E.164 form with the

|l eadiagd”“al so train t h edigitihternatipmalengmbensdialet magually o a | | 10
from Communicator. (NOTE: Communicator Phone Edition devices do not provide a way to manually dial
a “+” sign, so this workaround won't work from th

Phone numbers can also be dialed by clicking on contacts in the OCS Address Book, but since these
numbers should already be normalized to E.164,theywon’ t be processed by the L
(The OCS Address Book Service uses rules contained in the

Company_Phone_Number_Normalization_Rules.txt file to convert loosely formatted phone numbers

of AD User and Contact object phone number attributes into a strict E.164 formatwi t h a l)eadi ng

Voice Policies, Usages, Routes, and Mediation Servers

Once the dialed number is normalized to E.164, OCS needs to determine two things: is the user
permitted to make a call to that number, and what is the preferred available Mediation Server/gateway
to handle the call? What makes this determination a bit confusing is that in OCS the dialing
authorization and route selection processes are intertwined.

First a quick refresher on OCS Outbound Routing fundamentals: Each Enterprise Voice user can be
assigned only one OCS Voice Policywhichconsists of an ordered list of PhoneUsagerecords, which are
named pointers to one or more Routes (Voice Policies also specify whether endpoint devices are
enabled for simultaneous ringing.)

Each Route consists of (1) a matching regular expression that evaluates the Called Party number, (2) the
names of one or more Mediation Servers to which the call should be routed if the match is successful,
and (3) a list of all Usage records linked to it. Although the OCS administrator has multiple possible ways
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to implement Policies, Usage records, and Routes, unless they are designed properly many schemes will
turn out to be cumbersome or unworkable in complex environments.

Dial plan designers need to understand that the list of Routes in the OCS dial plan is not re-orderable,

nor is the Iist of Mediation Servers (misleadingl
orderable, and the route selection does notuse“ mo s t  sratehing béhavior’Because the

ordering of the routes tied to a given Usage record is based on the order the routes were created, routes

assigned to the same Usaghould be notoverlappingi.e. for any given Usage and normalized number,

only one Route pattern should match the number. Whenever calls match a Route, the OCS Front End

servers will distribute those callsround-r obi n among all responsive Medi at
gateway list. For this reason, if you assign more than one Mediation Server in a Route, they should all be

at the same physical location and have approximately equivalent capabilities and Telco costs. If the

initial Mediation Server assigned to the call does not respond to a SIP INVITE request, the Front End will
reroute the calll to another Mediat i ponsiveSer ver in t
Mediation Server will be temporarily removed from the list. This provides the primary means to build

redundancy into handling of outgoing Enterprise Voice calls, but Usage records can also be used to

provide alternate routes via other sites if all of the Mediation Servers assigned to the primary route are

unavailable or if call routing fails outside of OCS.

Route Planning
Route pattern expressions need to carefully planned and crafted so that they can glean two different
attributes by examining the Called Party number:

1  Enough information about the physical location of the Called Party to select which Mediation
Server(s) in your organization should handle the call (i.e., Least Cost Routing)

9 The classification of a call from the perspective of Klediation Server assigned to the Route
(irrespective ofhe location of thecaller). From that Mediation server, is it internal, local (non
toll), long distance, toll-free long distance, special chargeback calls (such as satellite or 900 calls),
international, etc.”? Is it an explicitly blocked number? For each call classification for which you
AYiSYR G2 NBAGNAROG a2YS dzaSNDa oAfAdGe G2 YIS
determines if the dialed number meets that classification

Route names should be chosen to reflect both of these attributes. For example, you might create a

Route nameuspel! Zer ohti onal” whose pattern expressi
anyoftheEuropec ountry codes ot her t h aecallSiaohetozmere| and’ s and
Medi ati on servers in your company’s Zurich office

matching the DID blocks of Tokyo PBX users and route it to a Mediation Server connected to the Tokyo
PBX.

Because thmati esnnexamifmed in a Route that would i
network the callerisactuallyl ocat ed, there’s no direct way in OCS
the caller’”s |l ocation; t he r out.i6h@lledPartpriurebers i ons e X
OCS’ s underlying design assumption is that-the or
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sized” to handle the Vol P traffic between the use
firewall) and the Mediation Servers of the chosen routes. In Part Il of this series, | will examine ways to

force certain routes to handle special cases.

Voice Policy and Usage Record Planning

Phone Usage records are named poi ntsereistendeddto one or
be named classes of calls that will be used to specify the Routes a user is authorized to use. Usage

records are similar to what in traditional teleph
but Usage records offer greater flexibility because they get rolled up into policies that apply to

Enterprise Voice users (rather than devices), and they also enable ordering of alternate Routes, making

it possible to formulate very granular phone authorizations and failover call routing behaviors.

You specify a phone usage record as an arbitrary label, but it should be one that enables you to identify

the category of call classes. You can name phone usage records whatever you like, but in my experience

a Usage name should expose two parameters: the destination classification (e.g. , “Calls to EMEA
the PSTN hop-off handling it (e.g. “viaofdPSTNMchdap on>")

Voice Policies aggregate and prioritize sets of phone Usage records, and you will need separate Voice
Policies for each combination of (1) unique class of caller capability and (2) call routing behavior that
your organization wants to control. If you are implementing LCR and want to provide alternate Routes
that can be used when primary Routes are unavailable, Usage record ordering gives you the means to
control the order of route choices. You also set arbitrary labels on Voice Policies, but in my experience
those names should identify user home locations (e.g., Seattle users) and their associated calling
privilege (e.g., Unrestricted).

Although Mi ¢ r o Enterprise’Vace planning documentation providesa good expl anati on o
dial plan elements, | found that it did not provide enough on the specifics and best practices when

designing an overall dial plan strategy. The following example should help readers understand a way to

approach dial plan structure in such a way that will allow you to take full advantage of O C SLCRsand

failover capabilities, and it illustrates why the User->Policy->Usage->Route->Mediation Server structure

is so powerful and flexible.

