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1. Scope
This document is intended to detail a typical installation and configuration of a gateway from the Dlaloglc 4000
Media Gateway Series if used to interface between a PBX or the PSTN and the Microsoft® Office

Communications Server (OCS) 2007 application. Note that the term “gateway” is used herein to generically refer
to a gateway from the Dialogic 4000 Media Gateway Series.

2. Configuration Details

Listed below are the specific details of the gateway used during testing to construct the following documentation.

21 Gateway

Gateway Series Dialogic® 4000 Media Gateway Series

Software Version(s) Dialogic® Diva® System Release software version 8.3.2 build 459
(formerly called Diva® Server software)

Dialogic® Diva® SIPcontrol™ Software version 1.6 build 46
(DSSIPControl.msi)

Protocol T1 (NI2, QSIG, 5ESS) or E1 (QSIG, EurolSDN)

2.2 System Diagram

The diagram below details the setup used in the testing and creat|on of this technical document. In the diagram,
the abbreviation “DMG4000” denotes a gateway from the Dlaloglc 4000 Media Gateway Series. The term
“OCS” stands for Microsoft® Office Communications Server (OCS) 2007 both in the diagram and throughout the
document.

TDM Stations OCS Clients
2410 2401 5100 5101
< -~

PBX DMG4000 OCS Server
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3. Prerequisites

3.1 PBX Cabling Requirements

Cabling for PRI connections must be CAT5e or better. A standard voice quality cable will not provide the
appropriate signal quality and will cause the gateway to have issues establishing a connection on the D-channel.
If connecting the gateway directly to the PBX, it may be necessary to use a T1 crossover cable (Pin 1 is
connected to Pin 4 and Pin 2 is connected to Pin 5). The crossover cable is only necessary if the alarm light on
the front of the gateway remains lit red after connecting the gateway to the PBX.

4. Summary of Limitations
No limitations noted.

5. Gateway Setup Notes
Steps for setting up the gateway:

1. Add the gateway to Mlcrosoft Office Communications Server (OCS) 2007.
2. Configure the Dlalog|c D|va Media Board drivers.
3. Configure the Dlaloglc Diva® SIPcontrol™ Software.

5.1 Adding the Dialogic® 4000 Media Gateway Series to the Microsoft® Office Communications
Server (OCS) 2007
It is necessary to add the gateway into the Active Directory containing the OCS environment:

1. Add the gateway to the OCS domain.
2. Add the Microsoft® Mediation Server on the gateway to OCS as follows:
e Open a command prompt on the gateway.
e Change the directory to: c:\program files\common files\microsoft communications server 2007 .

e Execute:
o lcscmd.exe /MedSrv /Action:Activate /Password:<Password-of-RTCComponentService-
Account>

o It might be necessary to also add a username for the RTC component service account. To
do this add a /User:<user name>.
3. Open the OCS MMC on the gateway:
e Start > Settings > Control Panel > Administrative Tools > Office
Communications Server.
e Request, retrleve and import a certificate from a CA (Certificate Authority) and add it to the
Microsoft® Mediation Server. Refer to the OCS documentation for more information.
Note: This step needs to be done while you are directly logged onto the gateway. It cannot be done
using the MMC of the OCS on another PC in the domain.
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5.2 Dialogic® Diva® Media Board Configuration

The Diva Media Boards are configured in the Dialogic® Diva® Configuration Manager. To open the Configuration
Manager, click:

Start > Programs > Dialogic Diva > Configuration Manager.

Note: In some instances within the software and documentation, Diva Media Boards are referred to as “Diva
Server adapters”.

A screen similar to the one below will appear.

¥ Active Configuration - Diva Server Configuration Manager
Fle Ede Insert | yiew Toos Heb

D@ E| & vooer B2 x|
v Sahs

Bar

Property [ value =
Line Type: P Line (23 B-Charinels)
:Swiitch Type =
diva, <P Type Gereric
& sy Standard Ao
E--Cel Reference Format | Standard
Interface Type Point-to-Poink (Standard)
Cirect Dial In {NT2) Mo
Mumber Type Fange of Extensions
; Lowesk Extension oo
*Highest Extersion 999
TET 0
Layer 2 Conneck Mode Permanent
Woice Coding Protocod Default
Operation Mode TE - Terminal Equipment {Recommendsd)
Fractional Line o
iGenerate Ring Tones ch_;?
Device Mode Standard
Ercoded Signal Power Limiter |Protocel Default
Discormect on Progress Protocol Defaut
Trareparert Facilby FF
Rerouting on
PR Irwite Ff
Redirecting Numbar Emua... |Disabled
DTMF Clamping Ff
Recarding A5C O
Dial Pulse Detection CFf
ECT Emulation Disabled (Handled by Metwark)
Limk Call Rate OFF
See legal notice in Reference Guide,
Configure the line-spectic properties here.
To assign the configured directory numbers to the services, select the bindings between
services and sdapters. =

Shows o hides advanced settings. v

Note: The number of TDM circuits varies depending on the Dialogic‘@ 4000 Media Gateway model that is used.
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For this setup:
e Click the icon of one PRI line.
e Set the property switch Type to the ISDN protocol that your PBX or telco supports. Common choices

are:
NI2 USA/Canada, Nortel DMS 100 (National ISDN)
5ESS USA/Canada, AT&T 5ESS (Custom ISDN)
Q.SIG PBX, Q-SIG T1
EurolSDN Europe/other countries, Euro-ISDN (ETSI-DSS 1)

Note: If you select PBX, 0-SIG T1 as Switch Type, you need to select the PBX Type from the
dropdown menu below. If your PBX is not listed in this dropdown menu, select Generic, which will use
a standard Q.SIG suitable for most PBXs.

o Configure the switch type of the other PRI lines as described above.

e To activate the changes, click File > Activate.

e Restart the computer if you are asked to do so.

e To test the connection with the PBX or the PSTN, see the Dialogic® Diva® Line Test tool on page 30 for
more information.

5.3 Dialogic® Diva® SIPcontrol™ Software Gateway Application

The Diva SIPcontrol software is configured via the web-based interface. To open the web interface, click Start
> Dialogic Diva > SIPcontrol Configuration.

On the main page, click the sTpPControl link to display the different configuration menus.
The PSTN Interface Configuration section should automatically include all ports detected in the system.

