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Copyright and Legal Notice

Copyright and Legal Notice

Copyright © 2000-2009 Dialogic Corporation. All Rights Reserved. You may not
reproduce this document in whole or in part without permission in writing from
Dialogic Corporation at the address provided below.

All contents of this document are furnished for informational use only and are
subject to change without notice and do not represent a commitment on the
part of Dialogic Corporation or its subsidiaries ("Dialogic"). Reasonable effort
is made to ensure the accuracy of the information contained in the document.
However, Dialogic does not warrant the accuracy of this information and
cannot accept responsibility for errors, inaccuracies or omissions that may be
contained in this document.

INFORMATION IN THIS DOCUMENT IS PROVIDED IN CONNECTION
WITH DIALOGIC® PRODUCTS. NO LICENSE, EXPRESS OR IMPLIED, BY
ESTOPPEL OR OTHERWISE, TO ANY INTELLECTUAL PROPERTY
RIGHTS IS GRANTED BY THIS DOCUMENT. EXCEPT AS PROVIDED IN
A SIGNED AGREEMENT BETWEEN YOU AND DIALOGIC, DIALOGIC
ASSUMES NO LIABILITY WHATSOEVER, AND DIALOGIC DISCLAIMS
ANY EXPRESS OR IMPLIED WARRANTY, RELATING TO SALE AND/OR
USE OF DIALOGIC PRODUCTS INCLUDING LIABILITY OR
WARRANTIES RELATING TO FITNESS FOR A PARTICULAR PURPOSE,
MERCHANTABILITY, OR INFRINGEMENT OF ANY INTELLECTUAL
PROPERTY RIGHT OF A THIRD PARTY.

Dialogic products are not intended for use in medical, life saving, life
sustaining, critical control or safety systems, or in nuclear facility applications.

Due to differing national regulations and approval requirements, certain
Dialogic products may be suitable for use only in specific countries, and thus
may not function properly in other countries. You are responsible for ensuring
that your use of such products occurs only in the countries where such use is
suitable. For information on specific products, contact Dialogic Corporation at
the address indicated below or on the web at www.dialogic.com.

It is possible that the use or implementation of any one of the concepts,
applications, or ideas described in this document, in marketing collateral
produced by or on web pages maintained by Dialogic may infringe one or more
patents or other intellectual property rights owned by third parties. Dialogic
does not provide any intellectual property licenses with the sale of Dialogic
products other than a license to use such product in accordance with
intellectual property owned or validly licensed by Dialogic and no such licenses
are provided except pursuant to a signed agreement with Dialogic. More
detailed information about such intellectual property is available from
Dialogic's legal department at 9800 Cavendish Blvd., 5th Floor, Montreal,
Quebec, Canada H4M 2V9. Dialogic encourages all users of its products
to procure all necessary intellectual property licenses required to
implement any concepts or applications and does not condone or
encourage any intellectual property infringement and disclaims any
responsibility related thereto. These intellectual property licenses
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may differ from country to country and it is the responsibility of those
who develop the concepts or applications to be aware of and comply
with different national license requirements.

Any use case(s) shown and/or described herein represent one or more examples
of the various ways, scenarios or environments in which Dialogic® products
can be used. Such use case(s) are non-limiting and do not represent
recommendations of Dialogic as to whether or how to use Dialogic products.

Dialogic, Dialogic Pro, Brooktrout, Diva, Cantata, SnowShore, Eicon, Eicon
Networks, NMS Communications, NMS (stylized), Eiconcard, SIPcontrol, Diva
ISDN, TruFax, Exnet, EXS, SwitchKit, N20, Making Innovation Thrive,
Connecting to Growth, Video is the New Voice, Fusion, Vision, PacketMedia,
NaturalAccess, NaturalCallControl, NaturalConference, NaturalFax and
Shiva, among others as well as related logos, are either registered trademarks
or trademarks of Dialogic Corporation or its subsidiaries. Dialogic's
trademarks may be used publicly only with permission from Dialogic. Such
permission may only be granted by Dialogic's legal department at 9800
Cavendish Blvd., 5th Floor, Montreal, Quebec, Canada H4M 2V9. Any
authorized use of Dialogic's trademarks will be subject to full respect of the
trademark guidelines published by Dialogic from time to time and any use of
Dialogic's trademarks requires proper acknowledgement.