Imagine our fictitious organization with offices in Seattle, Tokyo, and London. Each location has a
Mediation Server (Seattle actually has two for redundancy) and each server connects through a media
gateway to a PBX and from there to the PSTN. For the purposes of this example, we assume that long

di stance tolls are proporti onal-sitad WAN bakdeidtichasst ance a
enoughsparecapaci ty t hat it’'s preferable to route as much
than place a more expensive long-distance call, so the company wants to optimize LCR, but wants

fail back routes for whenever bugheOCSusereatedraetoe d r out e

connect from anywhere, we also assume that users make most calls from a location at or near their
home offices.
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For each site, there will be two Voice Policies: Restricted (all internal extensions and PSTN calls local to
that site only) and Unrestricted (any number anywhere in the world).

In the dial plan map below, the black dots represent the various assignments between dial plan
elements, e.g. Voice Policies to Users; Usages to Voice Policies; Routes to Usages; and Mediation Servers
to Routes. Note that the Usages assigned to each Voice Policy are ordered. This ordering allows you to

control the evaluation order of route patterns (if they should happen to be overlapping), but more

importantly allows you to configure secondary or tertiary routes that can be used if the primary route

fails.

Usages

(number

by order
In list)

<
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25
o
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o o =l =l o =l
2 2 2 2 2 2
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Say user “Ell en” made a e4al6l7 .t oEIl S eeant’ tsl eu snewr mbaecrc o+uln
users—Unrestricted” Voice Roclaigey iasgsihgrsegpotl o ciyt i sTHhe
di aled number is compared adgatepsnatiing e mktg omatdt e
“London I nternal ”. None of these match, so the se
The dialed number is compared against the route patternfor* Toky o Local ”, and once
mat ch. The third Usage, “Cal | s dialed nSneenitconpsredvi a Sea

against the route patternfor* Seat t | e Aisraut@ palteon inatdhes the diléd number, so the
call is passed over the WAN to one of the two Seattle Mediation Servers, Seattlel or Seattle2 (via round-

robin selection) and the call is connected. Not e
and Seattle, the call processing would have contin
Voice Policy, “Calls to the Americas via Tokyo”,

sent out the Tokyo Mediation server and dialed as an international call to Seattle.

In any OCS dial plan, the designer has to be careful about the regular expressions assigned to the route;

never assign overlapping patterns to multiple routes that belong to the same Usage. For example, in the

example above,t he routes “Seattle Internal”, “Tokyo Inter
pattern expressions that overlap. Otherwise, the first expression that was created could match a

number that belonged to one of the other sites and the call could be routed out the wrong way.
However, it’s perfectly OK to create Routes with
different Usages (and all Usage orderings that reference those Routes provide the desired results).

Implementing Your OCS Dial Plan
As the organization get larger, more complex, and requires more granular access control levels, the total
number of OCS dial plan elements can grow exponentially.

As is probably evident by now, understanding of WAN capabilities and Telco provider toll charges are
key to coming up with the optimal OCS dial plan. Also, you have to weigh the cost of potential Telco
savings against the cost of maintaining an overly complex dial plan.

The OCS 2007 R2 Resource Kit's Enmluabletgortaipere Voi ce R
implement, and test your dial plan before uploading the information to your production system. This

tool also allows you save a suite of test cases that will allow you to check that the overall dial plan

behaves as desired after making a change before risking a breakage to your production system. (The

Resource Kit is a free download and is available at
http://www.microsoft.com/downloads/details.aspx?displaylang=en&FamilyID=9e79a236-c0df-4a72-
aba6-9a29602a93ed0.)

Getting an Outgoing Dialed Number from the Mediation Server to the
Called Party

0K, so at this point you now have E.164 numbers being sent from the desired Mediation Servers to their
respective next hop gateways, which could be PSTN-connected Media Gateways, PBX-connected Media
Gateways, IP-PBXs qualified for Direct SIP, qualified SIP Trunk service providers, or a mix thereof.
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If you are using a SIP Trunking service provider, no further outbound digit manipulation is required;
these providers expect Calling Party and Called Party numbers to be passed to them in E.164 form.
However, i n the ot paskanEladnendber to theogateway ar®BX ind expgeanip |
to be processed and dialed successfully without performing some further digit manipulation
beforehand.

The first question you need-PBXmrSi& Tuhkingpsogidei s “1 s t he
connected to the Mediation Server capable of hand
WMI editor such as WBEMTest or PowerShell to set the RemovePlusFromRequestURI attribute of the
MSFT_SIPMediationServerConfigSetting object to TRUEbn the Mediation Server connected to that

next-hop device or service provider.

Now comes the tricky part for media gateways and IP-PBXs connected using Direct SIP. You need to get
the E.164 number translated into a dial string that the Telco (or PBX) can successfully route to the Called
Party. To do this you must program the gateway or PBX to examine the E.164 number and determine if
the Called Party number is:

An internal PBX extension (applicable only if connected via a PBX)
A local call

A national long distance call

An international long distance call

=A =4 =4 =4 =4

Special numbers

(How to handle calls to special local service numbers, such as the local operator, local directory
assistance, or emergency numbers, is described in Part lll of this paper.)

Once the gateway or PBX has made this classification, it must transform the dial strings as necessary for
each. Note that now you no longer care if the Called Party number is restricted, because that was
already handled by OCS before the call was sent to the Mediation Server.

What follows are the generic requirements for making the determination and what number
transformation you will need to do, followed by specific details on where and how to do it.

Internal PBX extensions

If you are connecting to a PBX rather than directly to the PSTN, you will undoubtedly want to be able to

make internal calls to PBX users without breaking-out onto the PSTN and hairpinning back in on another

trunk channel. For this to work, you will have to detect if the E.164 Called Party number belongs to a

non-vacant station numberinthatPBX’ s di al pl an, tecduntrydode, thie ¢ityforea t hen
code, and prefix digitstoyieldan ext ensi on number diglpampfyourant wi t h t h
organization implements steering codes, you may have to insert the appropriate steering code ahead of

the extension.
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Local Calls

Handling this case is easy for connections to most of the worlds Telcos, but it can be very difficult for
some Telcos in the North American Numbering Plan, or NANP. (See Appendix A “The North American

Numbering Plan” . )

For Telcos outside the NANP jurisdiction, i t
country code and city code of the local Telco providing the trunk lines, theni t

s ifsthHe BG4 Celled Party number begins with the

s a | ocal call
you will simply strip off the country and city codes and send the remaining digits to the Telco. (See
http://www.numberingplans.com/?page=plans&sub=phonenr for the city/areas codes for most cities

around the world.)