Note: If you do not see any detected ports, you may need to add http://127.0.0.1 as a trusted site. From
Microsoft® Internet Explorerﬁ, click Tools > Internet Options > Security > Trusted Sites. Use
http://127.0.0.1:10005 to get to the configuration.

In order for the Diva SIPcontrol software to route calls, the proper routes must be created and configured. Each
route consists of a source interface and a destination interface. PSTN controllers and SIP peers are considered
either a source interface or a destination interface depending on the call direction.

The following components need to be configured:

PSTN Interface

Network Interface

SIP Peer

Routing

Number Normalization (either an Address Map or a dialplan)
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If you have a simple phone numbering scheme, all numbers are of the same number exchange (ex 973-967-
1xxx). It may be possible to use a dialplan to configure the gateway rather than an Address Map. In North
America it is more common to need to use Address Maps.

5.3.1 PSTN Interface

The PSTN Interface Configuration shows the available T1 or E1 interfaces and enables you to configure
them separately for Address Maps and dialplans. It is also possible to disable interfaces that are not in use. To
disable the interfaces that are not in use, click the check mark in the Enabled field to delete it.

PSTH Interface Configuration
Name Nr Hardware Description channels  Dialplan Enabled
Contrallar! 1 EE:DFDIEI)iga ServerV-2PRIENTT - FORT 1 23 lm v Details |
Contrallar? 2 Eirz??u?iga ServerV-2PRIENT1 - FORT 2 24 lm v Details |

5.3.2 Network Interface

The Network Interface Configuration displays the network interface connections that are available for
use by the Dialogic® Diva® SIPcontrol™ Software. You need to enable the IP address that the Diva SIPcontrol
software should listen to. Since the Mediation Server is co-resident on the gateway enable the network interface
connections of the main gateway.

Since the Microsoft® Mediation Server and the Diva SIPcontrol software share the same network interface
connections, it is necessary to configure them to listen and broadcast on different TCP ports. For the main
gateway network interface connection, configure the TCP listen port to be an unused port like 9803. Enter this
numberin SIP Listen Port.

Metwork Interface Configuration
Mame Device IP Address Protocol SIP Listen Port Enabled
[intellF) 82554EF, PCI Adapter Intel(R) 3265+ER PCI Adapter 192.168.1.9 al x| [soen r
[IFtel(R)PROTO0 M Metwork Cormes | Intel(R) PROMADD M Nebwork Connaction 182168110 [l =]  [9803 ~
|Loca| Loopback Interface Local Loopbadk Interface 127.0.0.1 al - IW r
RTF Start Port [so000
RTF End Fort: [4ooon—

Jditterbuffer Size Min [ms]:

1

Note: Take note of the STP Listen Port number because you need it for the configuration of the Microsoff®
Mediation Server.
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5.3.3 SIP Peer

Add a SIP peer to point to the Microsoft® Mediation Server. To do so, expand the SIP Peer Configuration
menu and click 2Add. Inthe Edit SIP Peer Configuration window, configure the following:

E'_‘"."Edit Peer - Windows Internet Explorer
& hktpey 127,000 1:10005) sipcontrol_peer_editfid=Med server
1=
Edit SIP Peer Configuration
Marme: IMediatiDn Server
Feer type: | M5 OCS 2007 / Mediation Server =
Host: [192168.1.10
Port: IW
IP protocal: m
Domain: |
Done I_I_I_I_I_mla Internet | 100% vj

e Name: Enter a name for the SIP peer, e.g., Mediation Server

e Peer type:SelectMs 0CS 2007 / Mediation Server from the dropdown menu.

e Host: Set the IP address on which the Microsoft® Mediation Server is listening. On the gateway, it is the
gateway’s IP address.

e Pport: Set the broadcast port that the Diva SIPcontrol software uses to communicate with the Microsoft®
Mediation Server. It is the port on which the OCS Server listens.

e IP protocol: Select TCPp for the Microsoft® Mediation Server.

¢ Click Ox to save the settings.

5.3.4 Routing Configuration

Inthe Routing Configuration menu, you need to create two routes, one for the inbound direction (TDM to
IP) and one for the outbound direction (IP to TDM). These routes together will connect a SIP peer and a PSTN
interface. After the number normalization is configured you will need to return to these routes and add the
Address Map or dialplan. To configure the routes, expand the Routing Configuration menu and click Add.
In the Routing Configuration window, configure two routes; one for IP to TDM (outbound) and one for
PSTN to IP (inbound).
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(C:'Edit Routing Entry - Windows Internet Explorer

& | http:ff127.0.0,1:10005/sipcontral_routing_edit?id=0CS o PSTH {outbound)

Edit Fouting Sonfiguration
Marne: |OCS to PSTN [outbound)
Direction: [SIPtaPSTH =]

Select sources

Mediation Server i~

Loadbalancing / Failover
select destinations
Master Slave

Controller i~ I~

Max. call atternpts for this route in a failover
SCenario;

ID (0 = try all selected destinations)
tion For Condition Pro

Murnber farmat: |Unchanged vl

Encoding: IUse tupe flag vl

Conditions

‘ Called numbar ‘ Calling number ‘ Redirect number

|

Address Manipulation

Address map: Inone 'I

m Cancel |

|D0ne l_l_l_l_l_ﬁ|@ Internet | A% g

For the IP to TDM (outbound) route, configure the following:

e Name: Enter oCS to PSTN (outbound).

e Direction: From the dropdown menu select SIP to PSTN.

e Select sources: Enable the Microsoft® Mediation Server as source.
e Select destinations: Select Controllerl as master destination.
e Click Ox to save the settings.

Click aad to configure the PSTN to IP (inbound) route:

e Name: Enter PSTN to 0CS (outbound).
e Direction: From the dropdown menu select PSTN to SIP.
e Select sources: Select Controllerl as source.
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e Select destinations: Select Enable the Microsoft® Mediation Server as master destination.
e Click ox to save the settings.

After both routes are configured, the Routing Configuration display should look like the picture below.

Routing Configuration

Name Sources Destinations Address Map Enabled

Mediation Cantraller = .

QCS to PSTH (outhound) Server Master) Inone I = T | L | Details | Delete |
) Mediation Server .

PSTHN to OCS {inbound) Cantraller Masten |none vl i T | A | Details | Delete |

Add

5.4 Number Normalization

There are two methods to do number normalization; via a dialplan or with the help of Address Maps. If your PBX
dialplan is not very complex, or to just get started, a dialplan may be used. For most PBX using multiple DID
ranges or fractured DID ranges, it is necessary to use Address Maps.

