Dual Tone Multifrequency Relay for SIP Calls
Using Named Telephone Events

Document Update Alert

This document was originally produced for Cisco IOS Release 12.2(11)T. This feature has been updated
in subsequent releases, and more recent documentation is available.

If you are using Cisco I0S Release 12.2(11)T or higher, refer to the following section in the
Configuring Additional SIP Features chapter of the Cisco I0S SIP Configuration Guide,
Cisco IOS Voice Configuration Library, Release 12.3:

e DTMF Relay for SIPCalls Using NTEs

Feature History

Release Modification

12.2(2)XB This feature was introduced on the Cisco 2600 series, the Cisco 3600, the
Cisco AS5300, and the Cisco AS5400.

12.2(2)XB1 This feature was implemented on the Cisco AS5850 platform.

12.2(8)T This feature was integrated into Cisco IOS Release 12.2(8)T.

Note The Cisco AS5300, Cisco AS5400, and Cisco AS5850 are not
supported in this release.

122(1H)T This feature was integrated into Cisco IOS Release 12.2(11)T and support
was added for the Cisco AS5300, Cisco AS5400, and Cisco AS5850
platforms.

This document describes the Dual Tone Multifrequency (DTMF) Relay for SIP Calls Using Named
Telephone Events (NTE) feature in Cisco IOS Release 12.2(11)T. For consistency, the feature is referred
to as the SIP NTE DTMF relay feature in this document.

This document includes the following sections:
e Feature Overview, page 2
e Supported Platforms, page 4
e Supported Standards, MIBs, and RFCs, page 4

e Prerequisites, page 5
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Feature Overview

Y

Note

The SIP NTE DTMF relay feature is used for the following applications:
e Reliable DTMF Relay, page 2
e SIP Phone Support, page 3

These applications are discussed in more detail in the following sections.

The SIP NTE DTMF relay feature is implemented for SIP calls only on Cisco Voice-over-IP
(VoIP) gateways.

Reliable DTMF Relay

Note

The SIP NTE DTMF relay feature provides reliable digit relay between Cisco VoIP gateways when a low
bandwidth codec is used. Using NTE to relay DTMF tones provides a standardized means of transporting
DTMEF tones in Real-Time Transport Protocol (RTP) packets according to section 3 of RFC 2833, RTP
Payload for DTMF Digits, Telephony Tones and Telephony Signals, developed by the Internet
Engineering Task Force (IETF) Audio/Video Transport (AVT) working group. RFC 2833 defines
formats of NTE RTP packets used to transport DTMF digits, hookflash, and other telephony events
between two peer endpoints.

DTMEF tones are generated when a button on a touch-tone phone is pressed. When the tone is generated,
it is compressed, transported to the other party, and decompressed. If a low-bandwidth codec, such as a
G.729 or G.723 is used without a DTMF relay method, the tone may be distorted during compression
and decompression.

With the SIP NTE DTMF relay feature, the endpoints perform per-call negotiation of the DTMF relay
method. They also negotiate to determine the payload type value for the NTE RTP packets.

In a SIP call, the gateway forms a Session Description Protocol (SDP) message that indicates:
e If NTE will be used
¢  Which events will be sent using NTE
e NTE payload type value
The SIP NTE DTMEF relay feature can relay hookflash events in the RTP stream using NTP packets.

The SIP NTE DTMF relay feature does not support hookflash generation for advanced features such as
call waiting and conferencing.

Cisco 10S Release 12.2(8)T and 12.2(11)T
[ 2 | |



| Dual Tone Multifrequency Relay for SIP Calls Using Named Telephone Events

Feature Overview I

SIP Phone Support

Benefits

Restrictions

The SIP NTE DTMF relay feature adds SIP phone support. When SIP IP phones are running software
that does not have the capability to generate DTMF tones, the phones use NTE packets to indicate DTMF
digits. With the SIP NTE DTMF relay feature, Cisco VoIP gateways can communicate with SIP phones
that use NTE packets to indicate DTMF digits. The Cisco VoIP gateways can relay the digits to other
endpoints.

This feature provides the following benefits:
e Reliable DTMF digit relay between Cisco VoIP gateways when low-bandwidth codecs are used
e Ability to communicate with SIP phone software that uses NTE packets to indicate DTMF digits

The SIP NTE DTMF relay feature is available only for SIP calls on Cisco VoIP gateways. The SIP NTE
DTMEF relay feature supports only hookflash relay and does not support hookflash generation for
advanced features such as call waiting and conferencing.