However, in the case of NANP Tel cos, it’'s signifi
fact that calls out of the area code can still be local, and calls within the same area code can be long

distance. Furthermore, some of the NANP Telcos allow you to dial local numbers in 11-digit form

(startingwitht he “ 1" nat i Qatharireqairel®ds gi todempers (without
nati onal access Cc o0 dndesspopuladackas)acceptenly 3-digft diakstriegsfar | | y

local calls. Further complicating things, in Texas and some areas of Canada local 11-digit dialing does not

re sorry; it

work with calls to conventional phones (the call will fail with the Telco recording "We
necessary to first dial a 1 when calling this number ...").

If 11-digit local dialing works for all cases (conventional phones and cell phones), then you can simply
treat all NANP E.164 numbers as national long distance calls (described in the next section).

However, if local 11-digit dialing is not supported, you will need to examine the E.164 Called Party
number using individual gateway or PBX rules to match each case where the area code ( called the
“NPA”) + 3-digit prefix (called t h 8&XX™) combination identifies a local call. So how do you find out
what those local call combinationsare?l ' ve successfully used
http://www.localcallingguide.com/index.php to obtain a list. If you are setting up a gateway or PBX in a

major city where 11-digit local dialing is not supported by the Telco, there can literally be hundreds of

non-contiguous local NPA-NXX combinations, and entering these all by hand can be extremely tedious.

Fortunately, with certain Media Gateways and PBXs, by copying the list into Excel and doing some

column manipulation, you can generate a .CSV file that can be bulk-loadedintot he devi ce’ s rout
digit manipulation rules.

Once the PBX or gateway has determined if the call is local, then depending on the Telco local dialing
rules you wil/ need t o st r idipitlotahdelingiseeguited,roigbotti 1 7 i n |
the | eading “1” and t h digitdocabdalingisoeduiredi N | ocati ons wh

Note: The OCS Administrator is faced with a similar problem if he/she wants to set up a Voice Policy that
permits users in NANP jurisdictions to be allowed make local calls but block them from making long
distance calls. However, because the blocking decision must be made before handing the call off to the
gateway or PBX, the often extensive list of allowed patterns must be entered into an OCS route pattern.
The company may decide that administration of this list is not offset by the savings in long-distance
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charges, and decide to allow restricted local-call-only users to make calls to anyarea code that contains
local numbers, even though certain long distance calls within those area codes may slip through.

Once these rules are in place and tested for each PBX or gateway connected to each Mediation Server in
your environment, dialing should work properly for all users without concern as to whether the number
is local or long distance. However, since North American Telcos make changes to the local call NPA-NXX
combinations over time, the person responsible for maintaining the PBX or gateway in each site will
need to periodically check for additions/deletions and make changes to the rules as needed to stay
current.

National Long Distance Calls

Again, for non-NANP jurisdictions, making this determination is easy. If the country code of the E.164

Called-Party number is identical to the country code of the Telco to which the gateway or PBX connects,

s a National Long Distan
will strip off the county code and prepend the appropriate National Direct Dialing (NDD) prefix. (See

but the city (or mobile provider) code is different, theni t

http://www.kropla.com/dialcode.htm for the NDD and International Direct Dialing [IDD] codes for

various countries.)

However, the expression for NANP jurisdictions will depend on whether 11-digit local dialing is
supported by the Telco. If it is supported, then any number that is (a) exactly 11 digits long, (b) begins

with the NANP country code of “1”, and (c) which
be sent to the Telco without any digit modification. (Note: For historical reasons, the country code and
NDD prefix for NANP numbers are both “ 1, So there no needtostripandrecadd t.he “ 17

If 11-digit local dialing is not supported by the Telco, you will also need to exclude any numbers that

include local NPA-NXX combinations. This determination is simple if the gateway or PBX supports a

“mst speci f i anatthiagtalgotithm, ipvehichtcageryadu can have a one simple rule that

matchesall1l1-di gi t number s beginning wit h-sgecifitldcdlcalt hat wer
rules. For example, if the number 14258650709 where matched against two patterns, 1425865xxxx and

LIxxxxxxxxxx, the first pattern would always apply (no matter which one was evaluated first) and trigger

local call digit manipulation. However, 14255551212 would be matched by the second pattern, and be

sent as an unmodified NANP long distance number. If the device does not support® most speci fi c n
but allows you to order rules, you can easily achieve the same effect by placing the 1xxxxxxxxxx pattern

last.

International Long Distance Calls

This determination is easy. If the country code of the E.164 Called-Party number is not identical to the
country code of the Telco to which the gateway or PBX connects, it is an international call (no matter
how many digits follow the country code). In this case, you merely prepend the appropriate
International Direct Dialing (IDD) prefix and send the number to the Telco.

A problem arises, however, if you are also allowing OCS to send non-E.164 local numbers to Mediation
Servers. For example, how would a gateway or PBXknowt hat a “911” (the NANP 1| oc
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service number) is not the beginning digits of a
special cases will be discussed in Part Il of this series.

Specifics on Routing and Digit Manipulation

Theprevious sections give the generic approached to e:
described exactly how the routing and digit manipulation will be accomplished. This will depend on

whether you are using a media gateway connected directly to the Telco, a media gateway connected to

a PBX, or the Mediation Server connected directly to an IP-PBX qualified for Direct SIP. | " | | de al wi t h
simplest case first and proceed to the more complex cases.

Media Gateway Direct to Telco

If you are workingwithame di a gateway that is connected direct!]
this is a “Greenfield” i nst alodhlyalithisgecanaria, nodtingtsh at t he
simpl e: if a call comes i nt o tobeeoutgdaotthe REENYrunk r om t he

group(one or more Telco trunks treated as a single unit). However, you will still need to implement
manipulation rules to perform the pattern recognition and digit modifications described in the previous
section before sending the call to the Telco.