Note: Do not enable both a dialplan and an Address Map at the same time.

5.4.1 Dialplan

A dialplan allows you to enter details about your numbering scheme specific to the location of the gateway to
enable the Dlaloglc Diva® SIPcontrol™ Software to either add digits to a number it receives from a PBX before
being sent to OCS or remove numbers it gets from Microsoft® OCS so it can be sent to the PBX in a dialable
format. Microsoft® OCS will always send an E.164 number to the gateway. With this number, the gateway needs
to determine if it is an internal extension that should be dialed as a 4 digit number or an external number that
needs to have a trunk access number appended to it prior to sending it to the PBX. The dialplan defines what
the basic number formats look like to enable this conversion. In setting the dialplan, you define the different parts
of a number, national prefix, area code, base number, and number of extension digits.

Add a dialplan from Dialplan Configuration. Complete the settings and click ox. For the dialplan below,
the following phone number characteristics are used:

National Prefix: 1
Area code: 716
Base number: 639
Extensions: 4 digits
Access code: 9

10
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a http://127.0.0.1:10005 - Edit Dialplan - Microsoft Internet Explorer

Edit Dialplan Configuration
Marne: |Dialplan 716
Country code; 1
Maorth-American numbering plan: I
Area code: I?‘I G I\Au"\th national prefi ;I
l—
l—
l—
l—
Other local areas —
l—
l—
l—
l—
Basa number: |633
Maximurm extension digits IE
International prefic Jon
Mational prefix J1
Arcess code |9
FPETH access code provided by SIP caller: I
Incoming PSTH access code provided by PEX o =
[ o o M -]
&loere ] e

e Enter the local Country code (1 for North America).

e Enterthelocal Area code.
Enter the Base number of your DID phone numbers. This is the non-variable portion of your DID numbers.

]

e Enter the number of extension digits.

o Enter the prefix necessary to dial an international call.
o Enter the prefix to dial a national call.

L]

e Click Ox to save the settings.

Enter the trunk access number to get an external line on the PBX if necessary. (9 for North America).

For a dialplan to be applied to outbound PSTN calls, click Details on the PSTN controller.

PSTH Interfa >onfiguration
Mame M
Controllert 1

Hardware DescHption Channels Dialplan Enabled
Dialagic Diva PRIUT1-24 PClv3 I—LI -
SNy 1086 23 FioeE i~ Dretails |

11
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The following window opens:

{2 Edit PSTN Interface - Windows Internet Explorer =l 3
& | http:/f127.0.0.1:10005/sipcontral_controller_edit?id=Controller

ral Configuration

Hardware description: Dialogic Diva PRIT1-24 PClv3 SM: 1065

PSTH interface number: 1

Mame: IConlmIIer‘I

Address map inbound: | nore |

Address map outhound: | nore x|
Address Mormalization

Dialplan: Im ||

Mumber farmat (outhound): Im

Encoding {outhound): IWI

Default numbering plan: Im

PSTHM Call Transfer Settings

The Call Transfer settings depend on the capabilities of the communication platform (PBX, switch)

Blind Call Transfer (A- and C-Party on PSTHN side)

Transfer type: IWlth consulation call [E=plicit Call Tranzter] LI _I
-

|Dona l_ l_ ’_ l_ l_ m @ Intermet | ""'\ 100% ~ 2

Configure the Address Normalization settings as follows:

e Select the Dialplan you have just created.

e Set the numbering format to Extension.

e Setthe encoding to Use Prefixes.

e Setthe Default numbering plan to unknown.
o C(Click ox to save the settings.

This configuration converts the dialed numbers from OCS into the format based on the dialplan so the PBX will
be able to dial the number.

For a dialplan to be applied to inbound SIP calls, click Details on the SIP Peer.

SIP Peer Configuration

Default Displa
Name SIP to PSTN  Host Port 1P Protocol | °P ¥ pialplan Enabled
Peer
NEEIEEn | (g 192188110 5060 TCP [rone -] W Detals | Delete |

Server

12



Dialogic® 4000 Media Gateway Series Integration Note

The following window opens:

Address Normalization

Dialplan: IDiaIp\an 716 'I

Mumber farmat (outbound): temational nu
Encaoding {outhound): |Use type flag vI

OK Y Cancel

Configure the Address Normalization as follows:

e Dialplan: Select the dialplan, you configured in Dialplan on page 10.

e Number format (outbound): From the dropdown menu, select International number.
e Encoding (outbound): From the dropdown menu, select Use type flag.

¢ Click 0Ox to save the settings and to close the window.

e Click save on the main page for the changes to take effect.

This configuration converts the phone numbers into the E.164 format needed by OCS.

5.4.2 Address Map

The Address Map entry uses regular expression (as does OCS) for converting the call address format for
inbound or (and) outbound direction.

Note: Call address for outbound calls (IP to TDM) includes “@hostname” part. For example,

+17166391234 @ DMG4000.bufocs.local is the call address, not just +17166391234. For inbound calls (TDM to
IP), call address is the called or calling number with the possible addition of the prefix +, N or S. For example, an
inbound call has called number 1234 with ISDN type of numbering flag set to Subscriber, and calling number
49715233334444 with ISDN type of numbering flag set to International. The called address will be S1234 and
calling address will be +49715233334444. If ISDN type of numbering flag is set to National, prefix N will be used
with the call number. If type is Unknown, no prefix is used. This is important to know before applying RegEx
rules in Address Map.

5.4.2.1 Outbound calls (VolP to TDM):

OCS sends the E.164 dial number format to the gateway. Both called and calling numbers need to be converted

to a format that the PBX can accept. Using the same PBX dialplan as in the previous section, the following

conversions are needed:

¢ Inthe “non-DID internal” rule, the gateway will automatically extract the number string following the “ext” field
of the Invite and pass it to the routing table. Because of this mechanism it is only necessary to pass the
extension in the CPID manipulation.

o The “Internal” rule will extract the last 4 numbers from the right side to create a 4-digit extension to be dialed
on the local PBX.

e The “National” rule adds the trunk access number to the 11 digits following the “+”. Depending on your
configuration, this can be changed or deleted.