Related Features and Technologies

e Cisco VoIP

e CiscoIVR

e Cisco IP Phones

e (Cisco SIP Proxy Server

Related Documents

e Cisco 10S Voice, Video, and Fax Configuration Guide, Release 12.2

e Cisco 10S Voice, Video, and Fax Command Reference, Release 12.2

e Session Initiation Protocol Gateway Call Flows

e Session Initiation Protocol for Voice over IP on Cisco Access Platforms

e Enhancements to the Session Initiation Protocol for VoIP on Cisco Access Platforms
e RFC 2833, RTP Payload for DTMF Digits, Telephony Tones and Telephony Signals

e RTP Payload for Comfort Noise, Internet Draft of the Internet Engineering Task Force (IETF)
Audio/Video Transport (AVT) working group
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Supported Platforms

Table 1 Cisco I0S Release and Platform Support for this Feature

Platform 12.2(2)XB 12.2(2)XB1 12.2(8)T 12.2(11)T
Cisco 2600 series X X X X
Cisco 3600 series X X X X
Cisco AS5300 X X Not supported X
Cisco AS5400 X X Not supported X
Cisco AS5850 Not supported X Not supported X
Cisco 7200 series X X X X

Determining Platform Support Through Cisco Feature Navigator

Cisco IOS software is packaged in feature sets that support specific platforms. To get updated
information regarding platform support for this feature, access Cisco Feature Navigator. Cisco Feature
Navigator dynamically updates the list of supported platforms as new platform support is added for the
feature.

Cisco Feature Navigator is a web-based tool that enables you to quickly determine which Cisco I0S
software images support a specific set of features and which features are supported in a specific
Cisco IOS image. You can search by feature or release. Under the release section, you can compare
releases side by side to display both the features unique to each software release and the features in
common.

To access Cisco Feature Navigator, you must have an account on Cisco.com. If you have forgotten or
lost your account information, send a blank e-mail to cco-locksmith@cisco.com. An automatic check
will verify that your e-mail address is registered with Cisco.com. If the check is successful, account
details with a new random password will be e-mailed to you. Qualified users can establish an account
on Cisco.com by following the directions at http://www.cisco.com/register.

Cisco Feature Navigator is updated regularly when major Cisco IOS software releases and technology
releases occur. For the most current information, go to the Cisco Feature Navigator home page at the
following URL:

http://www.cisco.com/go/fn

Availability of Cisco 10S Software Images

Platform support for particular Cisco IOS software releases is dependent on the availability of the
software images for those platforms. Software images for some platforms may be deferred, delayed, or
changed without prior notice. For updated information about platform support and availability of
software images for each Cisco IOS software release, refer to the online release notes or, if supported,
Cisco Feature Navigator.

Supported Standards, MIBs, and RFCs

Standards

No new or modified standards are supported.

Cisco 10S Release 12.2(8)T and 12.2(11)T
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Prerequisites

MIBs
¢ CISCO-VOICE-DIAL-CONTROL-MIB

To obtain lists of supported MIBs by platform and Cisco IOS release, and to download MIB modules,
go to the Cisco MIB website on Cisco.com at the following URL:

http://www.cisco.com/public/sw-center/netmgmt/cmtk/mibs.shtml

RFCs
e RFC 2833, RTP Payload for DTMF Digits, Telephony Tones and Telephony Signals

e RTP Payload for Comfort Noise, Internet Draft of the Internet Engineering Task Force (IETF)
Audio/Video Transport (AVT) working group

e RFC 1890, RTP Profile for Audio and Video Conferences with Minimal Control

Prerequisites

Before configuring or using the SIP NTE DTMF relay feature, you must have a working VoIP network
using SIP on Cisco gateways. See the documents in “Related Documents” for more information.

Configuration Tasks

See the following sections for configuration tasks for the SIP NTE DTMEF relay feature. Each task in the
list is identified as either optional or required.

e Configuring DTMF Relay and NTE Payload Type (required)

Configuring DTMF Relay and NTE Payload Type

To configure DTMF relay and NTE Payload Type, enter the following commands in global configuration
mode:

Command Purpose

Step1  Router(config)# dial-peer voice number voip Enters dial-peer configuration mode and defines a
remote VoIP dial peer.

The number argument is one or more digits
identifying the dial peer. Valid entries are from 1
to 2147483647.

The voip keyword indicates a VoIP peer using
voice encapsulation on the IP network.

Step2 Router(config-dial-peer)# session protocol sipv2 Configures the SIP protocol on the gateway.

Cisco 10S Release 12.2(8)T and 12.2(11)T
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Command Purpose

Step3  Router(config-dial-peer)# dtmf-relay rtp-nte Allows DTMF relay using NTE RTP packets.
DTMF tones are encoded in the NTE format and
transported in the same RTP channel as the voice.

Step4  Router(config-dial-peer)# rtp payload-type nte number |The nte keyword chooses the type of payload in
comfort-noise [13 | 19] the NTE packet. Number values are 96 through
127; the default value is 101.