Microsoft is a registered trademark of Microsoft Corporation in the United
States and/or other countries. Other names of actual companies and products
mentioned herein are the trademarks of their respective owners.

This document discusses one or more open source products, systems and/or
releases. Dialogic is not responsible for your decision to use open source in
connection with Dialogic products (including without limitation those referred
to herein), nor is Dialogic responsible for any present or future effects such
usage might have, including without limitation effects on your products, your
business, or your intellectual property rights.

Any use case(s) shown and/or described herein represent one or more examples
of the various ways, scenarios or environments in which Dialogic® products
can be used. Such use case(s) are non-limiting and do not represent
recommendations of Dialogic as to whether or how to use Dialogic products.
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Hardware Limited Warranty

Warranty for Hardware Products: Dialogic Corporation or its subsidiary
that originally sold the hardware product ("Dialogic") warrants to the original
purchaser of this hardware product, that at the time of delivery the hardware
product supplied hereunder will be free from defects in material and
workmanship. This warranty is for the standard period set out on Dialogic's
website at http://www.dialogic.com/warranties and is void if the defect has
resulted from accident, misuse, abuse or misapplication. Any hardware
product which becomes defective during the warranty period and is returned
by the original purchaser to Dialogic's Authorized Service Center with a
Return Material Authorization (RMA) number (which must be obtained from
Dialogic before any return) within thirty (30) days after discovery of the defect
with a written description of the defect will be repaired or replaced at Dialogic's
option. Freight charges will be paid by Dialogic only for shipment back to you.

Additional Exclusions: Dialogic will have no obligation to make repairs or
replacements necessitated by your fault or negligence, improper or
unauthorized use of the product, repairs or modifications made without
Dialogic's prior written approval or by causes beyond the control of Dialogic,
including, but not limited to, power or air conditioning failure, acts of God,
improper interface with other units, or malfunction of any equipment or
software used with the Dialogic product(s). If Dialogic is requested and agrees
to make repairs or replacements necessitated by any such causes, you will pay
for such service or replacement at Dialogic's then prevailing rates.

No Other Warranties: DIALOGIC DISCLAIMS AND YOU WAIVE ALL
OTHER WARRANTIES, EITHER EXPRESS OR IMPLIED, INCLUDING
BUT NOT LIMITED TO IMPLIED WARRANTIES OF MERCHANTABILITY,
NON-INFRINGEMENT AND FITNESS FOR A PARTICULAR PURPOSE
AND ANY WARRANTY AGAINST LATENT DEFECTS, WITH RESPECT TO
ANY DIALOGIC PRODUCT.

No Liability for Damages: IN NO EVENT SHALL DIALOGIC OR ITS
SUPPLIERS BE LIABLE FOR ANY DAMAGES WHATSOEVER
(INCLUDING, WITHOUT LIMITATION, DAMAGES FOR LOSS OF
PROFITS, INTERRUPTION OF ACTIVITIES, LOSS OF INFORMATION OR
OTHER PECUNIARY LOSS AND DIRECT OR INDIRECT,
CONSEQUENTIAL, INCIDENTAL, ECONOMIC OR PUNITIVE DAMAGES)
ARISING OUT OF THE USE OF OR INABILITY TO USE ANY DIALOGIC
PRODUCT.

Limitation of Liability: DIALOGIC'S MAXIMUM CUMULATIVE
LIABILITY SHALL BE LIMITED TO THE AMOUNTS ACTUALLY PAID BY
YOU TO DIALOGIC FOR THE SPECIFIC PRODUCT BEING THE OBJECT
OF THE CLAIM. YOU RELEASE DIALOGIC FROM ALL AMOUNTS IN
EXCESS OF THE LIMITATION. YOU ACKNOWLEDGE THAT THIS
CONDITION IS ESSENTIAL AND THAT DIALOGIC WOULD NOT SUPPLY
TO YOU IF IT WERE NOT INCLUDED.
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About this Publication

The Dialogic® IP Media Server (which is also referred to herein as "IP Media
Server" “IPMS”, or "Media Server") is a standards-based SIP, VoiceXML, and
MSCML server that performs a wide variety of media processing functions.

