Cisco Hoot and Holler over IP

The voice multicasting feature on Cisco 1750 and Cisco 1751 modular access routers and Cisco 2600
and Cisco 3600 series routers uses Cisco Voice over I1P (VolP) technology to create a permanently
connected point-to-multipoint hoot and holler network over an |P connection.

This appendix describes the Cisco hoot and holler over |P feature and contains the following sections:
» Hoot and Holler over IP Overview, page 1
» Cisco Hoot and Holler over IP Overview, page 3
« Configuration Tasks, page 11
- Configuration Examples, page 25

Use Cisco Feature Navigator to find information about platform support and Cisco | OS software image
support. Access Cisco Feature Navigator at http://www.cisco.com/go/fn. You must have an account on
Cisco.com. If you do not have an account or have forgotten your username or password, click Cancel at
the login dialog box and follow the instructions that appear.

Hoot and Holler over IP Overview
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Four-wire ear and mouth (E& M), E1/T1, Foreign Exchange Office (FXO), and Foreign Exchange Station
(FXS) configurations provide continuous Vol P connections across a packet network using the
connection-trunk mechanism. By using the inherent point-to-multipoint connectivity of IP multicast
(IPmc), the routers can take several inbound voice streams from the traditional hoot devices and forward
the packetized voice over the IP network to all parties within a defined hoot and holler group.

Hoot and holler networks provide “aways on” multiuser conferences without requiring that users dial
into a conference. These networks came into being more than 40 years ago when local concentrations of
small specialized businesses with common, time-critical informational interests began to install their
own phone wires, speakers (called “squawk boxes”), and microphones between their businesses to ask
each other about parts that customers needed. These networks functioned as crude, do-it-yourself,
business-to-business intercom systems.

Hoot and holler broadcast audio network systems have since evolved into the specialized |eased-line
networks used by financial and brokerage firms to trade stocks and currency futures and the
accompanying time-critical information such as market updates and morning reports.
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Users of various forms of hoot and holler networks now include brokerages, news agencies, publishers,
weather bureaus, transportation providers, power plant operators, manufacturers, collectibles dealers,
talent agencies, and nationwide salvage yard organizations.

Hoot and holler is used in these various industries as a way to provide a one-to-many or many-to-many
conferencing service for voice communications. In the past, hoot and holler was deployed using
point-to-point telephone company circuits and a hoot and holler bridging and mixing functionality that
was provided either by the customer or as a service of the Public Switched Telephone Network (PSTN)
carrier.

A common use of hoot and holler is a broadcast audio network that is used throughout the brokerage
industry to communicate morning reports aswell asto advise the trading community within a brokerage
firm on market movements, trade executions, and so on. All users can talk simultaneously with each
other, if desired.

But more commonly, a broker in afield office will “shout” an order to the trading floor. The shout
ensures that the trading floor can hear the order and a floor trader can confirm the transaction. A typical
brokerage firm has several of these networks for equity, retail, and bonds with network size and degree
of interactivity varying depending on the application.

Within the financial community there are two general uses for hoot and holler networks:

» Market updates—Market update (morning report) hoot networks tend to be active for an hour in the
morning and inactive for the rest of the day.

» Trading—Trading hoot networks tend to be more widely used throughout the trading day.

Both of these applications can reap significant advantages by running over an IP network because any
idle bandwidth can be reclaimed by data applications.

Today most hoot and holler customers pay for separate leased-line charges from a common carrier to
transport their hoot and holler to remote branch offices. This recurring charge is usually
significant—some larger firms spend more than $2 million to $3 million per year just to distribute hoot
and holler feeds.

Cisco’s hoot and holler over IP feature:
« Eliminates yearly reoccurring switched-circuit telephone company charges (toll-bypass)
» Eliminates the need for |eased lines and the accompanying charges
» Reduces the need for hoot and holler bridges
» Improves hoot and holler network manageability
» Reduces the time to troubleshoot a problem from hours to minutes
» Reduces the time to provision bandwidth from days to a few hours
» Increases productivity through future applications (such as IP/TV and turret support)
» Provides the ability to integrate voice, video, and data signaling capabilities

Cisco hoot and holler over IP is supported on Cisco 1750, Cisco 1751, Cisco 2600 series, Cisco 3600
series, and on NM-HDV, NMZV, and NM-2V network modules.

Refer to the following documentation for additional information:

» Configuring Voice over | P features—Cisco |OS Release 12.3 Configuration Guides and Command
References

« |P multicasting—IP Multicast site on Cisco.com

Cisco I0S Voice Configuration Library, Release 12.3
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Current Hoot and Holler Implementations

Traditional hoot and holler networks (see Figure 1) are analog, multipoint, four-wire, audio-conference
networks that are always up. When a user wants to communicate, the user pushes a button and speaks
either through a microphone, a hoot phone, a turret, or a squawk box.

Figure 1 Traditional Hoot and Holler Network
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Figure 1illustrates atraditional hoot and holler network. Each remote location is connected to a central
bridge using leased lines. Four-wire connections and N-1 bridges are used to avoid echo problems.

Hoot and holler networks are typically spread over four to eight sites although financial retail networks
may have hundreds of sites interconnected. Within asite, bridging (mixing voice signals) isdone locally
with a standard analog or digital bridge that may be part of atrading turret system. Between sites, there
are two prevalent methods for providing transport:

» Point-to-point leased lines with customer-provided audio bridging at a central site
» Carrier-provided audio bridging

When customers provide their own bridging services with point-to-point leased lines, branch officesin
ametropolitan area commonly have 25 to 50 lines or more.

The second method, carrier-provided audio bridging, is prevalent within the United States but rare for
overseas transport. In this scenario, the audio bridges are located at the carrier's central office and the
four-wire lines are terminated at the client’s site on alocal audio-bridge equipped with four-wire
plug-ins, which then feed to local public address (PA) system speakers. Customer-provided hoot
bridging services can now be replaced with a Cisco hoot and holler over IP solution.

Cisco Hoot and Holler over IP Overview

Cisco's Vol P technology, which wasinitially focused on traditional PBX toll-bypass applications, can be
used to combine hoot and holler networks with data networks. While some customers may have done
some level of hoot and data integration in the late 1980s with time-division multiplexing (TDM), this
form of integration does not allow for the dynamic sharing of bandwidth that is characteristic of VolP.

Thisdynamic sharing of bandwidth is even more compelling with hoot and holler than with atoll-bypass
application because some hoot circuits may be active for an hour or two for morning reports but dead for
the rest of the day—the idle bandwidth can be used by the data applications during these long periods of
inactivity.

Cisco I0S Voice Configuration Library, Release 12.3
| "
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Note

Beginning with Cisco |OS Release 12.1(2)XH, Cisco hoot and holler over |P can be implemented using
Cisco's Vol Ptechnology. This solution leverages Cisco’s | OS expertisein Vol P, quality of service (QoS),
and IP multicasting (IPmc) and is available on Cisco 1750, Cisco 1751, Cisco 2600 series, and the
Cisco 3600 series.

Figure 2 shows a diagram of the Cisco hoot and holler over 1P solution connecting legacy hoot
equipment over an |P network.

The “V” on the Cisco router icons signifies that some of the hoot and holler bridging function is being
done by the router's digital signal processors (DSPs).