Note Reserved values (for example, 96, 97, 100,
121, 122, 123, 125, 126, and 127) cannot
be configured for the rtp-nte payload
value unless they are freed by reassigning
them to some other values that are within
the 96 through 127 range.

The comfort-noise keyword indicates the RTP
payload type of comfort noise. The July 2001 draft
entitled RTP Payload for Comfort Noise, from the
IETF AVT working group, designates 13 as the
payload type for comfort noise. Previous Cisco
equipment uses 19 as the payload type for comfort
noise. If you are connecting to a GW that complies
with the RTP Payload for Comfort Noise draft, use
13. Only use 19 if you are connecting to older
Cisco gateways that use DSPware before

version 3.4.32.

Verifying DTMF Relay and NTE Payload Type

Enter the show running command to verify that DTMF relay and NTE are configured on the dial peer.
For example:
!
dial-peer voice 1000 pots
destination-pattern 4961234
port 1/0/0
|
dial-peer voice 2000 voip
application session
destination-pattern 4965678
session protocol sipv2
session target ipv4:11.0.13.34
dtmf-relay rtp-nte
! RTP payload type value = 101 (default)
|
dial-peer voice 3000 voip
application session
destination-pattern 2021010101
session protocol sipv2
session target ipv4:11.0.13.34
dtmf-relay rtp-nte
rtp payload-type nte 110

! RTP payload type value = 110 (user assigned)
1

Cisco 10S Release 12.2(8)T and 12.2(11)T
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Monitoring and Maintaining SIP NTE DTMF relay W

Monitoring and Maintaining SIP NTE DTMF relay

Command Purpose

Router# debug voip rtp session named-event Turns on debugging for RTP NTEs.

Router# show voip rtp connections Shows local and remote Calling ID and IP address
and port information.

Configuration Examples

This section provides the following configuration examples:
e DTMF Relay using RTP-NTE Example
e RTP Using Payload Type NTE Example

DTMF Relay using RTP-NTE Example

Example 1 provides an example of DTMF relay using RTP-NTE:

Example 1 DTMF Relay Using RTP-NTE Example

Router (config)# dial-peer voice 62 voip
Router (config-dial-peer)# session protocol sipv2
Router (config-dial-peer)# dtmf-relay rtp-nte

RTP Using Payload Type NTE Example

Example 2 provides an example of RTP Using Payload Type NTE with the default value of 101:

Example 2 RTP Using Payload Type NTE

Router (config)# dial-peer voice 62 voip
Router (config-dial-peer)# rtp payload-type nte 101
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Command Reference

This section documents new or modified commands. All other commands used with this feature are
documented in the Cisco IOS Release 12.2 command reference publications.

New Commands
e debug voip rtp
e rtp payload-type

Modified Commands
e dtmf-relay

Cisco 10S Release 12.2(8)T and 12.2(11)T
[ 8 | |



| Dual Tone Multifrequency Relay for SIP Calls Using Named Telephone Events

debug voip rtp

debugvoiprtp

To enable debugging for Real-Time Transport Protocol (RTP) named event packets, use the debug voip
rtp command in privileged EXEC mode. To disable debugging output, use the no form of this command.

debug voip rtp {error | session [nse | multicast | conference | dtmf-relay | named-event] | packet
remote-ip ipaddress remote-port portnum packetnum | packet callid idnum packetnum}

no debug voip rtp

Syntax Description  error

Prints out a trace for error cases.

session Provides all session debug information. If used with a keyword, supplies
more specific debug information according to the keywords used.

nse Provides debug information for named signaling events (NSEs).

multicast Provides debug information for multicast packets.

conference Provides debug information for conference packets.

dtmf-relay Provides debug information for dual-tone multifrequency (DTMF) packets.

named-event

Provides debug information for named telephony event (NTE) packets.

packet remote-ip
ipaddress remote-port
portnum packetnum

Provides debug information for a remote IP address and port number. Using
the packetnum argument specifies the number of packets to trace so that the
display is not flooded.

packet callid idnum

Provides debug information for a specific call ID number (obtained by using

packetnum the show voip rtp connections command). Using the packetnum argument
specifies the number of packets to trace so that the display is not flooded.
Defaults Debugging for RTP named event packets is not enabled.

Command Modes EXEC

Command History Release Modification
12.2(2)XB This command was introduced.
12.2(2)XB1 This command was implemented on the Cisco AS5850 platform.
12.2(8)T This command was integrated into Cisco IOS Release 12.2(8)T.
122(1H)T This command was integrated into Cisco IOS Release 12.2(11)T and
support was added for the Cisco AS5300, Cisco AS5400, and Cisco AS5850
platforms.
Examples The following example illustrates the output for the debug voip rtp session named-event command.