Media Gateway Connected to a PBX

In this case routing is still simple;i f a cal | comes into the gateway froc
routed to the PBX tie trunk, and all further routing is then performed by the PBX. However, the pattern

recognition and digit modifications described in the previous section can be done on the gateway, on

the PBX, or using a combination of both. Typically, you will be integrating with an existing PBX that has

an established dial plan and well-established routing and digit manipulation rules. In that case, the basic
approach i s t opattersrecoghitiveandyigit medifieatiohs $o translate the call into the

same form that your existing PBX extensions would use, and therebykeepany changes t o the
plan to a minimum. In this case, you will use the gateway to implement the rules described in the

previous section, but you might also have it pref
callsthatarenottoPBX users (unless the PBX dial pl an doesn
for PSTN calls).

I f the PBX is already confi gur ed dotamypatteannmdtthieg E. 1 6 4
and digit manipulation at the gateway.

Direct SIP to an IP-PBX

When using Direct SIP to an IP-PBX, you only have one place to do pattern matching /digit
manipulation—on the PBX itself. Unless the IP-PBX was already set up to accept E.164 numbers coming
from SIP trunks, this will require additional routing and translation rules on the PBX. Depending on the
PBX and how its dial plan has been implemented, this can range from being easy and non-disruptive to
being complicated and may even require changes in the dialing behavior of existing PBX users.

| have performed Direct SIP integration on two Microsoft OCS OIP-qualified systems for Direct SIP: Cisco
Call Manager (CCM)/Cisco Unified Call Manager (CUCM) and the Mitel 3300. The Cisco is easier and
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more flexible because elliemgpe nSesarccal HWSygdatcePsa"rTtr ismd rgpdr
Patterns” give you complete control over pattern
from the OCS Mediation Server before they hit Cal
manipulation rules. This means CCM/CUCM can do the same sort of digit modifications as media
gateways connected to TDM PBXs.

However, the Mitel 3300 PBX is more difficult because it only supports one set of routing and digit
manipulation rules that applies to both calls from Mitel handset users and on outbound calls coming in
on the SIP trunk from the OCS Mediation Server. The Mitel 3300 provides no capability to do any pre-
route digit manipulation (only post-route manipulations), so calls coming from the SIP trunk from the
Mediation server are treated exactly the same as calls from Mitel PBX handsets. What this means is you
will have to program the 3300 to support dialing of straight E.164 numbers, without requiring trunk
access codes or national or international prefixes. However, this may result in conflicts or ambiguities
with existing rules, the removal of which would require PBX phone users to make a change in their
existing dialing behavior.

For example, if you try to simply add new E.164 routes to an existing Mitel Automatic Route Selection

(ARS) Digits Dialéeda bl e t hat expects users to dial a “9" tr
before all long distance numbers, you may find that it is impossible to disambiguate certain numbers.

For example, how can the 3 3 O futisg rules differentiate the OCS E.164 dial string 91 22 42001234 (a

number in Mumbai, India) that comes from that of a PBX phone user dialing 9 1 224 200 1234 (a number

in Arlington Heights, Illinois, USA)?Assumi ng t he RBXes itsr uank 9dc c ensasy h a\
ambiguities with all country codes that begin with a 9 (of which there are 25, mainly in the Middle East

and Asia and which include Afghanistan, Azerbaijan, Bahrain, India, Iraq, Israel, Jordan, Kuwait, Lebanon,

Nepal, Oman, Pakistan, Palestine, Saudi Arabia, Syria, and United Arab Emirates). Because PBX rules

must not be ambiguous, the necessary changes may be disruptive to users.

Getting Incoming Calls Routed to the Correct OCS User

Up unt il now | ' v eoutdoiegaalissrendEntarpnise Vioiaevenalled Comreubhicator
users to PSTN and PBX Called Parties. However, incoming calls from PSTN users and PBX users must also
be configured properly. Fortunately, ibides an easi

Policies, Usage records, or Routes on the OCS side, and routing and digit manipulation is easier because
the number of possible numbers is vastly lower.

Getting the Call from the Mediation Server to the Enterprise Voice User
The basic goalistogetth e c al | passed to a Front End Server
and Calling Party numbers in E.164 format, where OCS uses the Called Party Number to lookup the

s
registered voice endpoints of Enterprise Voice User and route the call to them, and on incoming calls

Communicator uses the Calling Party Number to perform Caller ID against the OCS Address Book and the
user’'s Outlook Contacts.

When the inbound call is passed from the Mediation Server to the EE pool or SE server, the name of the
Location Profile associated with the Mediation Server is associated with the call. If the Called Party
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number is not already i nth&FrodtbndserfeousesnhafLacdtibnh t he | ea
Profile to attempt to normalize it to E.164 before doing a reverse lookup to see if it matches an

Enterprise Voice-enabled user or contact object. The normalization rules in those Location Profiles will

normalize whatever forms of Called Party numbers the Telco or PBX might pass to it. Note that you can

create Location Profiles specifically for this purpose and are never assigned to Enterprise Voice users.

Alternatively, you can program most media gateways to do the E.164 normalization before the call is

passed to OCS.

Caller ID Considerations
OCS will also attempt to normalize inbound non-E.164 Calling Party numbers using the Location Profile
assigned to that Mediation Server handling the ca

Both Communicator and Exchange UM use the Calling Party number to resolve the identity of the caller

if the caller’”s number is in AD or in the wuser’s
against the E.164 form of those numbers. Alternatively, most media gateways or PBXs allow you to
mani pul ate the Called Party number from the form

optional; the lookup will work even if the + is missing).

I f you are coexisting with a PBX, it’'s not hard t
normalize the Calling Party extension numbers of PBX users into E.164, because you know the details of

the | ength and ranges of the digits of the PBX’'s
internal PBX users in your OCS Address Book, you’ | | want the callers’ names t
Communicator’ *foast” notifications and in Exchange Missed Call notifications.