13
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e The “International” rule adds the trunk access number (in our case 9) and the international access number
(e.g., 011). If necessary, you can change or delete the trunk access number.

Calling number From OCS To PBX
Internal +1716639xxXxX 716639xxXxx
Called number From OCS To PBX

4-digit extention from | +17166391000;ext=xxxx | XXXx
non-DID number

To Internal +1716639xxXX XXXX
To National + T XXXXXXXXXX 91 XXXXXXXXXX
To International +XXX. .. XXX 901 1XXX...XXX

Below are the regular expression for the conversion tables above:

Sub rule name Expression Format Stop on match
Calling number N+1(716639\d{4}) $1 Not checked
Called - non-DID N+17166391000\;ext\=(\d{4}) | $1 Check

Called - Internal N+1716639(\d{4}) $1 Check

Called - National A\+1 91 Check

Called - International | N+ 9011 Check

The graphic below shows the Address Map entries for outbound calls.

ap Configuration

Mame Rule Name Stop on Match Enabled

Calling Mumber - v T | i | Dretails I Delsts |
Called - non-DID Il e T | I | Dtails I Delste |
Called - Internal Ird = + | 1 | Dretailz I Delete |
v v
v v

Outhound (WolP to TOM)
Called - MNational

) | 1 | Dretailz I Delete |
T | 1 | Dretails I Delete |

Called - International

Add Rule I

The order of the above 5 sub rules and the Sstop on Match check mark are important.

14
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Below is the first sub rule, Calling Number, that converts a E.164 calling number into 10-digit national number.

7 Edit Address Map - Windows Internet Explorer M =]

& | http:ff127.0.0.1:10005/sipcontrol_addressmap_edit?id=0utbound (YoIP to TDM)&ddZ=Calling Mumber

Address map name: |E|utbound [WalP to TOM)
Rule natre: |Calling Mumber

Called address expression: |

Called address farmat: |

Calling address expression: |"\+1[?1 BEITHA4}]
Calling address farmat: |$1

Redirect address expression: |

Redirect address format: |

Stop on match: -

MOTE far call address farmats:

- Addresses received fram PSTH {or those narmalized via dialplan) are written as
"={=H551234" where =}= represents the number type and may be either

"+ {international), "M" {national), "5" (subscriber) or empty (unknown).

- Addresses received fram SIP are wiitten a5 userinfo@damain tid, like in the
respective SIP headers.

0K Cancel

|

|D0ne ’_ ’_ l_ l_ l_ m |e Internet | HA00% v g

15
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The following sub rule, Called — Non-DID, extracts the 4-digit extension following the E.164 “ext=" field.

{ZEdit Address Map - Windows Internet Explorer =] B3
& | htkpif127.0.0,1: 10005 sipcontrol_addressmap_edit?id=0utbound (YoIP to TOM)&id2=Called - non-DIC ~

Edit Add
Address map name: |Dutbound [olP to TDM]
Rule name: |Called - nonDID

Called address [F+17166397 000" et vda}]

EXpression:

Called address farmat: |3
Calling address |
EXpression:

Calling address format: |
Redirect address I
EXpression:

Redirect address format: |
Stop on match: I~

MOTE for call address farmats:

- Addresses received from PSTR (or those normalized wia dialplan) are written
as "=X=85581234" where <X represents the number type and may be either
"+ {international), "N" {national), "S5" (subscribery ar empty (unknown).

- Addresses received from SIP are written as userinfo@domain.tid, like in the
respective SIP headers.

Ok Cancel

[

[pone [ [ [ [ G meermet EST

16
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Following is the third sub rule, Called - Internal, that converts E.164 for internal called number into 4-digit
extension.

{ 'Edit Address Map -

indows Internet Explorer M= E3
=Cutbound {YoIP to TDM)&idz=Called - Internal

10005 sipcontrol_addressmap_edit

Address map name: |Dutbound [%olF to TOM]
Rule name: |Called - Internal

Called address expression: |"\+1?18839[\d{4}]
Called address format: J#1

Calling address expression: |

Calling address format: |

Redirect address expression: |

Redirect address format: |
Stop on match: I

MOTE for call address formats:

- Addresses received fram PSTH {or those narmalized via dialplan) are written as "=x=5551234",
where <= represents the number type and may be either"+" {international), "K" (national),

"5 {subscribery ar empty (unknow).

- Addresses received from SIP are written as userinfo@domain.tld, like in the respective SIP
headers.

OK | Cancel

|

|D0ne l_ l_ l_ l_ l_ m |— Internet | H100% * g
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The following sub rule, Called — National, is for converting an E.164 national number into 10-digits national
number with prefix 91.

6;' Edit Address Map - Windows Internet Explorer

Address map name: |Dutbound [0l to TOM)
Rule name: |Called - Mational

Called address expression: |"\+1

Called address format: |91

Calling address expression: |

Calling address format: |

Redirect address expression: |

Redirect address farmat: |
Stap on match: i~

MOTE for call address formats:

- Addresses received from PSTM {or those normalized via dialplan) are written as "=x=5851234",
where =X= represents the number type and may be either "+" {international), "M" (national),

"S" (subscriber) or empty (Unknown).

- Addresses received from SIP are written as userinfo@domain tid, like in the respective SIP
headers.

Ok Cancel

=
|Done l_ l_ l_ I_ l_ m |— Internet | HI00% v g
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The below rule converts an international called number by prefixing 9011.

Zf' Edit Address Map - Windows Internet Explorer [_ O] =]
& | httpiff127.0,0,1:10005)sipcontrol_addressmap_edit?id=0utbound (WoIP to TOM)&id2=Called - International

Edit Add Configuration
Address map name: |Dutbound [0l to TOk)
Fule name: |Ealled - Intermational
Called address expression: |"\+
Called address format: J9011

Calling address expression: |
Calling address format: |
Redirect address expression: |
Redirect address farmat: |
Stop on match: I

MOTE far call address formats:

- Addresses received from PSTM {or those normalized via dialplan) are written as "=xX=5551234",
where <:= represants the number tvpe and may be either "+" {international), "N" {(hational),

"8" (subscriber) or empty (Unknown).

- Addresses received fram SIP are written as usetinfo@damain tid, like in the respective SIP
headers.

Ok Cancel

[

|Done

T T T [&ememns ESTR

5.4.2.2 Inbound Calls (PSTN to VolIP):

These examples assume that the PBX sends the inbound calls using 4-digit extensions. The rules will
need to be modified if your PBX is sending different number of extensions.