The IP Media Server is also is a economical and scalable IP media option, as it
can power a broad range of voice and video services for next generation
wireline, wireless, and broadband services.

This section describes this manual and its contents and consists of the
following sections:

¢ Using this Publication
¢ Dialogic® IP Media Server Documentation Set

¢ Contacting Dialogic Technical Support
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Using this Publication

Using this Publication

Audience and Purpose

This manual is for application developers who choose to use or employ the
Dialogic IP Media Server in furtherance of deploying network announcements,
Appendix A, “Audio Library”, describes the IP Media Server's preconfigured
sound library (audio files), which consists of phrases and messages, numbers,
time and money, quantities, and miscellaneous words.
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Dialogic® IP Media Server Documentation Set

Dialogic® IP Media Server Documentation Set

The Dialogic® IP Media Server is documented in the following publications:

L 4

L 4

The Installation and Operations Guide provides instructions for
configuring, administering, and maintaining the IP Media Server.

The Application Developer’'s Guide provides information for application
developers who choose to use the IP Media Server to deploy network
announcements, conferences, and Interactive Voice Response (IVR) in a
voice over IP (VolP) environment.

Installing Red Hat Enterprise Linux 5.0 for the IP Media Server describes
how to install and configure Red Hat Enterprise Linux 4 if you are
installing the licensed software version of the IP Media Server.

The License Activation Guide describes how to activate the license for your
Dialogic® IP Media Server.

Upgrading from Release 2.5.0 to 2.6.0 on Red Hat Enterprise Linux ES
Platform provides information and instructions for upgrading from IP
Media Server Release 2.5.0 to IP Media Server Release 2.6.0 on platforms
running Red Hat Enterprise Linux ES Platform. It also includes
instructions for downgrading from 2.6.0 to 2.5.0 in the event that you need
to restore your previous configuration.

Printed and Electronic Document Formats

The documentation package for the IP Media Server contains a printed copy of
Release Notes and a CD containing electronic versions of the IP Media Server
publications and Release Notes in PDF format. The PDF files require the
Adobe Acrobat reader, a free download from www.adobe.com.

Release notes are updated when certain software changes are made and are
distributed by email and on the Dialogic Technical Services and Support Web
site: http://www.dialogic.com/support/.
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Dialogic® IP Media Server Documentation Set

Document Conventions

Notes, Cautions, and Warnings

Notes contain information of general interest, for example:
Cautions and warnings appear when appropriate throughout the manual.

Cautions alert you to situations that can make system administration less
effective or compromise system performance or security. For example:

Before changing the configuration of a running system, always back up the
Z?_\. current configuration using the System->Config Backups command.

Warnings alert you to situations that could cause physical harm to an operator
or damage to the IP Media Server. For example:

o If an interface is deactivated, all traffic on that interface will be dropped.

Links in PDF

Hypertext links in the PDF version of this manual use non-serif font. You can
click on a cross reference to move to the information it references.

Index entries and Table of Contents listings are also clickable links in the PDF
format. After you jump to a link, use the Back button on the Acrobat Reader
toolbar to return to your prior location.
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Contacting Dialogic Technical Support

Contacting Dialogic Technical Support

For more information, refer to the Dialogic Technical Support site:
http://www.dialogic.com/support/

When reporting an issue to Technical Support, be prepared to provide the
following information:

¢ Full description of the issue.

¢ Version of the IP Media Server software you are using.

¢ |IP Media Server log files.

¢ Whether the issue is reproducible; the steps that you took.

Please note that the latest software update and release notes are available
from the Dialogic Technical Support page.

Ordering Licenses

To use certain Dialogic® software products, you must have a license. To acquire
applicable licenses, contact your Dialogic sales representative.
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1 - Introduction

This chapter provides an overview of the features and functionality of the
Dialogic® IP Media Server (which, as noted above, is also referred to in this
document as “IP Media Server” “IPMS”, or “Media Server”).

This chapter includes the following sections:

L 2

L 4
L 4
L 4

Control Protocols and Services
Call Control Protocols
Media Storage, Processing, and Supported Codecs

Services
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Control Protocols and Services

Control Protocols and Services

This chapter introduces the Session Initiation Protocol (SIP) and XML-based
APIs that allow the IP Media Server to perform in an IP network, explains the
call-related resources, and defines the supported application services.