However, once again the NANP poses a special problem. For calls from other NANP Calling Parties, many

North American Telcos pass these numbers in 10-digit format (area code + 7 digit number), not the full

11digit E. 164 number (i .e., without the | eading 1)
disambiguate between NANP Calling Parties and international Calling Parties that have 10-digit E.164

numbers, making it impossible to write expressions to properly transform all incoming 10-digit Calling

Party numbers coming from the PSTN; the best you can do is make the assumption that they are coming

from the same country as where the Mediation Server accesses the Telco. For example, in the NANP, if

the Telcopasses10-di git Cal ling Party numbers, you can prep
number, but if the 10 digits actually belonged a Calling Party from outside the NANP, the normalization

would yield an incorrect result and Caller ID would fail as a result.

Getting Incoming Calls Routed to a Mediation Server

The details of how this is done depend on where you are using a SIP Trunk Service provider, and Media
gateway connected directly to the Telco, a media gateway connected behind a PBX, or a Direct SIP
connection to an IP-PBX.

From a SIP Service Provider
If you are using a SIP Trunking Service, the service knows which numbers you own and routes them to
the I P address of your Mediation Server in E. 1614
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done. However, if you are using a media gateway or a PBX, you will have to configure these devices to
route calls to the Mediation Server.

From a Media Gateway Connected Direct to Telco

In this case, you know that any call that comes in on a PSTN trunk should be routed to its next hop

Mediation Server.Youdon' t have to do mani pulation on the Call
assigned a normalization rule to the Mediation Server that will transform that number into E.164 before

the Front End performs the reverse lookup.

From a Media Gateway Connected to a PBX

In this case, you will need to configure the PBX to match all calls from PBX users to the extension
numbers of OCS Enterprise Voices users and contacts, and also match the DID numbers of those same
users and contacts for calls coming in from the PSTN. Once detected, these calls need to be routed to
the TDM tie trunk connecting the PBX to the gateway. Called Party digit manipulation can either be
performed on the PBX or gateway, or can be handled by an OCS Location Profile.

From an IP-PBX (Direct SIP)

In this case, you will need to configure the IP-PBX to recognize all calls from IP-PBX users to the
extension numbers of OCS Enterprise Voices users and contacts, and also recognize the DID numbers of
those same users and contacts on calls coming in from the PSTN. Once recognized, these need to be
routed to the SIP trunk connecting the IP-PBX to the Mediation Server. No Called Party digit
manipulation on the needs to be performed on the IP-PBX; this will be handled by an OCS Location
Profile.
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Part Ill: Dealing with Non -E.164 Numbers

Up to this point | have dealt with how to configure OCS to make and take calls using E.164 numbers,
which include both public PSTN numbers and DID numbers corresponding to your internal users.

However, not all Called Party numbers are globally-unique E.164 numbers, and require additional
context in order for them to be non-ambiguous. The following list gives a few examples of non-E.164

numbers:
9 PBX extensions that do not have associated E.164 DID numbers
9 Internal company operators
T Local Telco operaitmrNANB, s‘tI9h&k’ i(re.tghe U.0OK.
f Local directory assistance service numbers (e.
9 Emergency assistance servicenumbers( € . 941" 1 n No,r t“hl 1A2nfe)riinc aEur ope
9 Other service numbers ( e . & .1fdr the "Dig Safe" underground pipe safety line in the United
States, “116xx X " f 0 EU satvéces, isuohwassHotline forMissingChildren)

The ultimate destinations of calls to these numbers will depend on where the calls exit the OCS system,
but as was explained in Part I, OCS Enterprise Voice users normally have no personal control over call
routing. If the organization has multiple Mediation Servers in multiple sites, calls to these numbers will
break out onto a PBX or onto the PSTN based solely on how the OCS administrator configured the OCS
dial plan, and users may not be even aware of where the call is actually breaking out onto the PSTN.

Even if the OCS organization has one only Mediation Server (or multiple failover Mediation Servers at

one site connected to the same Telco or SIP Trunk service provider), there can still problems with non-
E.164 service numbers. Even though the location context of calls to these numbers is fixed, remember
that the OCS Enterprise Voice user can be anywhere on the organizations WAN or even be connecting
from the Internet. User still have to be informed that calls to service numbers will connect them to the

service at the location of the Telcohop-o f f poi nt , not oaation.Fohesamplesifanr ' s phys
organization had their single Mediation Server in Seattle, WA but used it to also serve its branch office in
Portland, Oregon, if an Enterprise Voice user in

get the Seattle directory assistance operator rather than Portland.

While true location-based routing will have to wait for a future release of OCS, OCS 2007 R2 does

provide a way to use the OCS EV user’'s identity t
the following sections describe specific suggestions for how to deal will some of the more frequent non-

E.164 number scenarios.

Dealing with Private Non -DID PBXs

Some organizations have PBXs that use a private dial plan with no support for DID numbers (incoming

calls to users always route through a publically-reachable switchboard or auto-attendant number).
Furthermore, it’s possible that the organization
together, and the dial plans of these PBXs may overlap with each other. With careful planning, OCS can
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coexist and interoperate with any or all of these scenarios, but it requires a departure from the E.164
approach | described in Parts | and Il of this paper.

Single PBXConnected toOCS

When the organization has only one PBX and no DID numbers are provisioned on the PSTN trunk(s), you
can still integrate OCS with that PBX (in this case, | am assuming that OCS connects to the PSTN via that
PBX and there are no other Mediation Servers connected to the PSTN).

In this scenario, in OCS 2007 R2 you can use a non-E.164 non-globally unique format for the TEL: URIs of
OCS EV user s RADGwEEHEe“tbke: Aumber of digits ought

don’'t overlap with assigned P Beglomliy-unimséoimatns) . Al t e
tel:+<sharedE.164 number.ext=<extensior, where the <shared E.164 numbeisthe main PBX
number and <extension> is unique for that PBX's d

However, remember that when implementing this type of TEL: URI format you need to make sure that
your Media Gateway (or PBX if using Direct SIP) can understand this format, because the OCS E
TEL: URIl is used to populate the Calling Party number on the SIP INVITE sent to the gateway/PBX.