Figure 2 Hoot and Holler over IP Using Cisco 1750 and Cisco 1751 modular access routers and Cisco
2600 and Cisco 3600 Series Routers
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Four-wire E&M, E1/T1, FXO, and FXS configurations provide continuous Vol P connections across a

packet network. By using the inherent point-to-multipoint characteristic of 1Pmc, the routers can take
several inbound voice streams from the traditional hoot devices and forward the packetized voice over
the 1P network to all parties within a defined hoot and holler group.

Voice Multicasting

The voice multicasting feature on Cisco 1750, Cisco 1751, Cisco 2600 series, and the Cisco 3600 series
uses Cisco Vol P technology to create a point-to-multipoint hoot and holler network over an |P
connection.

You can connect voice multicasting telephones to routers in the following ways:

Jl  Cisco |0S Voice Configuration Library, Release 12.3
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- Connect afour-wire E&M telephone, which has no dial and is always off-hook, directly to an E&M
voice interface card that isinstalled in a voice network module. Configure the E& M interface for
four-wire trunk operation. For information about configuring E& M interfaces, see the chapter
“ Configuring Voice Ports” in this configuration guide.

» Connect a conventional telephone to a PBX that is connected to an E& M voice interface card.

» Connect aconventional telephone to an FXS voice interface card that isinstalled in avoice network
module.

« Connect a conventional telephone to a PBX that is connected through a EL/T1 line to a multiflex
trunk interface card that isinstalled in a high-density voice network module.

Note  The voice multicasting feature supports only one E1/T1 line per high-density voice network module.

Note  High-density voice modules (T1 and E1) are not currently supported on Cisco 1750 and Cisco 1751
modular access routers.

Note  The FXO interface is not supported on Cisco 1750 and Cisco 1751 modular access routers.

IP/TV Access
The Cisco hoot and holler over I P feature enables you to access ongoing IP/TV multicasts for listening
to voice content of the IP/TV session. For complete information on IP/TV, see the IP/TV Content
Manager Installation and User Guide.
S

Note  IP/TV isnot supported on Cisco 1750 and Cisco 1751 modular access routers.

The following figure illustrates Cisco hoot and holler being used to access |P/TV multicasts:

Figure 3 Cisco Hoot and Holler over IP Access to IP/TV Multicast
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For the Cisco hoot and holler over 1P and IP/TX interaction to work correctly, do the following:

Cisco I0S Voice Configuration Library, Release 12.3
| "
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» Ensure that you have properly connected and configured your network for Vol P. Enable the
Cisco hoot and holler over IP feature using the session protocol multicast command.

- Ensurethat the server configured with the IP/TV Content Manager isin the same Ethernet network
as the Cisco hoot and holler over IP functionality.

» Ensurethat the Cisco hoot and holler over |P multicast details are registered with the IP/TV Content
Manager.

Note  IP/TV support for Cisco hoot and holler over IP uses only G.711 u-law (mu-law) encoding.
IP/TV supports one audio stream for Cisco hoot and holler over IP.

IP/TV does not support arbitration and mixing.

Content Manager

On the configuration screen (Administration Tool>Scheduled Programs>New
Program>Configuration), provide the following details:

» Multicast address

» RTP port—defined by the dial peer in the router

» |P/TV server—IP address or name

» From the Settings>Content Manager option, do the following:
Click Add New.

Enter the IP/TV server name.

Enter the port number. It must be 80 because it isHTTP.
Click OK and exit.

Note  In Content Manager, be sure to specify the multicast 1P address and RTP port for the Cisco hoot and
holler over IP session.

Interactive Voice Response

The Cisco hoot and holler over | P feature can support interactive voice response (IVR) as a means of
authentication, authorization, and accounting (AAA) control. See the “Configuring TCL IVR
Applications” chapter in this configuration guide or refer to the Cisco |OS \Voice, Video, and Fax
Command Reference for more information.

~

Note VR isnot supported on Cisco 1750 and Cisco 1751 modular access routers.

Migration Strategy

To aid troubleshooting and allow for regionalized hoot and holler conferences, most hoot and holler
networks today are structured by interconnecting multiple regional hoot networks with a centralized
bridge. The regional hoot networks are built using either carrier-based multidrop circuits or point-to-

Cisco I0S Voice Configuration Library, Release 12.3
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point circuits bridged by the customer. All of these circuits are connected through patch panelsthat allow
for these regional bridges to be connected for a larger corporate-wide conference call. Thisistypically
done for the “morning call” that is broadcast to all locations, advising of market movements,
recommendations, and commentary. Later in the day, the patch panel may be reconfigured to allow for
local or regional conference bridges. This allows for multiple conference calls for various purposes,
without provisioning multiple circuits. By segmenting the network into regions, troubleshooting is also
easier because any audio disturbance, feedback, or level problems can beisolated to a smaller subset of
remote offices for more specific troubleshooting.

The highly segmented nature of existing hoot and holler networks can be leveraged in the migration from
legacy hoot technology to Cisco hoot and holler over IP. A small segment of the hoot network can be
converted to Cisco hoot and holler over IPwhile preserving the operational procedures at the main office.

Note that the migration to Cisco hoot and holler over | P does not require replacing end-user equipment
or central bridging equipment. The main impetus for this first phase of migration isto eliminate the

recurring expense of carrier multidrop circuits or dedicated |eased lines. Migration successis maximized
by minimizing changes to the end user while realizing an attractive payback period on the capital costs.

Asthe entire hoot network converges with the data network, additional functionality can be introduced.
Since the hoot and holler connections are now carried in standard multicast RTP packets, hoot channels
can now be received by a soft client such as IP/TV, which can receive an IP multicast RTP stream. An
alternate migration strategy is to use Cisco hoot and holler over IP technology initially as a backup for
the existing hoot circuits within aregion with a phased plan of cutting over to Cisco hoot and holler over
IP as the primary transport while keeping the existing circuits as a backup for a predefined burn-in
period.

Technical Details of the Cisco Hoot and Holler over IP Solution

This section describes how Cisco hoot and holler over |P works from a technical perspective. It covers
design considerations in terms of 10S configurations and DSP mixing functionality. It also covers
bandwidth planning and QoS, with the following assumptions:

» That you have some level of Cisco |0S experience.

- That you have some experience configuring QoS features using Cisco | OS software. For assistance,
refer to the Cisco IOSIP and IP Routing Configuration Guide at the following URL :

http://www.cisco.com/univercd/cc/td/doc/product/software/ios122/122cgcr/fipr_c/index.htm

« That you have some experience configuring Vol P using Cisco 10S software. For assistance, refer to
the Cisco 10S Voice over |P Overview at the following URL.:

« http://www.cisco.com/univercd/cc/td/doc/product/software/ios122/122cgcer/fvvfax_c/vvfvoip.htm

» That you have some experience configuring | P multicasting using Cisco |0S software. For
assistance, refer to Cisco 10S Configuring IP Multicast Routing at the following URL:

http://www.cisco.com/univercd/cc/td/doc/product/software/ios122/122cgcr/fipr_clipcpt3/index.
htm

- That you have aworking IP network, with IP multicasting configured using the Cisco 1700 series,
Cisco 2600, and Cisco 3600 series routers. If not, refer to the documentation on Cisco.com at the
following URLSs:

http://www.cisco.com/univercd/cc/td/doc/product/software/ios122/122cgcr/index.htm
http://www.cisco.com/univercd/cc/td/doc/product/access/acs mod/cis2600/index.htm
http://www.cisco.com/univercd/cc/td/doc/product/access/acs mod/cis3600/index.htm

Cisco 10S Voice Configuration Library, Release 123
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- That you are familiar with Cisco IP/TV. For assistance, refer to Cisco |0S Software Configuration
at the following URL.:

http://www.cisco.com/univercd/cc/td/doc/product/software/iptv30/

» That you understand basic hoot and holler concepts and equipment.