The example is for a gateway that sends digits 1, 2, 3, then receives digits 9,8,7. The payload type, event
ID, and additional packet payload are shown in each log.

Cisco 10S Release 12.2(8)T and 12.2(11)T ]



Dual Tone Multifrequency Relay for SIP Calls Using Named Telephone Events |

M debug voip rtp

The first three packets indicate the start of the tone (initial packet and two redundant). The last three
packets indicate the end of the tone (initial packet and two redundant). The packets in between are
refresh packets that are sent every 50 milliseconds (without redundancy).

Router# debug voip rtp session named-event

00:09:31: <Snd>>> Pt:99 Evt:
00:09:31: <Snd>>> Pt:99 Evt:
00:09:31: <Snd>>> Pt:99 Evt:
00:09:32: <Snd>>> Pt:99 Evt:
00:09:32: <Snd>>> Pt:99 Evt:
00:09:32: <Snd>>> Pt:99 Evt:
00:09:32: <Snd>>> Pt:99 Evt:

Cisco 10S Release 12.2(8)T and 12.2(11)T

Pkt:02 01 90
Pkt:02 03 20
Pkt:02 04 BO
Pkt:02 06 40
Pkt:82 06 58
Pkt:82 06 58
Pkt:82 06 58

00:09:29: Pt:99 Evt:1 Pkt:03 00 00 <<<Rcv>
00:09:29: Pt:99 Evt:1 Pkt:03 00 00 <<<Rcv>
00:09:29: Pt:99 Evt:1 Pkt:03 00 00 <<<Rcv>
00:09:29: Pt:99 Evt:1 Pkt:03 01 90 <<<Rcv>
00:09:29: Pt:99 Evt:1 Pkt:03 03 20 <<<Rcv>
00:09:29: Pt:99 Evt:1 Pkt:03 04 BO <<<Rcv>
00:09:29: Pt:99 Evt:1 Pkt:83 04 C8 <<<Rcv>
00:09:29: Pt:99 Evt:1 Pkt:83 04 C8 <<<Rcv>
00:09:29: Pt:99 Evt:1 Pkt:83 04 C8 <<<Rcv>
00:09:29: Pt:99 Evt:2 Pkt:03 00 00 <<<Rcv>
00:09:29: Pt:99 Evt:2 Pkt:03 00 00 <<<Rcv>
00:09:29: Pt:99 Evt:2 Pkt:03 00 00 <<<Rcv>
00:09:29: Pt:99 Evt:2 Pkt:03 01 90 <<<Rcv>
00:09:29: Pt:99 Evt:2 Pkt:03 03 20 <<<Rcv>
00:09:29: Pt:99 Evt:2 Pkt:03 04 BO <<<Rcv>
00:09:29: Pt:99 Evt:2 Pkt:83 05 18 <<<Rcv>
00:09:29: Pt:99 Evt:2 Pkt:83 05 18 <<<Rcv>
00:09:29: Pt:99 Evt:2 Pkt:83 05 18 <<<Rcv>
00:09:29: Pt:99 Evt:3 Pkt:03 00 00 <<<Rcv>
00:09:29: Pt:99 Evt:3 Pkt:03 00 00 <<<Rcv>
00:09:29: Pt:99 Evt:3 Pkt:03 00 00 <<<Rcv>
00:09:30: Pt:99 Evt:3 Pkt:03 01 90 <<<Rcv>
00:09:30: Pt:99 Evt:3 Pkt:03 03 20 <<<Rcv>
00:09:30: Pt:99 Evt:3 Pkt:03 04 BO <<<Rcv>
00:09:30: Pt:99 Evt:3 Pkt:03 06 40 <<<Rcv>
00:09:30: Pt:99 Evt:3 Pkt:83 06 80 <<<Rcv>
00:09:30: Pt:99 Evt:3 Pkt:83 06 80 <<<Rcv>
00:09:30: Pt:99 Evt:3 Pkt:83 06 80 <<<Rcv>
00:09:31: <Snd>>> Pt:99 Evt:9 Pkt:02 00 00
00:09:31: <Snd>>> Pt:99 Evt:9 Pkt:02 00 00
00:09:31: <Snd>>> Pt:99 Evt:9 Pkt:02 00 00
00:09:31: <Snd>>> Pt:99 Evt:9 Pkt:02 01 90
00:09:31: <Snd>>> Pt:99 Evt:9 Pkt:02 03 20
00:09:31: <Snd>>> Pt:99 Evt:9 Pkt:02 04 BO
00:09:31: <Snd>>> Pt:99 Evt:9 Pkt:02 06 40
00:09:31: <Snd>>> Pt:99 Evt:9 Pkt:82 06 58
00:09:31: <Snd>>> Pt:99 Evt:9 Pkt:82 06 58
00:09:31: <Snd>>> Pt:99 Evt:9 Pkt:82 06 58
00:09:31: <Snd>>> Pt:99 Evt:8 Pkt:02 00 00
00:09:31: <Snd>>> Pt:99 Evt:8 Pkt:02 00 00
00:09:31: <Snd>>> Pt:99 Evt:8 Pkt:02 00 00
00:09:31: <Snd>>> Pt:99 Evt:8 Pkt:02 01 90
00:09:31: <Snd>>> Pt:99 Evt:8 Pkt:02 03 20
00:09:31: <Snd>>> Pt:99 Evt:8 Pkt:02 04 BO
00:09:31: <Snd>>> Pt:99 Evt:8 Pkt:02 06 40
00:09:31: <Snd>>> Pt:99 Evt:8 Pkt:82 06 90
00:09:31: <Snd>>> Pt:99 Evt:8 Pkt:82 06 90
00:09:31: <Snd>>> Pt:99 Evt:8 Pkt:82 06 90
00:09:31: <Snd>>> Pt:99 Evt:7 Pkt:02 00 00
00:09:31: <Snd>>> Pt:99 Evt:7 Pkt:02 00 00
00:09:31: <Snd>>> Pt:99 Evt:7 Pkt:02 00 00