Converting the called party number to E.164 format.

It is not necessary to convert the called party number to E.164 before it is sent to OCS, as the
existing normalization rules in OCS will take the number the gateway is receiving from the PBX, and
normalize it to the correct format.

Converting the calling party number to E.164 format.

If you want OCS to be able to do a reverse look up in the global address list (GAL) or in the users
contact list, it is necessary to have the gateway convert the calling party number to E.164 to match
the format in the GAL. This manipulation of the calling party information depends on the information
that the gateway receives from the PSTN or PBX.

Removing the ISDN number type indicator.

Dialogic® Diva® SIPcontrol™ Software appends the ISDN call type (N = National, + = International
and S = Station) at the beginning of calling, called, and redirect numbers. Therefore, it is necessary
to have a rule to remove these, as OCS does not make use of them. Here are a few examples of
necessary conversions and the rules to achieve the needed conversions.
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Called number From PBX To OCS
All types [N,S,+]xxxx XXXX
Calling number From PBX To OCS
Calling from internal XXXX +1716639xxxx
Calling from national XXXXXXXXXX + 1 XXXXXXXXXX
Calling from international | xxx...xxx +XXX. .. XXX
Sub rule name Expression Format Stop on match
Remove ISDN type AINS\+]? Not checked
Called
Calling
Redirect
Calling - internal AN\d{4)$ +1716639$1 | Checked
Calling - national A\d{101)$ +1$1 Checked
Calling - international (.") +$1 Checked

Create an Address Map named Inbound (TDM to VolP) and its 4 sub rules as shown below.

Addres

Map Configuration

MName

Outhound (YolP to TOM)

Inbound {TOM ta WalP)

Rule Mame

Calling Mumher
Called - non-DID
Called - Internal
Called - Mational
Called - International
Add Rule I

Remave [SDM type
Calling - internal
Calling - national

Calling - international

Add Rule I

20

Stop on Match

r

U4 B B

U I |

Enabled

EUE R Y

) | 1 | Dretails | Delete I
) | 1 | Dretail: | Delete I
T | 1 | Details | Delete |
T | 1 | Details | Delete I
T | 1 | Details | Delete I

T | 1 | Details | Delete I
T | 1 | Details | Delete I
T | 1 | Details | Delete |
T | 1 | Details | Delete I
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The rule below removes Dialogic® Diva® SIPcontrol™ Software’s marking for the ISDN number type for the
called number, calling number, and the redirect number if there is one. If OCS does not make use of it, it is
removed.

(ﬁ?Edit Address Map - Windows Internet Explorer [ (O] x|
£ httpif127.0.0,1:10005 sipcontrol_addressmap_editfid=Inbound (TOM to YoIPMid2=Remove ISON bype

Edit Ad figuration
Address map name: |Inb0und [TDM to*olP)
Rule narme: |Hemove IS0 type
Called address expression: |"[NS\+]?
Called address format; |
Calling address expression: [NSh?
Calling address format: |
Redirect address expression: ["INSs1?
Redirect address farmat: |
Stap an match: -

NOTE for call address formats:

- Addresses received fram PSTH {or those normalized via dialplany are written as
"=HEA551234" where <M= represents the number type and may be either

"+ {international), "M" {national), "8" {subscriber) or empty (unknown).

- Addresses received from SIF are written as userinfo@domaintid, like in the respective
SIF headers.

Ok Cancel

[-|

|Done l_ l_ l_ l_ l_ m @ Inkernet | A% v g
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The second rule converts a 4-digit calling number into an E.164 format to enable OCS to perform a reverse look-
up on the calling party.

(C;' Edit Address Map - Windows Internet Explorer

Address map name: |Inbound [TOM toWolF)

Rule name: IEaIIing - internal

Called address expression: |

Called address farmat: |

Calling address expression: |"[\d{4}]$

Calling address farmat: |+171653341

Redirect address expression: |

Redirect address farmat: |
Stop on match: I~d

MOTE for call address formats:

- Addresses received from PSTH (or those normalized via dialplan) are written as
"=x=5551234" where == represents the number type and may be either

"+" {international), "MW" (national), "8" (subscriber) ar emply (unknown).

- Addresses received from SIP are written as userinfo@domaintid, like in the respective

SIP headers.
Ok Cancel

=
[pone l_ l_ l_ I_ l_ ’ﬁ |&h meernet [®i00% - 4
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Like the previous rule, this rule also converts the calling party to E.164 format; but this is looking for a 10-digit

external number.

{jEdit Address Map - Windows Internet Explorer

Edit A
Address map name: |Inb0und [TDM to*olP)
Rule name: |Calling - national
Called address expression: |
Called address format: |
Calling address expression: Proapons
Calling address format: [+151
Redirect address expression: |
Redirect address format: |
Stop on match: -

MOTE for call address formats:
- Addresses received fram PSTM (ar those normalized via dialplan) are written as

"=x=5551234" where == represents the number type and may be either"+" {international),

"W (national), "5" (subscribern ar empty (unknown).

- Addresses received fram SIP are written as usarinfo@domain tid, like in tha respactive

SIP headers.
Ok Cancel

[-|

|Done

DT T T T3 mtemet

[®o0s - o
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This final inbound rule converts the calling ID for an international caller into E.164 format.

MOTE for call address formats:

"S" (subscriber) or ernpty (unknown).

headers.

Edit Addr ;onfiguration
Address map narme: Jinbound
Rule name; |Calling- International
Called address expression: |
Called address format; |
Calling address exprassian: (4
Calling address format: |+81
Redirect address expression: |
Redirect address format: |
Stop on match: I~

- Addresses received from PSTH {ar those normalized via dialplan) are written as "=X=55481234"
where =X= represents the number type and may be either "+" {intermatianal), "M" {national},

- Addresses received from SIP are written as userinfog@domain tid, like in the respective SIP

Cancel

|@ Done

N

l_l_l_ ’_ |_|° Internet

5.5 Applying an Address Map to a Route

After you created the inbound and outbound Address Maps, it is necessary to link them to the inbound and
outbound routes. To do so, expand the Routing Configuration dialog and in the dropdown menu under
Address Map select Outbound (VoIP to TDM) for the outbound route and Inbound (TDM to VoIP) for
the inbound route as shown in the graphic below.