IP Multicast and DSP Arbitration and Mixing

When deploying Cisco hoot and holler over I, first consider how the voice streams are going to be mixed
and how they will be distributed to other locations. Thisis done using a combination of two technol ogies:

e IPmc
e DSP arbitration and mixing

Since hoot and holler is generally used to allow many people to simultaneously talk and listen to other
people within ahoot group, by definition it requires that the same speech be delivered to multiple parties
at the same time. In an IP network, this functionality uses IPmc. IPmc allows a source to send a single
packet into the IP network and have it duplicated and sent to many listeners by the other routers within
the network. This technique is beneficial in that it does not require the source to know how many
listeners there are, and the source does not have the additional processing burden of having to send a
copy of each packet to all listeners. IPmc also allows listeners to dynamically join IPmc groups, which
eliminates the administrative burden of new users needing to be added every time anew |Pmc session is
initiated.

The individual router/gateway can handle mixing and arbitrating the various voice streams that can be
initiated or terminated on its voice ports. This functionality is handled by the onboard DSPs on each
voice card (NM-1V, NM-2V, or NM-HDV). Arbitration involves identifying the various sources of the
voice stream, and mixing involves taking some of those voice streams and combining them into a
single-sourced voice stream. Cisco hoot and holler over IP can handle many inbound voice streams, but
it only arbitrates and mixes three streams to be heard within the hoot group. This value works finein
most applications because, with more than three streams, two things happen in normal conversation:

» People are not able to distinguish the content of more than three voice streams.
» People normally stop speaking if they hear others talking ahead of them.

Note  The mixi ng functionality does not do a summation of the voice streams.

The DSPs in the Cisco hoot and holler over IP feature can mix up to three streams. The mixing of the
three streams is important to network administrators in considering how much bandwidth they should
plan for in their Cisco hoot and holler over 1P networks. Thisis especially crucial when planning for

WAN bandwidth, which is often much more expensive and much less available than LAN bandwidth.

The advantage to this functionality is that a network administrator never has to be concerned about
provisioning voice bandwidth for more than three times each call’s bandwidth for each WAN site, which
helps to simplify overall network planning.

Bandwidth Planning

Four main factors must be considered with regard to bandwidth planning for
Cisco hoot and holler over IP:

e Codecs used for VoIP (G.711, G.726, G.729, and G.729a are currently supported).

Cisco I0S Voice Configuration Library, Release 12.3
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Note  Codecs g723ar53, g723r53, g723ar63, g723r63, and g728 are not supported on Cisco 1750 and

Cisco 1751 modular access routers.

- Bandwidth management techniques.
« The number of voice streams to be mixed.

« The amount of guaranteed bandwidth available on the IP network. This includes both LAN and
WAN bandwidth and should take into consideration other factors, such as Frame Relay committed
information rate.

By default, Cisco 10S sends all VolP traffic (media, using RTP) at a rate of 50 packets per second. The
packets include not only the voice sample, but also an IP, User Datagram Protocol (UDP), and RTP
header. The IP/UDP/RTP header adds an additional 40 bytes to each packet. The amount of bandwidth
each VoI P call consumes depends on the codec selected. The resulting bandwidths can be as follows:

e G.729 or G.729a = 3,000 bytes * 8 bits = 24 Kb/call
» (.726 = 6,000 bytes * 8 bits = 48 Kb/call
» G.711 = 10,000 bytes * 8 bits = 80 Kb/call

In addition to these cal culations, network administrators must consider the Layer 2 headers
(Frame Relay, PPP, Ethernet, and so on) and add the appropriate number of bytes to each packet.

Inthe table bel ow, the assumptionisthat the payload size (in bytes) is 20-millisecond samples per packet
with 50 packets per second.

The value of nis equal to the number of voice streamsin a session.

The uncompressed bandwidth includes | P/ UDP/RTP headers (40 bytes) in the bandwidth calculation.
Compressed RTP (cRTP) reduces the IP/UDP/RTP headers to between 2 to 4 bytes per packet. The
calculation of compressed bandwidth below uses 4 bytes for a compressed | P/UDP/RTP header per
packet.

Maximum RTP Control Protocol (RTCP) bandwidth is 5 percent of the total RTP traffic in a hoot and
holler session. Since the Cisco hoot and holler over I P application supports mixing of a maximum of
three voice streams, the RTCP bandwidth is limited to 5 percent of three-voice-stream traffic.

In addition to the above, Layer 2 headers (Frame Relay, Point-to-Point Protocol, Ethernet, and so on)
should be considered and added to the bandwidth cal culation.

Codec

RTCP Bandwidth per

Payload Size
(byte)

(Kbps)

Bandwidth/ Voice Stream

Cisco Hoot and Holler over IP
Session (Kbps)

Example—One Voice Stream in a
Session (Bandwidth in Kbps)

Uncompressed

Compressed

=(1yn+(3)

=(@yn+(3)

0.729

20

24

9.6

3.6

27.6

13.2

g.726

80

48

33.6

7.2

55.2

40.8

g.711

160

80

65.6

12.0

92.0

77.6

Cisco 10S Voice Configuration Library, Release 123
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CRTP, Variable-Payload Sizes and VAD

Virtual Interface

Some network administrators may consider this amount of bandwidth per call unacceptable or outside
the limits of the bandwidth they can provide, especially in the WAN. There are several options that
network administrators have for modifying the bandwidth consumed per call:

» RTP header compression (CRTP)
» Adjustable byte size of the voice payload
- Voice activity detection (VAD)

IP/UDP/RTP headers add an additional 40 bytes to each packet, but each packet header is basically
unchanged throughout the call. Compressed RTP can be enabled for the Vol P calls, which reduces the
IP/UDP/RTP headers from 2 bytes to 4 bytes per packet.

More information on cRTP may be found in the “ Quality of Service Overview” chapter of the Cisco 10S
Quality of Service Solutions Configuration Guide at the following URL:

http://www.cisco.com/univercd/cc/td/doc/product/software/ios122/122cgcer/fqos_c/qcfintro.htm

In addition to reducing the IPPUDP/RTP headers per packet, the network administrator also has the
option of controlling how much voice payload is included in each packet. Thisis done using the bytes
keyword and argument in a Vol P dial peer. The following example shows a dial-peer configuration:

dial-peer voice 1 voip
destination-pattern 4085551234

codec g729r8 bytes 40

session protocol multicast

session target ipv4:239.10.108.252:20102

As the number of bytes per packet is modified, so too is the number of packets per second that are sent.