7

7

7

7

7

7

7
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debugvoiprtp

Related Commands = Command Description
show voip rtp Shows local and remote Call ID number, IP address, and port number.
connections
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W dtmf-relay

dtmf-relay

To specify how an H.323 or Session Initiation Protocol (SIP) gateway relays dual tone multifrequency
(DTMF) tones between telephony interfaces and an IP network, use the dtmf-relay command in
dial-peer configuration mode. To remove all signalling options and send the DTMF tones as part of the
audio stream, use the no form of this command.

dtmf-relay [cisco-rtp] [h245-alphanumeric] [h245-signal] [rtp-nte]

no dtmf-relay [cisco-rtp] [h245-alphanumeric] [h245-signal] [rtp-nte]

Syntax Description  cisco-rtp Forwards DTMF tones by using Real-Time Transport Protocol (RTP) with
a Cisco proprietary payload type.

h245-alphanumeric Forwards DTMF tones by using the H.245 "alphanumeric" User Input
Indication method. Supports tones 0-9, *, #, and A-D.

h245-signal Forwards DTMF tones by using the H.245 "signal" User Input Indication
method. Supports tones 0-9, *, #, and A-D.
rtp-nte Forwards DTMF tones by using Real-Time Transport Protocol (RTP) with

the Named Telephone Event (NTE) payload type.

Defaults No default behavior or values.
Command Modes Dial-peer configuration
Command History Release Modification

12.0(1)T This command was introduced.

12.0(2)XH The h245-signal keyword was added.

12.0(5)T This command was modified for H.323 V2.

12.2(2)XB The rtp-nte keyword was added.

12.2(2)XB1 This command was implemented on the Cisco AS5850 platform.

12.2(8)T This command was integrated into Cisco IOS Release 12.2(8)T.

122(11)T This command was integrated into Cisco IOS Release 12.2(11)T and
support was added for the Cisco AS5300, Cisco AS5400, and Cisco AS5850
platforms.

Usage Guidelines DTMF is the tone generated when you press a digit on a touch-tone phone. This tone is compressed at

one end of a call; when the tone is decompressed at the other end, it can become distorted, depending on
the codec used. The DTMF relay feature transports DTMF tones generated after call establishment out
of band using either a standard H.323 out-of-band method and a proprietary RTP-based mechanism, or
for SIP calls, an NTE RTP packet.

Cisco 10S Release 12.2(8)T and 12.2(11)T
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Note

Examples

dtmf-relay W

The gateway only sends DTMEF tones in the format you specify if the remote device supports it. If the
remote device supports multiple formats, the gateway chooses the format based on the following
priority:

1. cisco-rtp (highest priority)

2. h245-signal

3. h245-alphanumeric

4. rtp-nte

5. None—DTMF sent in-band

The principal advantage of the dtmf-relay command is that it sends DTMF tones with greater fidelity
than is possible in-band for most low-bandwidth codecs, such as G.729 and G.723. Without the use of
DTMF relay, calls established with low-bandwidth codecs may have trouble accessing automated
DTMF-based systems, such as voice-mail, menu-based ADC/Kentrox systems, and automated banking
systems.

The cisco-rtp option of the dtmf-relay command is a proprietary Cisco implementation and operates
only between two Cisco AS5800 universal access servers running Cisco IOS Release 12.0(2)XH, or
between Cisco AS5800 universal access servers or Cisco 2600 or Cisco 3600 modular access routers
running Cisco I0S Release 12.0(2)XH or later releases. Otherwise, the DTMF relay feature does not
function, and the gateway sends DTMF tones in-band.