Routing Configuration
Mame Sources
OCE to PSTN (Outhound) e
Server
FSTH to OCS (Inbound) Controllert

24

Destinations Address Map Enabled

Controller i

(Master) | Dutbound alP o TOM) | @ T | ! | Details | Delete I

Meditaion Server _

(Masten |Irbound [TDM ta Vel >| ¥ 1111 petais | Delete
Add
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5.6 Saving the Settings

After you made the changes, you need to save the configuration. To save the configuration, scroll down to the
bottom of the main page and click save.

Dialegic

HOME SIPcontrel Configuration REFERENCE GUIDE LOGOUT

PSTH Interface Configuration <
(=] Configuration
SIPcontrol » Metwork Interface Configuration <
Fassword
SIP Peer Canfiguration <
ﬁ System Routing Configuration <
Serice Status
Dialplan Configuration <
Licensing .
Address Map Configuration <
License Managerment
Cause Code Mapping Caonfiguration <
Systern Settings <

5.7 Restarting the Dialogic® Diva® SIPcontrol™ Software

Note: A restart of the Diva SIPcontrol software service is needed only if the settings under Network
Interface were changed.

Save the configuration and restart the Diva SIPcontrol software service for the changes to take effect. To do so,

click service Status on the left hand side of the main configuration page, and then click Restart
SIpcontrol. The Last operation log will show that the service has been stopped and started again.

Dialegic.

HoME Service Status REFERENCE GUIDE  LOGOUT

@ Configuration
Start 5IPcantiol
dIPcontrol Stalus = Running Stop SlPcontcl
Pasgward Restart 5IPcontiol
ii System

Service Status

Licensing

License Management
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6 Microsoft® Mediation Server Configuration

From OCS MMC snap-in, right click on the detected Microsoft® Mediation Server and select Properties.

rosoft Office Communications Server 2007 Forest - BufoCS.local,Mediation Servers',dmg4000.bufocs.local]
Bﬁ] File Action Yiew Favorites  Window  Help

¢ 6@ TR 2E

[:I Consale Root [l wiommte ..
EI@ Microsoft Office Communications Se “10ffice Communications
EI---,{?_; Forest - BufOCS, local Server 2007
- (] Enterprise pools Status Event Log Performance Resources
[_1 standard Edition Servers
[Z Archiving and CDR Servers 3 General Settings
: (23 Unassigned users
=[] Mediation Servers 2 Windows services
RS clrrig 4000, ot : Running
[ dmg4120-01004.bufoc: 2
[:I Live Communications Serve Stop
@ Event Viewer (Local) Deactivate Mediation Server Expiration Date:
i Sof10fz009
Services (Local) e T b f10f
Wiew 3 bost
el
Mew Window from Here
Mew Taskpad Wiew. ..
Refresh
Help
T = <Mone:=
Aflv Edge Server port: =Mone >

A Listening Connections

| # MNext Hop Connections |

| A Route Information |

4 ] ©

|Opens the properties dialog box For the current selection.
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The following window opens:

dmg4000.bufocs.local Properties

General | Mext Hop Connections I Certificate |

_|;|J_| Mediation Server

Communications Server listening IP address:

IlSZ_lGS_D_lD j

Gateway listening IP address:

|192_168_0_1U =l

A Edge Server:

I(None) j
Default location profile:

ILUcatiUnl j iew |

Media part range: I &0000 to I 54000

QK I Cancel | Apply | Help

On the General tab, configure the following settings:

e Under Communications Server listening IP address and Gateway listening IP address,
enter the IP address of the gateway. Since the gateway and Microsoft® Mediation Server are running on the
same PC, the one address may be used for both gateway listening and OCS listening address.

e Under Default location profile, enter the location profile that corresponds to the deployment location of the
gateway. This is used for defining the normalization rules for the called party numbers.
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On the Next Hop Connections tab, configure the following settings:

dmg4000.bufocs.local Properties

General Mext Hop Connections ICertiFicate |

r— Office Communications Server next hop

Specify the Office Communications Server used For routing inbound
PSTH calls,

=l
Port: I 061
~PSTM Gateway next hop
Specify the PSTH gateway connected to this server,
IP address: 192 , 168 . o .10

Fart: I 9503

[8]'4 I Cancel | ApEpl | Help |

e Nextto IP address, enter the IP address of the gateway.
o Nextto Port, enter the same port number as in the Dialogic® Diva® SIPcontrol™ Software configuration.
See section 5.3.2 Network Interface for more information.
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On the Certificate tab, configure the following:

dmg4000.bufocs.local Properties E2

Generall Mext Hop Connections — Cerkificate |

~Server Certificate

Specify the certificate to be used For inbound and outbound
connections on this server,

Issued to: dmg4000, BufioCs, local
Issued by: OCSTest
Yalid from 9/11/2007 3:54 PM bo 9/10/2002 3:54 PM,

| Select Certificate. i

Delete Certificate. .. |

Warning: Changing the certificate will have no effect on existing
connections. Existing connections will continue to use the old certificate.

QK | Cancel | Apply | Help |

Select the certificate that will be used to communicate with OCS. You need to restart Microsoft® Mediation
Server for the changes to take effect.
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7 Troubleshooting

71 Important Debugging Tools

. Dialogic® Diva® Line Test tool
 Dialogic® Diva® Diagnostics tool: Used to review and analyze all SIP and ISDN traffic that relates to calls
going into and leaving the gateway

7.2 Dialogic® Diva® Line Test tool

Diva Line Test tool enables you to test the PSTN configuration and connection. With this tool, you may place
calls to the PBX or PSTN as well as receive calls for the PSTN or PBX without having other components set up
on the IP side of the gateway.

To start Diva Line Test tool, click: Start > Programs > Dialogic Diva > Line Test.
Select the Phone/Loop tab to test the T1 or E1 connection.

Diva Server Line Teskt E

Line Check/Hw test  Phone/Loop | EaIITransferI Fax I Informationl

The Phone/Loop test performz a simple test call to another phone
or a loop to itzelf,

—Device
IDev 1: Diva Server PRIST1-24 Seial #1065

— Call Settings
Called Party Number Calling Party Number

f .