VAD enablesthe DSPsto dynamically sense when there are pausesin a conversation. When these pauses
occur, no Vol P packets are sent into the network. This significantly reduces the amount of bandwidth
used per Vol P call, sometimes as much as 40 percent to 50 percent. When voiceis present, Vol P packets
are again sent. When using Cisco hoot and holler over |P, VAD must be enabled to reduce the amount of
processing of idle packets by the DSPs. In basic Vol P, VAD can be enabled or disabled, but since the
DSPsalso haveto do arbitration and mixing, VAD must be disabled to reduce the DSPs’ processing load.
In addition to enabling VAD (which isonly by default), network administrators should modify the VAD
parameters that sense background noise so that idle noise does not consume bandwidth.

This can be configured as in the following E& M port example:

voice class permanent 1
signal timing oos timeout disabled
signal keepalive 65535
|
voice-port 1/0/0
voice-class permanent 1
connection trunk 111
music-threshold -30
operation 4-wire

The configuration above isused for avoice port that isin send/receive mode, and only noise above -30Db
is considered voice.

Inall Cisco hoot and holler over IP implementations, the routers are configured with an “interface vif1.”
Thisisavirtual interface that is similar to aloopback interface—a logical IP interface that is always up
when the router is active. In addition, it must be configured so the Cisco hoot and holler over 1P packets

Jl  Cisco |0S Voice Configuration Library, Release 12.3
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that arelocally mixed on the DSPs can be fast-switched along with the other data packets. Thisinterface
must reside on its own unique subnet, and that subnet should be included in the routing protocol updates
(Routing Information Protocol [RIP], Open Shortest Path First [OSPF], and so on).

Connection Trunk

Cisco hoot and holler over IP provides an “aways-on” communications bridge—end users do not need
to dial any phone numbers to reach the other members of a hoot group. To simulate this functionality,
Cisco |0S provides a feature called “connection trunk.” Connection trunk provides a permanent voice
call, without requiring any input from the end user, because all the digits are internally dialed by the
router/gateway.

With traditional Vol P usages of connection trunk, the call is mapped to aremote router/gateway, and all
the H.323 signaling is handled dynamically when the trunk is established. With hoot and holler over IR,
the connection trunk is associated with the | P address of the IP multicast group that maps to the hoot

group.
In addition, all negotiation of UDP ports for the audio stream is manually configured. The following
example shows an E& M voice port connection trunk set up for Cisco hoot and holler over |P:

voice-port 1/0/0

connection trunk 111
music-threshold -30
operation 4-wire

|

dial-peer voice 1 voip
destination-pattern 111
voice-class permanent 1
session protocol multicast
session target ipv4:237.111.0.0:22222
ip precedence 5

In this example, the digitsin the connection trunk 111 string match the destination pattern of the Vol P
dial peer. Also, the session protocol is set to multicast and the session target is pointing to the | Pmc group
number, with the UDP port (22222) predefined.

Cisco Hoot and Holler over IP Restrictions

The restrictions for using Cisco hoot and holler over IP are as follows:
» Cisco hoot and holler over | P supports the mixing of only three voice streams.
« |P/TV does not support the mixing of audio streams.
e IP/TV supportsonly G.711 u-law (mu-law).
« Voice Interface Card Basic Rate Interface (VIC-BRI) is not supported.

Configuration Tasks

To configure Cisco hoot and holler over 1P, perform the tasks in the following sections:
« Configuring Multicast Routing, page 12 (Required)
« Configuring the Virtual Interface, page 12 (Required)
» Configuring VolP Dial Peers, page 12 (Required)

Cisco I0S Voice Configuration Library, Release 12.3
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» Configuring E& M Voice Ports, page 15 (Required, if used)
» Configuring for Receive Only Mode, page 18 (Optional)
- Configuring the Relevant Interface, page 18 (Required)

« Configuring Voice Ports in High-Density Voice Network Modules, page 20 (Required, if using
T1/EL)

Configuring Multicast Routing

To enable multicast routing, use the following commands beginning in global configuration mode:

Command Purpose

Router (config)# ip multicast-routing Enables multicast routing.

Configuring the Virtual Interface

To configure the virtual interface for multicast fast switching, use the following commands beginning in
global configuration mode:

Command Purpose

Stepl  Router (config)# interface type number [name-tag] Defines avirtual interface for multicast fast
switching. Routers joining the same session must
have their virtual interfaces on different subnets.
Otherwise, packets are not switched to the IP

network.
Step2  Router(config-if)# ip address ip-address mask Assigns the IP address and subnet mask for the
[secondary] virtual interface.
Step3  Router(config-if)# ip pim {dense-mode | sparse mode | |Specifies Protocol Independent Multicast (PIM).

sparse-dense-mode} Whatever mode you choose should match all the

interfaces in all the routers of your network.

Configuring VolIP Dial Peers

To configure the Vol P dial peers on the router, use the following commands beginning in global
configuration mode;

Cisco I0S Voice Configuration Library, Release 12.3
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Step 1

Step 2

Configuration Tasks W

Command

Purpose

Router (config)# dial-peer voice tag voip

Assigns a variable number (tag) to the Vol P dial
peer and enters dial-peer configuration mode.

Router (config-dial-peer)# destination-pattern
[+]string[T]

Specifies the E.164 address associated with this
dial peer. The destination pattern for the Vol P dial
peer must match the value of the
multicast-session-number string for the
corresponding voice port.

The keywords and arguments are as follows:

- +—(Optional) Specifies acharacter indicating
an E.164 standard number. The plussign (+) is
not supported on the Cisco MC3810.

» string—Indicates a series of digitsthat specify
the E.164 or private dialing plan telephone
number. Valid entriesare the digits 0 through 9,
the letters A through D, and the following
special characters:

— The asterisk (*) and pound sign
(#)—Indicate the keys that appear on
standard touch-tone dial pads.

— Comma (,)—Inserts a pause between
digits.

— Period (.)—Matchesany entered digit (this
character is used as awildcard).

— Percent sign (%)—Indicates that the
previous digit/pattern occurred zero or
multiple times, similar to the wild card
usage in the regular expression.
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Command Purpose
— Plussign (+)—Matches a sequence of one
or more matches of the character/pattern.
Note  Theplussign used as part of thedigit string

is different from the plus sign that can be
used in front of the digit string to indicate
that the string is an E.164 standard number.

Circumflex (*)—Indicates a match to the
beginning of the string.

Dollar sign ($)—Matchesthe null string at
the end of the input string.

Backslash symbol (\)—Isfollowed by a
single character matching that character or
used with a single character having no
other significance (matching that
character).

Question mark (?)— Indicates that the
previous digit occurred zero or one time.

Brackets ([])—Indicates a range of digits.
A range is a sequence of characters
enclosed in the brackets, and only numeric
characters from “0” t0 “9” are allowed in
the range. Thisis similar to aregular
expression rule.

Parentheses ( )—Indicates a pattern and is
the same as the regular expression
rule—for example, 408(555). Parentheses
are used in conjunction with symbols?, %,
or +.

For more information on applying
wildcard symbols to destination patterns
and the dial strings that result, see the
“Configuring Dial Plans, Dial Peers, and
Digit Manipulation” chapter in this
configuration guide.

T—(Optional) Control character indicating
that the destination-pattern valueisavariable
length dial string.