The following example demonstrates use of the dtmf-relay command with the SIP NTE DTMF relay
feature:

Router (config-dial-peer)# dtmf-relay rtp-nte

Related Commands

Command Description

rtp payload-type Chooses the type of payload in the RTP NTE packet.
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M rtp payload-type

rtp payload-type

To identify the payload type of a Real-Time Transport Protocol (RTP) packet, use the rtp payload-type
command in dial-peer configuration mode. To remove the RTP payload type, use the no form of this
command.

rtp payload-type {cisco-cas-payload number| cisco-clear-channel number | cisco-codec-fax-ack
number | cisco-codec-fax-ind number | cisco-fax-relay number |
cisco-pcm-switch-over-alaw number | cisco-pcm-switch-over-ulaw number|
cisco-rtp-dtmf-relay number | nte number | nse number} [comfort-noise {13 | 19}]

no rtp payload-type nte

Syntax Description  cisco-cas-payload Identifies the payload type as Cisco CAS RTP payload. Number values are
number 96 through 127; the default value is 101.
cisco-clear-channel Identifies the payload type as Cisco clear channel RTP payload. Number
number values are 96 through 127; the default value is 101.
cisco-codec-fax-ack Identifies the payload type as Cisco codec fax acknowledge. Number values
number are 96 through 127; the default value is 101.
cisco-codec-fax-ind Identifies the payload type as Cisco codec fax indication. Number values
number are 96 through 127; the default value is 101.

cisco-fax-relay number Identifies the payload type as Cisco fax relay. Number values are 96 through
127; the default value is 101.

cisco-pcm-switch-over Identifies the payload type as Cisco RTP PCM codec switch over indication

-alaw number (a-law). Number values are 96 through 127; the default value is 101.

cisco-pcm-switch-over Identifies the payload type as Cisco RTP PCM codec switch over indication

-ulaw number (u-law). Number values are 96 through 127; the default value is 101.

cisco-rtp-dtmf-relay Identifies the payload type as Cisco RTP DTMF relay. Number values are

number 96 through 127; the default value is 101.

nte number Identifies the payload type as a Named Telephone Event (NTE). Number
values are 96 through 127; the default value is 101.

nse number Identifies the payload type as a Named Signaling Event (NSE). Number
values are 96 through 127; the default value is 101.

comfort-noise Indicates the RTP payload type of comfort noise. The July 2001 draft

entitled RTP Payload for Comfort Noise, from the IETF AVT working
group, designates 13 as the payload type for comfort noise. Previous Cisco
equipment uses 19 as the payload type for comfort noise. If you are
connecting to a GW that complies with the RTP Payload for Comfort Noise
draft, use 13. Only use 19 if you are connecting to older Cisco gateways that
use DSPware before version 3.4.32.

Defaults The default number value is 101.

Command Modes Dial-peer configuration

Cisco 10S Release 12.2(8)T and 12.2(11)T
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rtp payload-type M

Command History Release Modification

12.2(2)T This command was introduced.

12.2(2)XB The nte and comfort-noise keywords were introduced.

12.2(2)XB1 This command was implemented on the Cisco AS5850 platform.

12.2(8)T This command was integrated into Cisco IOS Release 12.2(8)T.

12.2(11)T This command was integrated into Cisco IOS Release 12.2(11)T and
support was added for the Cisco AS5300, Cisco AS5400, and Cisco AS5850
platforms.

Usage Guidelines Use the rtp payload-type nte command to identify the payload type of an RTP NTE. Use this command
after the dtmf-relay command is used to choose the NTE method of dual tone multifrequency (DTMF)
relay for a Session Initiation Protocol (SIP) call.

Examples The following example demonstrates the use of the rtp payload-type nte command with the SIP NTE
DTMF relay feature:

Router (config-dial-peer)# rtp payload-type nte 99

Related Commands =~ Command Description

dtmf-relay Specifies how an H.323 or SIP gateway relays DTMF tones between
telephony interfaces and an IP network.

Cisco 10S Release 12.2(8)T and 12.2(11)T
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M Glossary

Glossary

DTMF—dual tone multifrequency. Tones that are generated when a button on a touch-tone phone is
pressed. When the tone is generated, it is compressed, transported to the other party, and decompressed.

IVR—Interactive voice response. Scripts which are used to collect information from a user to process
commands; for example, to retrieve voice mail. DTMF digits are entered in response to IVR scripts. In
low-bandwidth compression, DTMF digits can become distorted and unrecognizable by IVR scripts.

NTE—Named Telephony Event. An event such as DTMF digits that must be encoded and transported
in an RTP packet. RFC 2833 specifies the format of the RTP NTE payload.