[ses1212 5559876 pvaned

Status:
Diva Adapter is waiting for a call Call
Diva Adapter stopped waiting for a call —
Diva Adapter iz waiting for a call

Clear
Histom
Start Log

Wiew Log

f|EEEE]

Cloze |

To test an outgoing call, do the following:

e InCalled Party Number, enter a PBX extension. If you want to place an external call, enter an external
phone number.

e Click call to initiate the outbound call.
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To test an incoming call, do the following:

e Select Enable incoming calls [..] box so that the Diva Line Test tool application answers a call from
the PBX or PSTN.
e Click call to initiate the outbound call.

Note: For incomming calls, the called, calling, and redirecting number information is presented if available.

Note: For the Diva Line Test tool to answer an incoming call it is necessary to stop the Dialogic® Diva®
SIPcontrol™ Software process. See Restarting the Dialogic® Diva® SIPcontrol™ Software on page 25 for how
to stop the service.

7.3  Dialogic® Diva® Diagnostics tool

Before using the Dialogic® Diva® Diagnostics tool, you would need to enable it by setting the Dialogic® Diva®
SIPcontrol™ Software debug. To do so, open the Diva SIPcontrol software web interface, click the link System
Settings, and set Debug Level to Extended. Click save for the changes to take effect.

Now, you can start the Diva Diagnostics tool. To do so, click:
Start > Programs > Dialogic Diva > Diagnostics.

21 piva Server Diagnostics

File Edit Miew Tracing Help

J = | & | 7 N2 H ) | O %) | X s 0@ | D H Trace inactive, 132 Khytes available.

D Diva Tracing Cateqot | D | Description
= Trace Masks D-Channel

E|E:| Drivers B Laver 1

% Maintenance Driver Call Commants (SIG)
% Combined Adapter Driver OJLow Laver

-4 RAS (WAN Miniport) O Wetwork Layer

-4 CAPI Driver OoataLinkE
=-[Z1] Diva Server Adapters celoneos.

o

Displays D-channel data as raw hex frames,

Displays |aver 1 state changes.,

Displaws decoded infarmation For signaling frames and states,
Displays decoded low laver information

Displays B-channel establishment and data indication,
Displays laver 2 link errors,

T @ T = O

B Y PRIEL T e L O miscellaneous Textual information on call states etc,

- HY 4PRIE1T1 #1223 Line OExtended Displays madule-specific detailed information.
- E8 4PRIELTL #1223 Line 3 O e-channel Data Displays B-channel data as raw hex frames,
- 4PRIJELJTL #1273 Line 4 [ rodulation Information on modulation and demodulation,

1. Click one line of your Dialogic® Diva® Media Board in the left pane and click L&l on the toolbar to activate
the Basic tracing level. This level captures Q.931 ISDN messages.

2. Click CAPI driver in the left pane and activate the Basic tracing level as explained in step 1.

3. Start tracing. To do so, click the start icon # or select the Start Tracing option form the Tracing
menu.

4. Reproduce the issue.
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5. To stop tracing, click the stop icon B on the tool bar or select the Stop Tracing option form the
Tracing menu.

6. To view your collected trace, click the view icon @ on the toolbar or select the View Recorded
Trace option from the view menu. A notepad window will open with the recorded log.

Examples of Dialogic® Diva® Diagnostics traces for an inbound (TDM to IP) call to OCS

Basic notations for reading the trace:

SIG-R: RX Q.931 ISDN message
SIG-X: TX Q.931 ISDN message
SIPR: RX SIP message
SIPX: TX SIP message

< Below is RX Q.931 ISDN message for an inbound call >

9:16:28.431 C

3 21:2389:383 - SIG-R(030) 08 02 00 17 05 04 03 80 90 A2 18 03 A9 83 81 6C 06 01 A0 33
30 30 32 70 05 €1 35 31 30 31

Q.931 CR0017 SETUP
Bearer Capability 80 90 a2
Channel Id a9 83 81
Calling Party Number 01 a0 '2401°'
Called Party Number cl '5101'

<Below is TX SIP message with SDP>

9:16:28.431 1 L 12 00010000-SIPX begin to IP:192.168.0.106 port:5060 socket:3 Proto:TCP

:16:28.431
:16:28.431
:16:28.431
:16:28.431
:16:28.431
:16:28.431
:16:28.431
ip:+1716639
:16:28.431
:16:28.431
:16:28.431
:16:28.431
:16:28.431
:16:28.431
:16:28.431
:16:28.431
:16:28.431
:16:28.431
:16:28.431
:16:28.431
:16:28.431
:16:28.431
:16:28.431

<

OO LW W WIWWIWWVWWLWVWWOLHN WV WLWLWLLL
PR RRPRRPRPRERRPREPRPRERPRENRRERRERRER
s o e o o o o o o e o N e e e e e

4

12 00010000- >INVITE sip:+17166395101@dmg4000.bufocs.local:5060 SIP/2.0
12 00010000- >Via: SIP/2.0/TCP 192.168.0.106:9803;branch=z9hG4bK2617534104-7603272
12 00010000~ >Max-Forwards: 70

12 00010000~ >Allow: INVITE,ACK,CANCEL,BYE,OPTIONS,NOTIFY,REFER

12 00010000- >Accept: application/sdp,application/simple-message-summary
12 00010000- >Supported: timer,replaces

12 00010000- >From: "Dialogic Diva SIPcontrol"
1@192.168.0.106;user=phone>; tag=sipcontrol_2617534104-7668808

12 00010000- >To: "Default" <sip:+17166395101@bufocs.local;user=phone>
12 00010000- >Call-ID: 9c046698-730448-17@dmg4000

12 00010000- >CSeqg: 1 INVITE

12 00010000~ >Min-SE: 90

12 00010000- >Session-Expires: 600;refresher=uac

12 00010000- >Contact: <sip:+17166392401@192.168.0.106:9803>

12 00010000- >Content-Type: application/sdp

12 00010000~ >Content-Length: 253

12 00010000~ >

12 00010000- >v=0

12 00010000- >0=SIPcontrol 7472200 7472200 IN IP4 192.168.0.106

12 00010000~ >g=-

12 00010000~ >c=IN IP4 192.168.0.106

12 00010000- >t=0 0

12 00010000- >m=audio 30060 RTP/AVP 8 0 101 13

w
N
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9:16:28.431 1 L 12 00010000- >a=rtpmap:8 PCMA/8000