Router (config-dial-peer)# session protocol multicast

Thisstepismandatory for voice multicasting andis
the command introduced specifically for the Cisco
hoot and holler over IP application.
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Step 4

Step 5
Step 6

Configuration Tasks W

Command

Purpose

Router (config-dial-peer)# session target

Assigns the session target for voice multicasting
dial peers. Thisisamulticast address in the range
of from 224.0.1.0 to 239.255.255.255 and must be
the same for all portsin a session.

The audio RTP port is an even number in the range
of from 16384 to 32767 and must also be the same
for all portsin a session. An odd-numbered port
(UDP port number + 1) isused for the RTCP traffic
for that session.

Router (config-dial-peer)# ip precedence number

(Optional) Specifies the I P precedence.

Router (config-dial-peer)# codec

Configuresthe codec. You must configure the same
codec on all dial peersin a session.

When the default codec g729r 8 is used, it does not
appear in the configuration when the show
running-config command is used.

Configuring E&M Voice Ports

Step 1
Step 2

Step 3
Step 4
Step 5

Step 6

To configure E& M voice ports, use the following commands beginning in global configuration mode:

Command

Purpose

Router (config)# voice class permanent tag

Defines voice class for transmit-receive mode.

Router (config-class)# signal timing oos timeout
seconds disabled

Disables signaling loss detection. (Use the
disabled keyword in hoot and holler applications.
The seconds argument is not used in these
applications.)

Router (config-class)# signal keepalive number

Specifies the keepalive signaling packet interval.

Router (config-class)# exit

Exits voice-class configuration mode.

Cisco 1750 and Cisco 1751 Modular Access Routers

Router (config) # voice-port slot-number/port

Cisco 2600 and 3600 Series Routers

Router (config) voice-port
{slot-number/subunit-number/port} |
{slot/port:ds0-group-no}

Enters the voice-port configuration mode.
The arguments are as follows:

Cisco 1750 and Cisco 1751 Modular Access Routers

» slot-number—Sl|ot number in the router in
which the voice interface card (VIC) is
installed. Valid entries for Cisco 1750 and
1751 routers are 0 to 2, depending on the slot
inwhich it has been installed. Valid entries for
the Cisco 1760 router are 0 to 3.

- port—Voice port. Valid entries are 0 and 1.

Router (config-voice-port)# voice-class permanent tag

Assigns a previously configured voice class for a
Cisco trunk or FRF.11 trunk to avoice port (for the
port that is allowed to speak).
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Command Purpose
Step7  Router(config-voice-port)# comnection {plar [tied] | Ties the voice port to a multicast-session number.
tie-line | plar-opx} digits | trunk digits Usethetrunk keyword to specify aconnection that

[answer-model emulates a permanent trunk connection to a PBX.

The digits argument specifies the destination
telephone number. Valid entries are any series of
digits that specify the E.164 telephone number.

The plar keyword specifies a PLAR connection,
which rings a remote telephone when the dial peer
goes off hook.

The tied enables the Private Line Automatic
Ringdown for Trading Turrets feature.

Step8  Router(config-voice-port)# music-threshold number (Optional) Sets the music threshold to make
voice-activated dialing (VAD) less sensitive. The
number argument is the on-hold music threshold in
decibels (dB). Valid entries are any integer from
-70 to -30.

Step9  Router(config-voice-port)# operation {2-wire | 4-wire} |Specifiesthe cabling scheme for E&M ports. The
2-wire keyword is the default.

(Choose 4-wire operation for the hoot and holler
application.)

Cisco I0S Voice Configuration Library, Release 12.3
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Command Purpose

Step10 Router(config-voice-port)# type {1 | 2 | 3 | 5} Selects the appropriate E& M interface type
(depending on the end connection—such as PBX):

« Type 1indicates the following lead
configuration (default—thisis the
recommended option):

— E—Output, relay to ground
— M—Input, referenced to ground

« Type 2 indicates the following lead
configuration:

— E—Output, relay to SG
— M—Input, referenced to ground
— SB—Feed for M, connected to -48V

— SG—Return for E, galvanically isolated
from ground

» Type 3indicates the following lead
configuration:

— E—Output, relay to ground

— M—Input, referenced to ground
— SB—Connected to -48V

— SG—Connected to ground

» Type 5 indicates the following lead
configuration:

— E—Output, relay to ground
— M—Input, referenced to -48V

Step 1l Router(config-voice-port)# signal {wink-start | Configuresthe signaling type for E& M voice ports.

immediate | delay-dial} The default is wink-start. Select immediate for
the Cisco hoot and holler over | P application. Inthe
immediate-start protocol, the originating side does
not wait for awink before sending addressing
information. After receiving addressing digits, the
terminating side then goes off-hook for the duration
of the call. The originating endpoint maintains
off-hook for the duration of the call.

Step12 Cisco 1750 and Cisco 1751 Modular Access Routers Selects another voice port.

Rout fig- i - t i - t lot- b t . .
outer (config-voice-port)# voice-port slot-number/port o oy eyolanation of the voice-port arguments,

Cisco 2600 and 3600 Series Routers see Step 5 in this configuration task table.
Router (config) voice-port
{slot-number/subunit-number/port} |
{slot/port:ds0-group-no}

Step 13 Router (config-voice-port)# voice-class permanent tag Uses the voice class tag for the receive-only port.

Cisco I0S Voice Configuration Library, Release 12.3
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Step 14

Step 15

Step 16

Command

Purpose

Router (config-voice-port)# connection {plar | tie-line
| plar-opx} digits | {trunk digits [answer-mode]}

Ties the voice port to the same multicast-session
number asin Step 12. (Usethe trunk keyword and
the digits argument for the hoot and holler
application.)

Router (config-voice-port)# music-threshold number

(Optional) Sets the music threshold to make VAD
less sensitive.

Router (config-voice-port)# operation {2-wire | 4-wire}

Specifies the calling scheme for E& M ports. The
2-wire keyword is the default.

(Specify 4-wire operation for the hoot and holler
application.)

Configuring for Receive Only Mode

Step 1

Step 2

Step 3

Step 4

To configure Cisco hoot and holler over | P asreceive-only mode, use the following commands beginning

in global configuration mode;

Command

Purpose

Router (config-class)# voice class permanent tag

Enters voice-class configuration mode and defines
the voice class for receive-only mode.

Router (config-class)# signal pattern {idle receive |
idle transmit | oos receive | oos transmit} word

Specifies the received signal pattern. Configures

the ABCD bit pattern for Cisco trunks and FRF.11
trunks. (Specify the oos receive keywords and the
word argument for the hoot and holler application.)

Router (config-class)# signal timing oos suppress-all
seconds

If the transmit out-of-service pattern (from the
PBX to the network) matches for the time
specified, the router stops sending packets to the
network.

Router (config-class)# signal keepalive number

Specifies keepalive signaling packet interval.

Configuring the Relevant Interface

To configure either the serial or the Ethernet interface, use the following commands beginning in global

configuration mode.
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Command Purpose
Step1  Cisco 1750 Modular Access Router Configures the physical interface for transmitting
Router (config)# interface type port multicast packets and enters interface

configuration mode.
Cisco 1751 Modular Access Router

Router (config)# interface type slot/port Cisco 1750 Modular Access Router

The arguments are as follows:
Cisco 2600 and 3600 Series Routers

, ) - type—Type of interface to be configured. The
Router (config)# interface type slot/port

type may be any of the following:

— ethernet—Ethernet |EEE 802.3
interface.