RTP—Real-Time Transport Protocol. A protocol for transporting multimedia over IP; see RFC 1889,
RTP: A Transport Protocol for Real-Time Applications.

SDP—Session Description Protocol. A protocol for defining information needed to establish multimedia
transport over IP. SDP transmits information such as session announcement, session invitation, transport
addresses, and media types. In a SIP call, SDP messages indicates if NTE will be used, which events will
be sent using NTE, and the NTE payload type value. See RFC 2327, SDP: Session Description Protocol.

SIP—Session Initiation Protocol. A protocol for transporting multimedia that is independent of the
underlying packet control layer, such as User Datagram Protocol (UDP), and is based on a client/server
architecture. See RFC 2543, SIP: Session Initiation Protocol.

Cisco 10S Release 12.2(8)T and 12.2(11)T
[ 16 | |



	Dual Tone Multifrequency Relay for SIP Calls Using Named Telephone Events
	Feature Overview
	Reliable DTMF Relay
	SIP Phone Support
	Benefits
	Restrictions
	Related Features and Technologies
	Related Documents

	Supported Platforms
	Supported Standards, MIBs, and RFCs
	Prerequisites
	Configuration Tasks
	Configuring DTMF Relay and NTE Payload Type
	Verifying DTMF Relay and NTE Payload Type

	Monitoring and Maintaining SIP NTE DTMF relay
	Configuration Examples
	DTMF Relay using RTP-NTE Example
	RTP Using Payload Type NTE Example

	Command Reference
	debug voip rtp
	dtmf-relay
	rtp payload-type
	Glossary



<<
  /ASCII85EncodePages false
  /AllowTransparency false
  /AutoPositionEPSFiles true
  /AutoRotatePages /All
  /Binding /Left
  /CalGrayProfile (Dot Gain 20%)
  /CalRGBProfile (sRGB IEC61966-2.1)
  /CalCMYKProfile (U.S. Web Coated \050SWOP\051 v2)
  /sRGBProfile (sRGB IEC61966-2.1)
  /CannotEmbedFontPolicy /Warning
  /CompatibilityLevel 1.4
  /CompressObjects /Tags
  /CompressPages true
  /ConvertImagesToIndexed true
  /PassThroughJPEGImages true
  /CreateJDFFile false
  /CreateJobTicket false
  /DefaultRenderingIntent /Default
  /DetectBlends true
  /DetectCurves 0.0000
  /ColorConversionStrategy /LeaveColorUnchanged
  /DoThumbnails false
  /EmbedAllFonts true
  /EmbedOpenType false
  /ParseICCProfilesInComments true
  /EmbedJobOptions true
  /DSCReportingLevel 0
  /EmitDSCWarnings false
  /EndPage -1
  /ImageMemory 1048576
  /LockDistillerParams false
  /MaxSubsetPct 100
  /Optimize true
  /OPM 1
  /ParseDSCComments true
  /ParseDSCCommentsForDocInfo true
  /PreserveCopyPage true
  /PreserveDICMYKValues true
  /PreserveEPSInfo true
  /PreserveFlatness true
  /PreserveHalftoneInfo false
  /PreserveOPIComments false
  /PreserveOverprintSettings true
  /StartPage 1
  /SubsetFonts true
  /TransferFunctionInfo /Apply
  /UCRandBGInfo /Preserve
  /UsePrologue false
  /ColorSettingsFile ()
  /AlwaysEmbed [ true
  ]
  /NeverEmbed [ true
  ]
  /AntiAliasColorImages false
  /CropColorImages true
  /ColorImageMinResolution 300
  /ColorImageMinResolutionPolicy /OK
  /DownsampleColorImages true
  /ColorImageDownsampleType /Bicubic
  /ColorImageResolution 300
  /ColorImageDepth -1
  /ColorImageMinDownsampleDepth 1
  /ColorImageDownsampleThreshold 1.50000
  /EncodeColorImages true
  /ColorImageFilter /DCTEncode
  /AutoFilterColorImages true
  /ColorImageAutoFilterStrategy /JPEG
  /ColorACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /ColorImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000ColorACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000ColorImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasGrayImages false
  /CropGrayImages true
  /GrayImageMinResolution 300
  /GrayImageMinResolutionPolicy /OK
  /DownsampleGrayImages true
  /GrayImageDownsampleType /Bicubic
  /GrayImageResolution 300
  /GrayImageDepth -1
  /GrayImageMinDownsampleDepth 2
  /GrayImageDownsampleThreshold 1.50000
  /EncodeGrayImages true
  /GrayImageFilter /DCTEncode
  /AutoFilterGrayImages true
  /GrayImageAutoFilterStrategy /JPEG
  /GrayACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /GrayImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000GrayACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000GrayImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasMonoImages false
  /CropMonoImages true
  /MonoImageMinResolution 1200
  /MonoImageMinResolutionPolicy /OK
  /DownsampleMonoImages true
  /MonoImageDownsampleType /Bicubic
  /MonoImageResolution 1200
  /MonoImageDepth -1
  /MonoImageDownsampleThreshold 1.50000
  /EncodeMonoImages true
  /MonoImageFilter /CCITTFaxEncode
  /MonoImageDict <<
    /K -1
  >>
  /AllowPSXObjects false
  /CheckCompliance [
    /None
  ]
  /PDFX1aCheck false
  /PDFX3Check false
  /PDFXCompliantPDFOnly false
  /PDFXNoTrimBoxError true
  /PDFXTrimBoxToMediaBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXSetBleedBoxToMediaBox true
  /PDFXBleedBoxToTrimBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXOutputIntentProfile ()
  /PDFXOutputConditionIdentifier ()
  /PDFXOutputCondition ()
  /PDFXRegistryName ()
  /PDFXTrapped /False