9:16:28.431 1 L 12 00010000- >a=rtpmap:0 PCMU/8000

9:16:28.431 1 L 12 00010000- >a=rtpmap:101 telephone-event/8000
9:16:28.431 1 L 12 00010000- >a=fmtp:101 0-15

9:16:28.431 1 L 12 00010000- >a=rtpmap:13 CN/8000

9:16:28.431 1 L 12 00010000- >a=sendrecv

9:16:28.431 1 L 12 00010000-SIPX end

<Below is RX SIP message>

9:16:28.431 1 L 12 00010000-SIPR begin (331 byte) from IP:192.168.0.106 PORT:5060 on socket 3 port 5060
TCP

9:16:28.431 1 L 12 00010000- >SIP/2.0 100 Trying

9:16:28.431 1 L 12 00010000- >FROM: "Dialogic Diva
SIPcontrol"<sip:+17166392401@192.168.0.106;user=phone>;tag=sipcontrol_ 2617534104-7668808

9:16:28.431 1 L 12 00010000~ >TO: "Default"<sip:+17166395101@bufocs.local;user=phone>

9:16:28.431 1 L 12 00010000~ >CSEQ: 1 INVITE

9:16:28.431 1 L 12 00010000- >CALL-ID: 9c046698-730448-17@dmg4000

9:16:28.431 1 L 12 00010000- >VIA: SIP/2.0/TCP 192.168.0.106:9803;branch=z9hG4bK2617534104-7603272
9:16:28.431 1 L 12 00010000- >CONTENT-LENGTH: 0

9:16:28.431 1 L 12 00010000- >

9:16:28.431 1 L 12 00010000-SIPR end

9:16:28.665 0 L 12 00010000-SIPR begin (408 byte) from IP:192.168.0.106 PORT:5060 on socket 3 port 5060
TCP

9:16:28.665 0 L 12 00010000- >STIP/2.0 183 Session Progress

9:16:28.665 0 L 12 00010000- >FROM: "Dialogic Diva
SIPcontrol"<sip:+17166392401@192.168.0.106;user=phone>;tag=sipcontrol_2617534104-7668808

9:16:28.665 0 L 12 00010000~ >TO:
Default<sip:+17166395101@bufocs.local;user=phone>;epid=CE4C602FA5; tag=3f5ea65423

9:16:28.665 0 L 12 00010000~ >CSEQ: 1 INVITE

9:16:28.665 0 L 12 00010000~ >CALL-ID: 9c046698-730448-17@dmg4000

9:16:28.665 0 L 12 00010000~ >VIA: SIP/2.0/TCP 192.168.0.106:9803;branch=z9hG4bK2617534104-7603272
9:16:28.665 0 L 12 00010000~ >CONTENT-LENGTH: O

9:16:28.665 0 L 12 00010000~ >SERVER: RTCC/3.0.0.0 MediationServer

9:16:28.665 0 L 12 00010000~ >

9:16:28.665 0 L 12 00010000-SIPR end

9:16:28.869 1 L 12 00010000-SIPR begin (399 byte) from IP:192.168.0.106 PORT:5060 on socket 3 port 5060
TCP

9:16:28.869 1 L 12 00010000- >SIP/2.0 180 Ringing

9:16:28.869 1 L 12 00010000~ >FROM: "Dialogic Diva
SIPcontrol"<sip:+17166392401@192.168.0.106;user=phone>;tag=sipcontrol_2617534104-7668808

9:16:28.869 1 L 12 00010000- >TO:
Default<sip:+17166395101@bufocs.local;user=phone>;epid=CE4C602FA5; tag=3f5ea65423

9:16:28.869 1 L 12 00010000~ >CSEQ: 1 INVITE

9:16:28.869 1 L 12 00010000~ >CALL-ID: 9c046698-730448-17@dmg4000

9:16:28.869 1 L 12 00010000~ >VIA: SIP/2.0/TCP 192.168.0.106:9803;branch=z9hG4bK2617534104-7603272
9:16:28.869 1 L 12 00010000~ >CONTENT-LENGTH: 0

9:16:28.869 1 L 12 00010000~ >SERVER: RTCC/3.0.0.0 MediationServer

9:16:28.869 1 L 12 00010000~ >

9:16:28.869 1 L 12 00010000-SIPR end

9:16:30.197 1 L 12 00010000-SIPR begin (836 byte) from IP:192.168.0.106 PORT:5060 on socket 3 port 5060
TCP

9:16:30.197 1 L 12 00010000- >STIP/2.0 200 OK

9:16:30.197 1 L 12 00010000- >FROM: "Dialogic Diva
SIPcontrol"<sip:+17166392401@192.168.0.106;user=phone>;tag=sipcontrol_2617534104-7668808

9:16:30.197 1 L 12 00010000~ >TO:
Default<sip:+17166395101@bufocs.local;user=phone>;epid=CE4C602FA5;tag=3f5ea65423
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<
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00010000- >CSEQ: 1 INVITE

00010000- >CALL-ID: 9c046698-730448-17@dmg4000
00010000- >VIA: SIP/2.0/TCP 192.168.0.106:9803;branch=z9hG4bK2617534104-7603272
00010000- >CONTACT:

.local:5060; transport=Tcp;maddr=192.168.0.106>
00010000- >CONTENT-LENGTH: 253

00010000- >SUPPORTED: 100rel

00010000~ >CONTENT-TYPE: application/sdp; charset=utf-8
00010000~ >ALLOW: UPDATE

00010000- >SERVER: RTCC/3.0.0.0 MediationServer
00010000~ >ALLOW: Ack, Cancel, Bye,Invite
00010000- >

00010000- >v=0

00010000- >0=- 0 0 IN IP4 192.168.0.106
00010000- >s=session

00010000- >c=IN IP4 192.168.0.106

00010000- >pb=CT:1000

00010000- >t=0 0

00010000- >m=audio 62438 RTP/AVP 8 101
00010000- >c=IN IP4 192.168.0.106

00010000- >a=rtcp:62439

00010000- >a=label:Audio

00010000~ >a=rtpmap:8 PCMA/8000

00010000~ >a=rtpmap:101 telephone-event/8000
00010000- >a=fmtp:101 0-16

00010000~ >a=ptime:20

00010000-SIPR end

<Bellow is TX Q.931 ISDN message, after SIP session is established>

9:16:30.212 C 3 21:2391:136 - SIG-X(005) 08 02 80 17 07
Q.931 CR8017 CONN
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