— fastethernet—2100-Mbps Ethernet
interface on the Cisco 1750 and Cisco
1751 modular access routers.

— serial—Serial interface.

« port—Number of the port being configured.
Refer to the appropriate hardware manual for
slot and port information.

Cisco 1751 Modular Access Router
The arguments are as follows:

- type—Type of interfaceto be configured. The
type may be any of the following:

— ethernet—Ethernet |EEE 802.3
interface.

— fastether net—100-Mbps Ethernet
interface on the Cisco 1750 and Cisco
1751 modular access routers.

— serial—Serial interface.

— dglot/port—Number of the slot and port
being configured. Refer to the
appropriate hardware manual for slot and
port information.

Cisco I0S Voice Configuration Library, Release 12.3
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Step 2

Step 3

Step 4

Command

Purpose

Cisco 2600 and 3600 Series Routers
The arguments are as follows:

« type—Type of interface to be configured. The
type may be any of the following:

— ethernet—Ethernet |IEEE 802.3
interface.

— serial—Serial interface.

— slot/port—Number of the slot and port
being configured. Refer to the
appropriate hardware manual for slot and
port information.

Router (config-if)# ip address ip-address mask
[secondary]

Sets a primary or secondary |P address for an
interface.

The arguments are as follows:
» ip-address—IP address.
» mask—Mask for the associated | P subnet.

» secondary—(Optional) Specifies that the
configured address is a secondary | P address.
If this keyword is omitted, the configured
address is the primary | P address.

Router (config-if)# ip pim {sparse-mode | dense-mode |

sparse-dense-mode}

Specifies Protocol Independent Multicast (PIM).
Whatever mode you choose should match all the
interfaces in all the routers of your network.

Router (config-if)# no shutdown

Enables the interface.

Configuring Voice Ports in High-Density Voice Network Modules

A multiflex trunk interface card (NM-HDV) in a high-density voice network module requires special
voice-port configuration when connecting for T1/E1 operation. To configure a multiflex trunk interface
card in a high-density voice network module, use the following commands beginning in global

configuration mode.

Note  High-density voice network modules (T1 and E1) are not currently supported by Cisco 1750 and Cisco

1751 modular access routers.
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Command Purpose

Stepl  Router(config)# voice class permanent tag Defines a voice class for receive-only mode and
enters voice class configuration mode. The tag
argument isaunique number that you assign to the
voice class. Thetag number must be unique on the
router. The valid range for thistag is 1 to 10,000.

Step 2 Router (config-class)# signal timing oos timeout Changes the del ay time between the |oss of
[seconds | disabled] signaling packets from the network and the start
time for the out-of-service (OOS) state.

The keywords and arguments are as follows:

« seconds—(Optional) Delay duration, in
seconds, between theloss of signaling packets
and the beginning of the OOS state. The
default is 30 seconds. The rangeis from 1 to
65,535.

» disabled—(Optional) Deactivates the
detection of packet loss. If no signaling
packets are received from the network, the
router does not send an OOS pattern to the
PBX and it continues sending voice packetsto
the network. Use this option to disable
busyout to the PBX.

Step3  Router(config-class)# signal keepalive number Configuresthe keepalive signaling packet interval
for Cisco trunks and FRF.11 trunks. The number

argument specifies the keepalive signaling packet
interval, in seconds. Thevalidrangeis 1to 65,535.

Step4  Router (config-class)# exit Exits voice class configuration mode.

Step5  Router(config)# voice-card slot Selectsthe card to configure and enters voice-card
configuration mode. On the Cisco 2600 and
Cisco 3600 platforms, the slot argument isavalue
from O to 3 that identifies the physical slot in the
chassis in which the voice card is located.

Cisco I0S Voice Configuration Library, Release 12.3
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Command Purpose
Step6  Router (config-voicecard)# codec complexity {high | Specifies call density and codec complexity based
medium} on the codec standard that you are using.

The keywords are as follows:

Note  For hoot and holler applications, codec
complexity must be high. Voice
multicasting does not support medium
complexity, which is the default.

- high—Each digital signal processor (DSP)
supportstwo voice channel sencoded in any of
the following formats:

- g7llalaw—G.711 A-law 64,000 bps.
— g71lulaw—G.711 u-law 64,000 bps.
— g726r24—G726 24,000 bps.

— g726r32—G.726 32,000 bps.

— @g729r8—G.729 8000 bps. (default)
— g729br8—G.729 Annex B 8000 bps.
- fax relay

« medium—Each DSP supports four voice
channels encoded in any of the following
formats:

- g71laawv—G.711 A-Law 64,000 bps.
— g711lulaw—G.711 u-Law 64,000 bps.
— g729r8—G.729 Annex A 8000 bps.

— g729br8—G.729 Annex B with Annex A
8000 bps.

- faxrelay

Note  Codecs G.723.1 and G.728 are not
supported on Cisco 1750 and Cisco 1751
modular access routers.

Step7  Router (config-voicecard)# exit Exits voice-card configuration mode.

Step8  Router(config)# controller {tl | el} slot/port Selects the T1 or E1 controller and enters
controller configuration mode. The slot/port
argument is the backplane slot number and port
number on the interface. See your hardware
installation manual for the specific values and slot
numbers.

Note  High-density voice modules (T1 and E1)
are not currently supported on Cisco 1750
and Cisco 1751 modular access routers.

Cisco I0S Voice Configuration Library, Release 12.3
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Command Purpose

Step9  Router(config-controller)# dsO-group ds0O-group-no Specifiesthe DSO time slots that make up alogical
timeslots timeslot-list type {e&m-delay-dial | e&m-fgd voice port on aT1 or E1 controller and specifies
| e&m-immediate-start | esm-wink-start | ext-sig | . . .
fgd-eana | fxo-ground-start | fxo-loop-start | the Slgna_“ng type by which the rout(_ar .
fxs-ground-start | fxs-loop-start) communicates with the PBX or Public Switched

Telephone Network (PSTN).

Note  High-density voice modules (T1 and E1)
are not currently supported on Cisco 1750
and Cisco 1751 modular access routers.

The keywords and arguments are as follows:

e dsO-group-no—A value from 0 to 23 that
identifies the DSO group.

« timeslots timeslot-list—A single time-slot
number, a single range of numbers, or
multiple ranges of numbers separated by
commas. For T1 or E1, allowable values are
from 1 to 24. Examples are as follows:

- 2
1-15,17-24
- 1-23

- 2,4,6-12

- type—The signaling method selection for the
type keyword depends on the connection that
you are making. The ear and mouth (E& M)
interface allows connection for PBX trunk
lines (tie lines) and tel ephone equipment. The
Foreign Exchange Station (FXS) interface
allows connection of basic telephone
equipment and PBX. The Foreign Exchange
Office (FXO) interface is for connecting the
central office (CO) to a standard PBX
interface where permitted by local
regulations; it is often used for off-premise
extensions (OPXs). Types are as follows:

— e& m-delay-dial—The originating
endpoint sends an off-hook signal and
then waits for an off-hook signal followed
by an on-hook signal from the
destination.

— e&m-fgd—E&M Type Il Feature Group
D.