  /Description <<
    /CHS <FEFF4f7f75288fd94e9b8bbe5b9a521b5efa7684002000500044004600206587686353ef901a8fc7684c976262535370673a548c002000700072006f006f00660065007200208fdb884c9ad88d2891cf62535370300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c676562535f00521b5efa768400200050004400460020658768633002>
    /CHT <FEFF4f7f752890194e9b8a2d7f6e5efa7acb7684002000410064006f006200650020005000440046002065874ef653ef5728684c9762537088686a5f548c002000700072006f006f00660065007200204e0a73725f979ad854c18cea7684521753706548679c300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c4f86958b555f5df25efa7acb76840020005000440046002065874ef63002>
    /DAN <>
    /DEU <>
    /ESP <>
    /FRA <>
    /ITA <>
    /JPN <>
    /KOR <FEFFc7740020c124c815c7440020c0acc6a9d558c5ec0020b370c2a4d06cd0d10020d504b9b0d1300020bc0f0020ad50c815ae30c5d0c11c0020ace0d488c9c8b85c0020c778c1c4d560002000410064006f0062006500200050004400460020bb38c11cb97c0020c791c131d569b2c8b2e4002e0020c774b807ac8c0020c791c131b41c00200050004400460020bb38c11cb2940020004100630072006f0062006100740020bc0f002000410064006f00620065002000520065006100640065007200200035002e00300020c774c0c1c5d0c11c0020c5f40020c2180020c788c2b5b2c8b2e4002e>
    /NLD (Gebruik deze instellingen om Adobe PDF-documenten te maken voor kwaliteitsafdrukken op desktopprinters en proofers. De gemaakte PDF-documenten kunnen worden geopend met Acrobat en Adobe Reader 5.0 en hoger.)
    /NOR <>
    /PTB <>
    /SUO <>
    /SVE <>
    /ENU (Use these settings to create Adobe PDF documents for quality printing on desktop printers and proofers.  Created PDF documents can be opened with Acrobat and Adobe Reader 5.0 and later.)
  >>
  /Namespace [
    (Adobe)
    (Common)
    (1.0)
  ]
  /OtherNamespaces [
    <<
      /AsReaderSpreads false
      /CropImagesToFrames true
      /ErrorControl /WarnAndContinue
      /FlattenerIgnoreSpreadOverrides false
      /IncludeGuidesGrids false
      /IncludeNonPrinting false
      /IncludeSlug false
      /Namespace [
        (Adobe)
        (InDesign)
        (4.0)
      ]
      /OmitPlacedBitmaps false
      /OmitPlacedEPS false
      /OmitPlacedPDF false
      /SimulateOverprint /Legacy
    >>
    <<
      /AddBleedMarks false
      /AddColorBars false
      /AddCropMarks false
      /AddPageInfo false
      /AddRegMarks false
      /ConvertColors /NoConversion
      /DestinationProfileName ()
      /DestinationProfileSelector /NA
      /Downsample16BitImages true
      /FlattenerPreset <<
        /PresetSelector /MediumResolution
      >>
      /FormElements false
      /GenerateStructure true
      /IncludeBookmarks false
      /IncludeHyperlinks false
      /IncludeInteractive false
      /IncludeLayers false
      /IncludeProfiles true
      /MultimediaHandling /UseObjectSettings
      /Namespace [
        (Adobe)
        (CreativeSuite)
        (2.0)
      ]
      /PDFXOutputIntentProfileSelector /NA
      /PreserveEditing true
      /UntaggedCMYKHandling /LeaveUntagged
      /UntaggedRGBHandling /LeaveUntagged
      /UseDocumentBleed false
    >>
  ]
>> setdistillerparams
<<
  /HWResolution [2400 2400]
  /PageSize [612.000 792.000]
>> setpagedevice