However, PBX’' s usual | ygatewnyfRBX wdll headtaktrigthe Gtél:4<sharedn | y, s o
E.164 numberext=" p a rptesenaamlgthe extension number to the PBX. On incoming calls to OCS

from the PBX, you will need either the gateway or an OCS Location Profile assigned to the Mediation

Server to normalize the Cal |lhetelg<shRradEflod’ s ext ensi on

numbep;ext=<extensior format so that Caller ID works properly against the OCS address book. (NOTE:
You will also need your ABS rules to normalize the extension numbers in the AD telephone field of both
OCS EV and PBX users to the tel:+<sharedE.164 number.ext=<extension format.)

For calls from OCS to the PBX, your Location Profile(s) will need a rule that matches the private

extension numbers of the PBX wusers, with a transf
extension number. For example, if the PBX used a 4-digit dial plan in the 1000-2000 number range, the

following table shows what the normalization and routing expressions for each URI scheme would look

like if the main PBX number was +14258250700:

URI scheme Normalization Normalization Route matching pattern

matching transformation

pattern expression
tel:+<extension> A[12\d{3})S  +S1 M+[12]\d{3}S
tel:+<sharedE.164 A[12\d{3})S  +14258650700;ext=S1 "\+14258650700;ext=+[12]\d{3}5

number;ext=<extensiorn»

For calls from the PBX to OCS, the PBX needs rules that match the extension numbers of OCS EV users

and route the call to the gateway (or Mediation Server in the case of Direct SIP). Depending on whether

you are using the tel:+<extension>r the tel:-+<shared H64 number>;ext=<extensioncheme, you will

al so need either the gateway rules or OCS’'s inbou
and Called Party numbers into a format compatible with the TEL: URI scheme you are using.
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Multiple PBXs <-> OCS
Integrating with multiple non-DID PBXs involve much the same concepts as above, but introduces

several new questions that you will need to address:

9 Do the PBX dial plans overlap?
9 Are the PBXs tied to each other?
9 Areyour AD telephone field entries ambiguous as to which PBX they belong to?

If the PBX dial plans overlap, this means that the same extension number could apply to users on more

than one PBX. Clearly, OCS needs some method to disambiguate extensions and route the call to the

proper PBX. How this is done will depend on whether those PBXs are tied together with TDM trunks or

whether they route to each other via the PSTN. If tied, then they will already be configured to use a
“steering” code prepended togeRaengi snPBXmWwbesheh
Party extension is on that PBX or another tied PBX. If the latter, the steering code routes the call to the

proper tie trunk and is subsequently stripped off before the destination PBX routes to call to one of its

extensions. In this situation, the concatenated <steering code><extension number> digit string

effectively disambiguates the overlapping dial plans.

I f the PBXs aren’t tied an drPBXcalsnsimplygsoueptipe®@STN andD|l D num
comeintothe r emote syst em’ -atendant/filVR tbetsame vaay cdlls from outdidet o
parties. In this scenario, the overlapping dial plans present no problem until you introduce OCS.

Consider, for example, the following scenario: Contoso Corporation has purchased a subsidiary named

Fabrikam, Inc. at another location, each has their own legacy PBX configured to use an overlapping 4-

digit dial plan, neither company wuses DID numbers
acquisition a WAN connection was established between the two entities. Contoso now wants to

implement OCS EV coexistence with the two PBXs using a Media Gateway/Mediation Server connected

to each PBX, and allow OCS EV users to communicate with PBX users in both sites. (NOTE: OCS 2007 R2

cannot be used to tie the two PBX systems together; calls that come in from one Mediation Server

cannot be routed out another Mediation Server.)

In this situation, OCS EV users cannot simply dial the PBX extension number of the person they wish to
reach, because the extension numbers alone do not contain sufficient information for OCS to make the
correct routing decision.

In this scenario, one workable approach to enable direct OCS<->PBX communications would be to do
the following steps:

1. Inthe Telephone number field in the General tab for each AD user object who has an OCS or

PBX extension, make sure that each PBX and OCS:¢
entered in non-ambiguous fashion. The best way would be to enter them in the &+<shared
E.164 number>;ext=<extensioumber“ f or mat , but any format that

ABS normalization rules to transform the extension numbersintothed bf 8 KI NER 9 dmc n
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number>;ext=<extensiorf> f owanaltd al so wor k. For exampl e, i
implemented the formatd f & K| NS R 9>OsegtensiofndnYber$ Bhis would be easy
to normalize. Contoso PBX users would have the main number of the Contoso PBX for the
<shared E.164 numbepart of their TEL: URIs, while Fabrikam PBX users would have the main
number of the Fabrikam PBX for the <shared E.164 numbepart of their TEL: URIs. The
<shared E.164 numbeferOCS EV users’ TEL URI s would depen:
outside calls to come in on (and could be split among the two PBXs if some EV users worked at
the Fabrikam facility and others at the Contoso facility).

2. Set up OCS Routes so that one matches any normalized Called Party number whose d bf & KI NB R
E.164 number " i soft hGdnt oso’s PBX and send the call t
connected to it, and the other Route so that it will matchthed bf & K NBR 9 dmént fdzyo S
Fabrikam PBX and route the call to the Mediation Server/gateway connected to it. Once this
has been done, OCS EV users will be able to click-to-dial any user in the OCS Address Book and
have the call route to the correct PBX.

3. To allow PBX phones to call OCS EV users (and to allow OCS EV users to dial PBX users using
digits instead of clicking-to-dial from the Address Book), you will need to implement a steering
code scheme. For example, you could instruct
the Contoso PBX extensions, “5” to OCS EV wuser
The Contoso and Fabrikam PBXs would be reprogrammed to recognize any 5-digit number that
began with a “5", strip it, and send the remai
routing to OCS (alternatively you could strip the steering code at the media gateway). A
Location Profile assigned to Contoso Mediation Server would normalize the 4 digits back to the
Gbr/ 2yiti2az t. - - Vydzyo SNy TnEaR( larn&E (080/S3 Avkoyuj d r out e
OCS EV user, and a similar rule would do the same thing on the Fabrikam Mediation server
using the Fabrikam PBX number if EV users were assigned to the Fabrikam site. OCS EV users
who dialed using extension digits rather than the click-to-dial from the Address Book would
prepend a “4” to fh€oaxwasowsiPBX msmbser anad a “6°
extensions. One again, you would assign to those users a Location Profile whose normalization
rules translatedt h e m b a cHshdran E.i.64 pumber>;ext=<extension>f or ma't bef or
OCS performed outbound routing.