Cisco I0S Voice Configuration Library, Release 12.3
| "



Cisco Hoot and Holler over IP |

M Configuration Tasks

Command Purpose

— e&m-immediate-start—E&M
immediate start.

— e& m wink-start—E&M Mercury
Exchange Limited Channel-Associated
Signaling (MELCAS) wink-start
signaling support.

— ext-sig—An option available only when
the mode CCS command is enabled on
the Cisco MC3810 multiservice access
concentrator for FRF.11 transparent
common channel signaling (CCYS)
support.

- fgd-eana—Feature Group D exchange
access North American.

— fxo-ground-start—FXO ground-start
signaling support.

— fxo-loop-start—FXO loop-start
signaling support.

— fxs-ground-start—FXS ground-start
signaling support.

— fxs-loop-start—FXSloop-start signaling

support.
Step10 Router (config-controller)# exit Exits controller configuration mode.
Step11  Cisco 1700 Series Routers Enters voice-port configuration mode and
Router (config)# voice-port slot-number/port configures a DSO group that was created in Step 9.

For an explanation of the voice-port command,
Cisco 2600 and 3600 Series Routers see Step 5 in the “ Configuring E& M Voice Ports’
configuration task table.

Router (config)# voice-port
{slot-number/subunit-number/port} |
{slot/port:ds0-group-no}

Step12 Router (config-voice-port)# connection {plar | tie-line |Specifiesa connection mode for avoice port. Ties
| plar-opx} digits | {trunk digits [answer-mode]} the connection trunk to a multicast address. This
command is repeated for each DSO group. All
groups use the same multicast address, if
connecting to the same multicast session.

For an explanation of the connection command,
see Step 7 in the “ Configuring E&M Voice Ports’
configuration task table.

Step 13 Router(config-voice-port)# voice-class permanent tag Defines a voice class for receive—only mode and
enters voice class configuration mode. The tag
argument isaunique number that you assign to the
voice class. The tag number must be unique on the
router. The valid range for thistag is 1 to 10,000.

Cisco I0S Voice Configuration Library, Release 12.3
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Note

This section provides a series of configuration examples to help you become familiar with voice
multicasting. These examples also show how to ensure that each configuration is working properly
before proceeding to the next step.

» Voice Multicasting over an Ethernet LAN, page 25

» Voice Multicasting over a WAN, page 29

» Cisco Hoot and Holler over 1P with Ethernet Topology (Two Hoot Groups)

» Cisco Hoot and Holler over IP with Frame-Relay Topology (One Hoot Group)

In all thefollowing configuration examples, the routers are configured with theinter face command and
the name tag vifl. Thisis avirtual interface that is similar to aloopback interface—it isalogical IP
interface that is always up when the router is active. In addition, it must be configured so that the
Cisco hoot and holler over |P packetsthat arelocally mixed on the DSPs can be fast-switched along with
the other data packets. This interface needs to reside on its own unique subnet, and that subnet should
be included in the routing protocol updates (RIP, OSPF, and so on).

Voice Multicasting over an Ethernet LAN

Figure 4 shows the simplest configuration for voice multicasting over an Ethernet LAN. Two routers are
connected to each other over the Ethernet LAN. One E&M phone is connected to each router.

Figure 4 Voice Multicasting over a LAN

1P cloud E&M VIC
E&M VIC clou 3/1/1
2/0/0 e @
- Router 2

Router 1

36013

NI — viAiAA irmtAvfAaA~nA~ AAvA

In router Abbott (Figure 4), the phone is connected to voice port 2/0/0, using the
router-slot/voice-slot/VIC-port numbering convention. This router is configured as in the following
example;

hostname Abbott

!

ip multicast-routing

!

voice class permanent 1
signal timing oos timeout disabled
signal keepalive 65535

!

interface Vifl

ip address 1.1.1.1 255.0.0.0
ip pim sparse-dense-mode

!

interface Ethernet0/0

ip address 3.3.3.1 255.0.0.0
ip pim sparse-dense-mode

!

ip route 2.0.0.0 255.0.0.0 3.3.3.2
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Note

|

voice-port 2/0/0
voice-class permanent 1
connection trunk 111
operation 4-wire

!

dial-peer voice 1 voip
destination-pattern 111
session protocol multicast

session target ipv4:237.111.0.111:22222
|

The connection-trunk connection type is a point-to-point connection, similar to atie-line on a PBX
network. All voice traffic—including signaling—placed at one end is immediately transferred to the
other.

The E& M voice port must be configured for four-wire operation.

Configuring the Second Router

In router Costello (Figure 4), the E& M phone is connected to voice port 3/1/1. Router Costello usesthe
same configuration as Abbott, except for the following differences:

- Thevirtual interface must be on a different subnet from the first router.
- ThelP addressin the Ethernet configuration must be different from that of the first router.
- The voice port and slot should match the router’s hardware configuration.

hostname Costello

!

ip multicast-routing

!

voice class permanent 1
signal timing oos timeout disabled
signal keepalive 65535

|

interface Vifl

ip address 2.2.2.2 255.0.0.0
ip pim sparse-dense-mode

!

interface Ethernet0/0

ip address 3.3.3.2 255.0.0.0
ip pim sparse-dense-mode

!

ip route 1.0.0.0 255.0.0.0 3.3.3.1
!

voice-port 3/1/1

voice-class permanent 1
timeouts wait-release 3
connection trunk 222
music-threshold -30
operation 4-wire

!

dial-peer voice 1 voip
destination-pattern 111
session protocol multicast

session target ipv4:237.111.0.111:22222
!

Cisco I0S Voice Configuration Library, Release 12.3
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Note  The multicast session for this port, shown in the session target command, must match the multicast
session configured on the first router.

The codec configured for this dial peer must match the codec for the dial peer on the first router.

Both routers must be configured to use the same connection trunk and destination pattern.

Verifying the Configuration

If you have configured your routers by following these examples, you should now be able to talk over
the telephones. You can also use the show dial-peer voice command on each router to verify that the
data you configured is correct.

To verify that an audio path has been established, use the show call active voice command. This
command displays all active voice calls traveling through the router.

High-Density Voice Modules

A multiflex trunk interface card in a high-density voice network module requires special voice-port
configuration. The card must be configured first as is shown in the following output:

voice-card 6

codec complexity high
!

S
Note « Codec complexity must be high. Voice multicasting does not support medium complexity, which is
the default.
» High-density voice modules (T1 and E1) are not supported on Cisco 1750 and Cisco 1751 modular
access routers.
S

Note  Codecs G.723 and G.728 are not supported on the 1700 platform for Cisco hoot and holler applications.

The following commands show how to define the T1 channel and signaling method and how to map each
DS0 to voice port slot/port: dsO-group-no:

controller T1 6/0

dsO-group 1 timeslots 1 type e&m-immediate-start
dsO-group 2 timeslots 2 type e&m-immediate-start
dsO-group 3 timeslots 3 type e&m-immediate-start

dsO-group 22 timeslots 22 type e&m-immediate-start
dsO-group 23 timeslots 23 type e&m-immediate-start

The following commands show how to configure the voice ports on the multiflex trunk interface card:
!
voice-port 6/0:1
connection trunk 111
!
voice-port 6/0:2
connection trunk 111

Cisco I0S Voice Configuration Library, Release 12.3
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!
voice-port 6/0:3
connection trunk 111

voice-port 6/0:22
connection trunk 111
!

voice-port 6/0:23
connection trunk 111

Dial-Peer Configuration

Cisco 10S software uses dial peers to tie together telephone numbers, voice ports, and other call
parameters. Configuring dial peersis similar to configuring static 1P routes—you are instructing the
router what path to follow to route the call.