The IP Media Server can perform a specialized role in the IP network by
providing high-capacity, real-time packet processing for network
announcements, conferencing, and Interactive Voice Response (IVR) functions.

This chapter contains the following major sections:

& Call Control Protocols
& Media Storage, Processing, and Supported Codecs

& Services
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Call Control Protocols

A control agent, such as a softswitch or an application server, can use a call
control (signaling) protocol to request a service from the IP Media Server and
to set up media streams between the IP Media Server and SIP-enabled
endpoint devices. SIP (Session Initiation Protocol) is the signaling protocol
currently used for call control on the IP Media Server.

In the course of signaling, the application server can perform the following:

¢ Requests the service

¢ Sets up the connection

¢ Modifies the connection, if necessary
¢ Tears down the connection

If such a connection is established, the IP Media Server is directly engaged
with the endpoint devices in the media plane through third party call control.
The IP Media Server, however, is not visible to the endpoint devices in the
signaling plane.

Figure 1 illustrates the call control relationship.

Application Server

SIP UAC ~

SiP
LC N
SIP UAC ——

/

h . Dialogic® |IP Media Server
SIP UAC

Figure 1. Call Control Architecture

The external application specifies what constitutes a call, not the IP Media
Server. Upon receiving a request, the IP Media Server call control engages the
correct application for processing. Control Protocols and Scripting Language

The IP Media Server is controlled by the following major control protocols and
scripting languages:

& Session Initiation Protocol (SIP)

¢ Session Description Protocol (SDP)

¢ Media Server Control Markup Language (MSCML)
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¢ VoiceXML

Session Initiation Protocol (SIP)

SIP is a peer-to-peer signaling protocol that employs a request and response
model to create, manage, and tear down single or multiple concurrent sessions
for the delivery of services.

Session

A session is defined as having at least two endpoints with one or more bi-
directional IP streams to, from, or within the IP Media Server.

A control agent can initiate and control the following services with SIP
messages:

¢ Network Announcements

& Conferences

¢ IVR

& VoiceXML
Service The IP Media Server employs a service indicator in the user address portion of
Indicators the Request URI. This indicator specifies the service to which a request is being

addressed and can be one of the values listed in Table 1.

Table 1. SIP Service Indicators

Service Indicator Definition

annc Announcements

conf Conferencing (simple and advanced with MSCML)
ivr IVR with MSCML

dialog VoiceXML

If the user address portion of the service indicator is not one of the supported
service indicators, the default service, dialog, is invoked. You can configure the
default application in the SIP parameters section of the MEDIA SERVER >
SIP menu page on the Web UI.

The IP Media Server takes advantage of the inherent flexibility provided by the
SIP URI conventions and by SIP’s acceptance of message-body payloads. For
example, when SIP is extended with the MSCML scripting language, SIP
requests enable control of advanced conferences as well as Interactive Voice
Response (IVR) through the ivr service.

For details concerning SIP, see Chapter 2, “Session Initiation Protocol (SIP)”.

Application Developer’s Guide 29



Call Control Protocols

Session Description Protocol (SDP)

SIP uses the Session Description Protocol (SDP) to convey information about
media streams. The IP Media Server supports parsing and formatting for SDP
mandatory elements, as well as several optional elements.

For additional details concerning SDP, see “Session Description Protocol” (page
71).

Media Server Control Markup Language (MSCML)

Media Server Control Markup Language (MSCML) is a Dialogic-developed
markup language used to extend SIP requests for IVR and advanced
conferencing functions.

There are six types of MSCML requests which are grouped into two basic
categories:

¢ Requests that support advanced conferencing
(conf service)

¢ Requests that support interactive voice response
(ivr service)

Table 2 lists both the MSCML conferencing requests and the MSCML IVR
requests, and also requests the pages where these requests are defined.

Table 2. MSCML Conferencing and MSCML IVR Requests

MSCML Conferencing MSCML IVR Requests

“configure_conference” (page 126) | “play” (page 162)

“configure_leg” (page 128) “playcollect” (page 162)

“playrecord” (page 163)

“stop” (page 163)

For details concerning these MSCML requests and services, see Chapter 4,
“Conferencing API”.

SIP Methods with MSCML

The SIP INVITE method is used to convey the desired session parameters from
the application server to the IP Media Server.