In this scenario, if the Contoso and Fabrikam PBXs were tied prior to implementing OCS EV, then you
could get by with a single Mediation Server/Media gateway connected to just one of the PBXs and use
the tie trunk to route calls to/from the other PBX.

Dealing with Internal Operator Assistance

In the traditional PBX world, when a PBX phone user types a short number for the company operator or

receptionist( i n NANP geographies, thi s ) thesPBXdsrbgeammeda “ 0", b
to route the call to a designated extension (or hunt group of extensions).
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When integrating OCS with PBXs in a coexistence scenario with only one PBX (and assuming the
company operator is going to remain on that PBX system), if you want OCS EV users to be able to dial a
zero and reach that operator, the solution is easy: enact a normalization rules for each Location Profile

t hat merely adds a plus to a single dialed “0”, a
pattern and routesittotheMed i at i on Server connected to the PBX.
Medi ation Server or gateway if the PBX can’t hand

|dentity -Based Routing of Non-E.164 numbers

Earlier, in Part Il of this paper, | described how Voice Policies and Phone Usages allowed you to control
whether or not a user could place a call to a particular number, and if so, which routes the call could
take and in what order those routes would be tried.

Although this system works well for globally-unique E.164 numbers, how do you route a call to external
non-E.164 numbers when you have Mediation Servers in multiple locations and as a result there are
multiple possible destinations for the number dialed? For example, when the caller wants assistance
from a Telco operator; or when he/she dials service numbers (such as 411 or 911 in North America).

As discussed earlier in this whitepaper, an OCS EV user could be anywhere; OCS knows nothing about
the physical location of the caller when it needs to determine the proper location context of a non-E.164

Called Party number. Ho we ver , even tkhowwhetean &/Caer isllacaed, it kndws
who they are, and from that the OCS administrator can at least make the assumption that a user will
normally be dialing from his/he r  “ h o me ”  then gragtarn @CHtp malemodting decisions on

non-E.164 numbers based on that assumption.

Another option is to allow users to route special none.164 numbers themselves using manually-entered
steering codes, in the same manner as discussed earlier when calling extensions involving multiple PBXs.
These steering codes will be stripped off once OCS has routed the call to a specific gateway or PBX.

In OCS 2007 R2, there are two attributes assigned to each OCS EV user that can be used for automatic
route determination for non-E.164 Called Party numbers: Location Profiles and Voice Policies.

T Location Profile - Although the key purpose of Location Profiles is to transform non-E.164
numbers into E.164 numbers, they can do other types of digit manipulation as well, such as
prepending or appending steering codes to call strings. This makes it possible to transform them
into non-ambiguous numbers that can be matched by a Route pattern and sent to a specific
Mediation server, after which the steering code is stripped off by the gateway or PBX before
final routing. In this manner, you could have a non-E.164 number that would get routed
differently based on which Location Profile was assigned to the OCS EV caller. This method has
the advantage in that you can enable users to control route selection by using steering codes,
but the downside is that it requires end-user training.

9 Voice Policy - Although the key purpose of Voice policies is to designate which classes of Called
Party numbers you will permitted OCS EV users to dial and the preferred routing order of those
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calls, they can also be used to force a location context on an ambiguous non-E.164 number
pattern and thereby route it to a specific Mediation Server. For example, you can create
multiple Routes that all have the same matching pattern but each has a different Mediation
Servers assigned to it. Usage records can tie each of these to a different Voice policy, and thus
the Voice Policy assigned to the user determines the route the call will take. This method has
the advantage of not requiring any downstream digit manipulation (to strip off steering codes),
and is therefore the only feasible way when sending non-E.164 numbers to a SIP Trunking
Service Provider. It also eliminates the need for end user awareness of special dialing codes.

Multiple PBXs - Dialing Internal Operator Assistance

When you have multiple PBXs integrated with OCS, the company operator problem becomes more
complex. When an OCS EV user dials the code for an internal operator, whichcompany operator do you
want the call to route to? If your organization uses different operators by geography or by PBX, the OCS
administrator will have to (a) use Location Profiles or Voice Policies to route OCS EV users automatically
to a specific PBX operator (b) enact a steering code system that allows OCS EV to choose which PBX
operator they want to reach, or (c) do both.

I f you decide to expose and train users on the us
corporate headquarters company operator and “6 0"
subsidiary, then it makes more sense to use the Location Profile method.

Multiple PSTN BreakOuts - Dialing Telco Operators and Service Numbers

The same concept applies when dialing Telco operators and non-E.164 services numbers (such as 411 or
911 in the North American Numbering Plan). You can implement the Location Profile method (if you
have the capability of stripping the steering code digits downstream of the Mediation Server) or else use
the Voice Policy method.

Please note that while this gives OCS EV users a way to dial these numbers and successfully connect to a

Telco service for an assigned PSTN break-out point, this does not meet the requirements for North

American “Enhanced 911" (E911) or other -warmil ar s
training so that users know wherethes e number s wi | | route and, i f you’
codes, the proper way to dial these numbers to force OCS to route the service number at a specific

break out. Furthermore, if you are using a SIP Trunking service provider, most will not accept any sort of

service number, including emergency numbers.

Shunting External Non-E.164 Numbers to a Recording
In many situations, the best way to handle calls to external non-E.164 numbers from OCS is not to
handle them at all , [lydlowthetallfsl. not acceptable to si

Instead, set up OCS Location Profiles and Voice Policies such that calls to these numbers ring an OCS

Response Group, that plays a message telling the user that the call cannot be dialed from OCS and any

applicable alternate instruct i on s . For exampl e, if a North Americ
Location Profile would normalize the latter number to +911, and then you would create an OCS
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Response Group (Enhanced Hunt Group with an Empty Queue assigned to it) that had a TEL:URI of +911.

You’'d then assign a recording to it that played a
placed from the Office Communications Server system. Please hang up and dial 911 from a PBX
extension or from a cell phone”
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Appendix A : The North American Numbering Plan (NANP)

The North American Numbering Plan (NANP) is an integrated telephone numbering plan of 24 countries
and territories: the United States and its territories, Canada, Bermuda, and 16 of the Caribbean
countries. The NANP is a system of numbering plan areas (NPA) with three-digit area codes and seven-
digit telephone numbers that directs telephone calls to particular regions on a public switched
telephone network (PSTN).

The NANP number format is NPANXX<Station code>vhere:

T NPA(Numbering Plan Area code) = [2-9][0-8][0-9] (Each three-digit area code may
contain up to 7,919,900 unique phone numbers)

T NXX(Central Office or Exchange code) = [2-9][0-9][0-9] (Note: the last two digits of NXX
cannot both be 1, to avoid confusion with the N11 codes)

9 Station code: [0-9][0-9][0-9][0-9]

The country code for calling NANP numbers fromnon-NANP countries is always *“1
NANP number should be listed thus: +1 301 555 0100 (example using the Maryland area code).

Not to be confused with the NANP country code, "1" is also the code typically used to make direct-
dialed long-distance calls from within the NANP jurisdiction.

Dialing plans vary from place to place depending on whether an area has overlays (multiple area codes
serving the same area) and whether the jurisdiction requires toll alerting (a leading 1 for toll calls). The
NANP Administration's web site (http://www.nanpa.net/) includes dialing plan information in its

information on individual area codes.

In areas without overlays and without toll alerting, calls within an area code are dialed as seven digits
(7D), and calls outside the area code are dialed as 1 followed by 10 digits (1+10D). Most areas allow
permissive dialing of 1+10D even for calls that could be dialed as 7D. The number of digits dialed is
unrelated to whether a call is local or toll.

In areas with overlays, local calls are all dialed as 10D. In areas without toll alerting, all calls to numbers
within the caller's area code and overlay codes serving the same area can be dialed as either 10D or
1+10D, while calls to other area codes must be 1+10D. In areas with toll alerting, all toll calls must be
dialed as 1+10D. Most areas permit local calls to be dialed as 1+10D except for Texas and some
jurisdictions in Canada which require that callers know which numbers are local and which are toll,
dialing 10D for all local calls and 1+10D for all toll calls.

Special NANPService Numbers
Below are some common special NANP“ s er vi ce code” numlbaltogsheTelloat have
providing the service:
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Service Description

Number

0 Operator assistance.

00 Long distance operator assistance.

01 International Access Code using operator assistance. (For all destinations outside the NANP)

10x xxxx Used to select use of an alternative long-distance carrier.

211 Community information or social services.

311 City government or non-emergency police matters such as noise complaints, suspicious people,
minor injuries and non-working streetlights and parking meters, etc.

411 Local telephone directory service (Some telephone companies provide national directory
assistance on 411, or else you need to call (Area Code) + 555-1212 to reach non-local directory
service)

511 Traffic, road, and tourist information or reads back the number you are calling from (i.e. drop line
ID) (In some cities and states)

611 Telephone line repair service (Some telephone companies use this instead of 4104 or 811). Also
used by mobile telephone companies to reach customer service.

711 Relay service for customers with hearing or speech disabilities.

811 "Dig safe" underground pipe safety line in the United States, non-urgent telehealth services in
Canada.

911 Emergency dispatcher for fire department, ambulance, police etc.
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Appendix B : Dealing with Communicator Phone Edition Off -
Hook Dialing

Office Communicator support en-bloc (i.e., cell phone style) dialing where the full number is typed in (or

supplied by click-to-dial) before the number is sent to the OCS pool server. However, Communicator

Phone Edition (CPE) devices (such as the Polycom CX700) also support overlap dialing (also known as

“ofidok dialing” or “ghblic& diah”hook” addi altiomg 1t oTlei
organizations that employ CPE phones must plan for overlap dialing when crafting the Location Profile

normalization rules.

Unlike PBX phones which use an inter-digit timer that holds sending the call to the PBX until the timer

has expired, when the user performs off-hook dialing with CPE phones, normalization rules in a the

user’'s Location Profil e (doaiwndewlaatkellthornmlivdtion rueshe on t
after each digit is pressed. This can cause issues because overlapping patterns can trigger a number to

prematurely normalize to the wrong number and dial before the user has finished entering digits. The

problem is particularly problematic with internal extension and calls to short non-E.164 numbers.

For example:

1 The rule [*9425(\d{7})$ +1425$1] translates a 10-digit telephone number starting with 9425
into an 11-digit number starting with +1, converting 94255550100 into +14255550100.

1 The rule [*\d{5})$ +125355$1] translates a 5-digit telephone number into an 11-digit number
starting with +125355, converting 90101 into +12535590101.

When a user dials the number 94255550102, as soon 94255 is entered, a match is detected with the
second rule and a call is initiated (that is, a SIP INVITE request is sent) to +12535594255.

To avoid this issue in Office Communications Server 2007 RTM, the OCS administrator could insert the

charactersequencet? at t he end of the second rule’s matching
ignored by Communicator Phone Edition.

Fortunately, some new capabilities in OCS 2007 R2 make this easier to accommodate. Specifically:

9 The administrator can define an external access prefix for the location profile to help
disambiguate the overlapping rules.

1 The administrator can flag the rules that map to internal enterprise phone numbers.
These changes have the following effects:

9 If the first digit dialed by a user matches the external access prefix (configurable to be any digit,
but commonly a “9” or a “07), the Ctdgedsskevi ce I
InternalExtension. For example, if to organization uses a 0 for outside line access and a user
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dials 08005551212, the first zero is removed by the device and the call is handled as a 10-digit
toll-free call.

9 If the administrator wants some rules to apply to Office Communicator but not to CPE devices,
those rules can be tagged with the doNotdialFromDevice flag, which causes the device to ignore

those rules when it performs rule matching. (Note: the t? character sequence described
previously can be removed from the regular expressions because it is no longer necessary.)

NOTE: Even t hough t he EnfeprSe Vit Rotte Helper drposesahase eve Ki t ' s
capabilities, the number testing capabilities in the tool do not recognize these new features. The only
way to test is to upload the profile to OCS, send it to a CPE phone (via in-band provisioning), and test

from the device.
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