For mid-call changes, the XML payload is sent using SIP INFO.

Note: To provide that XML payloads are delivered in the correct order, the application
server must support sequenced INFO messages for MSCML (see “CSeq” (page 63)).
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Payload

The size of the MSCML payload is relatively small and is appropriate for
inclusion in the SIP body. Each MSCML payload contains a single request or
response, and each SIP INVITE or INFO carries, at most, one MSCML body
part.

Most MSCML request attributes have default values or are defined as
#IMPLIED. MSCML attributes can be omitted from the request if they are not
needed.

For further details, see “MSCML Schema” (page 350).

The Multi-Internet Message Extension (MIME) type used to describe MSCML
content is application/mediaservercontrol+xml.

Responses

MSCML responses are carried back to the application server in the body of the
SIP request message. Responses to MSCML requests are also defined in the
Document Type Description (DTD) using a simple form of XML. The response
is easy to process and does not require a full XML parser on the application
server.

Events

Applications subscribe to activetalker and asynchronous Dual Tone Multi-
Frequency (DTMF) event notifications through MSCML directives. Events are
reported within the SIP session that subscribed to the event.

Note: For details on creating advanced conferences with MSCML, see Chapter 4,
“Conferencing API” and Chapter 5, “IVR with MSCML”.

VoiceXML

Voice Extensible Markup Language (VoiceXML) is designed specifically for
speech-based telephony and video applications. VoiceXML audio dialog scripts
can include a mix of digitized audio clips and DTMF inputs.

A SIP INVITE request directed to the dialog service directs the VoiceXML
interpreter to retrieve a URI-specified VoiceXML script and translate the
script-directed commands.

The IP Media Server supports VoiceXML 1.0 and VoiceXML 2.0. For
information about VoiceXML 2.0 tags and attributes, refer to the VoiceXML 2.0
Reference, included on the IP Media Server documentation CD.

Application Developer’s Guide 31



Call Control Protocols

The following table provides the IP Media Server functionality supported by
VoiceXML 1.0 and VoiceXML 2.0.

Table 3. Functionality Supported by VoiceXML 1.0 and VoiceXML 2.0

VoiceXML1.0 VoiceXML 2.0
T.30 Fax Detection MRCP 1.0 for Automated
Speech Recognition (ASR)
support
T.38 Fax Detection, Termination, MRCP 1.0 for Text to Speech
and Initiation (TTS) support

For further details concerning VoiceXML 1.0, see “VoiceXML Version 1.0 and
Dialog Service” (page 302).
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Media Storage, Processing, and Supported Codecs

The IP Media Server supports several audio and video codecs, and stores and
retrieves content in several encodings and file formats. These supported codecs
are summarized in Table 4.

Table 4. Supported Audio/Video Codecs

Codec Audio/Video RTP Bandwidth (Kb/s) | Supported
Payload Packet
Type Time (ms)
AMR-NB Audio 96...127 20, 40
Mode | Bit Rate
0 4.75
1 5.15
2 5.9
3 6.7
4 7.4
5 7.95
6 10.2
7 12.2
G.711 ulaw | Audio 0 64 10, 20, 30
G.711 alaw | Audio 8 64 10, 20, 30
G.726 Audio 2 32 10, 20, 30
G.729 Audio 18 8 10, 20, 30
H.263 Video 34 Various N/A
H.263-1998 | Video 96...127 | Various N/A
H.263-2000 | Video 96...127 Various N/A
H.264 Video 96...127 Various N/A
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Audio

For all services, the IP Media Server can receive and transmit RTP voice
packets encoded as G.711p-law, G.711a-law, G.726, G.729AB, and AMR-NB.
See Table 4 (page 33).

G.726, G.729AB, AMR-NB codecs can be host-based or run on an optional
EdgeMedia EDP-10 DSP card. Refer to Host-Based Codecs on page 37 if you
plan to enable host-based codecs.

If you are planning to use:

¢ host-based codecs - you need to obtain a license from your sales
representative.

¢ EdgeMedia EDP-10 DSP card - inform your sales representative when you
order your IP Media Server or IP Media Server software.

G.729 The IP Media Server supports G.729AB as an RTP codec. (G.729A for
encode/decode. G.729AB for decode only.)

The IP Media Server automatically converts (transcodes) stored content
accessed via file://// or http:// URLs from the content encoding to the RTP encoding.
Any of the available content encodings can be played or recorded using any of
the available RTP codecs.

G.726 The IP Media Server supports G.726 at 32kbps as an RTP codec.

AMR-NB The IP Media Server supports AMR-NB as an RTP codec. AMR-NB (Adaptive
Multi-Rate-Narrow Band) is a multi-mode codec that supports 8 narrow-band
speech encoding modes, with bit rates between 4.75 and 12.2 Kbps.
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Content Storage

The IP Media Server can retrieve and play audio files with content encoded as
G.711 a-law/p-law in the *.au, *.ulaw, *.alaw, and *.wav data formats. Raw
(headerless) content is represented as *.ulaw and *.alaw. Content can also be
encoded as Microsoft® Global System Mobile (MSGSM) in *.wav format, with
raw (headerless) content represented as *.msgsm or *.ms_gsm.

Table 5. G.711 Encoding and File Storage Formats

Content Encoding File Storage Formats
G.711 p-law raw, .way, .au
G.711 a-law raw, .way, .au
MSGSM raw, .wav
3GPP (audio only) .3gp

Note: If the file format is unknown or unspecified, the Dialogic® IP Media Server
assumes headerless p-law.

Video

The IP Media Server can transmit and receive H.263, H.263+, and H.264 RTP
video packets. Video is currently supported only by the conferencing (conf) and
VoiceXML (dialog) services.

Mixed Audio/Video

video/x-wav

Mixed audio and video content is supported using a proprietary WAV-based
format identified by the MIME type video/x-wav. Files of this type can contain
a G.711 audio track and an H.263, H.263+, or H.264 video track. This content
type is currently only supported by the dialog service (VoiceXML).

3GPP

The IP Media Server also supports playback of an associated video and audio
stream from the 3rd-Generation Partnership Project (3GPP) file format,
provided that the video stream is stored in a track as H.263 or H.264 frames
and the audio stream is stored in a separate track as AMR-encoded frames.
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On playback, the IP Media Server packetizes the H.263 or H.264 video frames
into RTP streams, and the audio stream into RTP packets in one of the
supported RTP encodings (G.711, G.726, G.729, AMR-NB). Note that the IP
Media Server does not send/receive RTP/AMR packets as part of the 3GPP file
support feature unless you have installed the optional EdgeMedia EDP-10 DSP card

The following table shows the encodings that are currently supported for
storage and transmission by the IP Media Server for the 3GPP file format.

Table 6. 3GPP Supported Encodings and Streams

Inbound or Encoding of Supported
Outbound Network | Stream in File (Yes/No)
Stream
RTP/AMR AMR Yes
RTP/G.711 AMR Yes
RTP/G.726 AMR Yes
RTP/G.729 AMR Yes
RTP/H.263 H263 Yes
RTP/H.263-1998 H263-1998 Yes
RTP/H.263-2000 H263-2000 Yes
RTP/H.264 H264 Yes

The 3GPP file format uses the AMR codec for speech encoding and H.263 codec
for video encoding. This format is currently supported only by the dialog service
(VoiceXML).

File Storage and Retrieval

The IP Media Server can process files using either NFS or HTTP.

NFS

The IP Media Server can retrieve, plays, stores, and records data files using the
Network File System (NFS) protocol (RFC 1094 and RFC 1813).

HTTP

The IP Media Server can retrieve and play data files using HTTP/1.0 (RFC
1945) and HTTP/1.1 (RFC 2068) servers.
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DTMF

The Dialogic® IP Media Server supports the in-band tone detection of the
DTMF digit set (0-9, #, *, A-D), as defined in ITU recommendations Q.23 and
Q.24, and according to RFC 2833, "RTP Payload for DTMF Digits, Telephony
Tones and Telephony Signals".

For further information concerning DTMF and its use with MSCML, see “IVR
Operations on Participant Legs” (page 118).

In-Band Busy Tone Detection and Reporting

The IP Media Server supports in-band busy tone detection and reporting. This
feature allows you to monitor outbound calls that can terminate on a PBX.

Host-Based Codecs

You can license the G.726, G.729, and AMR-NB codecs to run on the host rather
than on the EdgeMedia EDP-10 DSP card. However, you can choose to use a
DSP card to offload some of the system impact of running the host based codec
software.

If the host-based codec license is present, and there is no EdgeMedia EDP-10
DSP card installed, the IP Media Server automatically uses the host-based
codecs.

Note: The AMR host-based codec supports true adaptive rates (also referred to as
Codec Mode Request, or CMR), so you can specify the mode-set and the far end can
select from that list. The EdgeMedia EDP-10 DSP card does not support CMR.

If the host-based codec license is present, and the EdgeMedia EDP-10 DSP card
is installed, you must configure the following parameter in the snowshore.cfg
file to enable this feature.

¢ Softcodec=1
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Services

The IP Media Server supports the following SIP services:

¢ Network Announcements
& Conferences

¢ IVR

¢ Dialog (VoiceXML)

Network Announcements

Announcement play-out happens when the IP Media Server retrieves stored
media and plays it out in an RTP audio stream.

Announcement files are stored at a location accessible by the IP Media Server.
The SIP INVITE message that plays an announcement includes the path for
the audio file in the play= parameter. For example:

INVITE sip:annc@MS_IP;
play=file:////opt/snowshore/prompts/generic/
en_us/susan/circuit busy.ulaw SIP/2.0

Application Server

Audio Files
{Web Content)

SIP

!l‘ﬂi ‘ .
=

SIP UAC

Audio Files
(network
content)

Dialogic® IP Media Server

Figure 2. Network Announcements

The IP Media Server is factory-equipped with a library of generic audio
segments (see “Audio Library” (page 288)).
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Simple Announcements

Simple announcements are audio files of fixed content that require no user
interaction. (For example, a message such as: “All circuits are busy. Please try
your call again later.”)

Simple announcements can be stored in a location that is accessible to the IP
Media Server and can be in either the file://// scheme retrieved by NFS or
the http:// scheme retrieved by HTTP.

You can use the Web Ul to configure a default location for audio files that play
as simple announcements. Once you configure this setting, the IP Media Server
prepends it to the play= parameter in the SIP message when there is no scheme
(file or http) specified between play= and the filename.

For example, if you set your default URL to this:
file:////opt/snowshore/prompts/generic/
then the IP Media Server interprets this request:
INVITE sip:annc@MS IP;play=circuit busy.ulaw SIP/2.0
as:

INVITE
sip:annceMS IP;play=file:////opt/snowshore/prompts/
generic/circuit busy.ulaw SIP/2.0

Announcement Sequences and Variable Content
Announcements

Announcement sequences are multiple audio files delivered in a single play-
out. Each portion of the sequence is a separate file that can be reused in
another sequence. In the following example, each sentence can be separate file
that can also be used in other sequences:

"Thank you for calling Media Services. The office is currently closed. Our
normal business hours are Monday through Saturday, 10AM to 5PM.”

Sequences can also contain variables that are evaluated at run-time. For
example, the series of variables

<num_dial.wav>, <var1> <changed.wav> <new_num.wav> <var2>
becomes

“The number you have dialed, 555-122-2222, has been changed. The new
number is 555-122-3333.”
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Conferences

Conferences are categorized in the following way:
¢ Simple
¢ Advanced

Conferencing requires that two or more RTP streams are mixed so that
speakers are heard in the output RTP stream. Input and output channels may
be selected from any supported RTP codec. The number of input channels per
session ranges from two to the available IP Media Server capacity. The output
channels generate a mix representing the inputs for a maximum of three active
speakers.

The conference sessions mix the input media streams, creating a set of output
streams of mixed media. Advanced conference sessions additionally allow
operations on individual inputs and outputs to and from the conference mixer.
These operations include:

& Tone detection
¢ Tone generation
& Tone suppression

Simple Conferences

The SIP interface supports simple conferencing with no control or special
mixing directives. Standard SIP methods create the conference, manage
participant access, and delete the conference. Based on IP Media Server
capacity, participants can listen and talk, with a maximum of three active
talkers.

The number of participants per simple conference is dynamically allocated.

The URI in the SIP INVITE contains a conference service indicator (conf)
with a unique instance identifier. For example:

sip:conf=conferencel@MS IP SIP/2.0

The conference service creates a conference for the first instance of the unique
service instance iden