Dial peersareidentified by numbers, but to avoid confusing these numbers with telephone numbers, they
are usually referred to as tags. Dial peer tags are integers that can range from 1 to 23! -1 (2147483647).
Dial peers on the same router must have unique tags, but you can reuse the tags on other routers.

The following commands show how to configure a dial peer with tag 1 for this voice port:

!|Configure dial peer.

!Conference 1.

!Phone number 111.

IMulticast address 237.111.0.0, udp port 22222.
dial-peer voice 1 voip

destination-pattern 111

session protocol multicast

session target ipv4:237.111.0.0:22222

ip precedence 5

codec g7llulaw

The configuration for the codec g711ulaw in the above configuration is not necessary—the default
codec of g729r8 could be used (and it would not display for show config).

The destination-pattern 111 for the Vol P dial peer matches the connection trunk string for the
corresponding voice port.

» The session protocol multicast command is essential for voice multicasting.

» The session target for voice multicasting dial peersisamulticast addressin the range of from
224.0.1.0 to 239.255.255.255. This session target must be the same for all routersin a session. The
audio RTP port is an even number in the range of from 16384 to 32767 and must also be the same
for all routersin a session. An odd-numbered port (UDP port number + 1) is used for the RTCP
traffic for that session.

« The following codec restrictions apply:
— You must configure the same codec on all dial peers and routersin a session.
— Only G.711, G.726, and G.729 codecs are supported.
— When the default codec, G.729r8, is used, it does not appear in the configuration.

- Voice activity detection is enabled by default. Cisco recommends that this setting should not be
changed.
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Ethernet Configuration

Configure the router’s Ethernet interface as follows:

!Configure physical interface for transmitting multicast packets.
!

interface ethernet 0/0

ip address 1.5.13.13 255.255.255.0

ip pim sparse-dense-mode!

Voice Multicasting over a WAN

The configuration for voice multicasting sessions over | P on Frame Relay isthe same asfor the Ethernet
LAN in the previous example. Configure the WAN interface on each router with the ip address and ip

pim commands and the spar se-dense-mode keywords as shown in the section “Voice Multicasting
over an Ethernet LAN.”

Quality of Service

Voice traffic is much more sensitive to timing variations than data traffic. For good voice performance,
configure your data network so that voice packets are not lost or delayed. The following example shows
one way to improve QoS for voice multicasting over a Frame Relay connection:

!Configure physical interface for transmitting multicast packets.
IListen to packets of Session Announcement Protocol (SAP).
IThis example uses a subinterface

|

interface serial0/0

encapsulation frame-relay

frame-relay traffic-shaping

no frame-relay broadcast-queue

|

interface serial0/0.1 point-to-point

ip address 5.5.5.5 255.255.255.0

ip pim sparse-dense-mode

frame-relay class hootie

frame-relay interface-dlci 100
frame-relay ip rtp header-compression

|

!Frame relay class commands.

|
map-class frame-relay hootie

frame-relay cir 64000

frame-relay bc 2000

frame-relay mincir 64000

no frame-relay adaptive-shaping
frame-relay fair-queue

frame-relay fragment 80

frame-relay ip rtp priority 16384 16383 64

~

Note  Intheframe-relay ip rtp priority command, the first number is the audio port. The second number is
the number of consecutive audio ports to which the IP RTP priority queuing applies. The third number

is the bandwidth, which should equal the bandwidth needed for each call multiplied by the number of
calls.
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Cisco Hoot and Holler over IP with Ethernet Topology (Two Hoot Groups)

The following figure illustrates Cisco hoot and holler over 1P being used with an Ethernet topology:

Figure 5 Cisco Hoot and Holler over IP with Ethernet Topology

4 B Y B

4-wire FXS
U Router 1 U Router 2

e Router 3
MX Group 1

PBX -‘ PBX [ﬁ// Group 2

s o

E&M = ear and mouth

FXO = Foreign Exchange Office

In this configuration, two hoot and holler groups are set up by defining two multicast groups
(237.16.8.11 and 237.16.26.12) and mapping the connection command and trunk keyword (specifying
11) and connection command and trunk keyword (specifying 12) from the voice portsto the Vol P dial
peers associated with each group. Each router is connected to a dedicated switch port, and | P precedence
isset to 5 for all Cisco hoot and holler over | P packets.

35969

~

Note  FXO interfaces are not supported on Cisco 1750 and Cisco 1751 modular access routers.

Router-1 (E&M Four-Wire Ports)

The following output shows that Router 1 has been configured for E&M four-wire ports:

hostname Router-1

!

ip multicast-routing

!

voice class permanent 1

signal timing oos timeout disabled
signal keepalive 65535

|

interface Vifl

ip address 1.1.1.1 255.255.255.0
ip pim sparse-dense-mode

!

interface Ethernet0/0

ip address 1.5.13.1 255.255.255.0

ip pim sparse-dense-mode
!

Cisco I0S Voice Configuration Library, Release 12.3
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router rip

network 1.1.1.0

network 1.5.13.0

!

voice-port 1/0/0
voice-class permanent 1
connection trunk 111
music-threshold -30
operation 4-wire

!

voice-port 1/0/1
voice-class permanent 1
connection trunk 112
music-threshold -30
operation 4-wire

!

dial-peer voice 111 voip
destination-pattern 111
session protocol multicast
session target ipv4:237.111.0.111:22222
ip precedence 5

!

dial-peer voice 112 voip
destination-pattern 112
session protocol multicast
session target ipv4:239.194.0.10:22224

ip precedence 5
!

Router-2 (FXS Ports)

The following output shows that Router 2 has been configured for FSX ports:

hostname Router-2

!

ip multicast-routing

|

voice class permanent 1

signal timing oos timeout disabled
signal keepalive 65535

!

interface Vifl

ip address 2.2.2.2 255.255.255.0
ip pim sparse-dense-mode

!

interface Ethernet0/0

ip address 1.5.13.2 255.255.255.0
ip pim sparse-dense-mode

|

router rip

network 2.2.2.0

network 1.5.13.0

!

dial-peer voice 111 voip
destination-pattern 111

session protocol multicast

session target ipv4:237.111.0.111:22222
ip precedence 5

!

dial-peer voice 112 voip
destination-pattern 112

session protocol multicast

session target i1pv4:239.194.0.10:22224

Cisco I0S Voice Configuration Library, Release 12.3
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ip precedence 5
|

Note  If you want to join the hoot and holler session directly without having to dial any session numbers, use
the connection command and the plar keyword, followed by the multicast-session number.

Router-3 (FXO Ports)

The following output shows that Router 4 has been configured for FXO ports:

hostname Router-3

!

ip multicast-routing

!

voice class permanent 1

signal timing oos timeout disabled
signal keepalive 65535

|

interface Vifl

ip address 3.3.3.3 255.255.255.0
ip pim sparse-dense-mode

!

interface Ethernet0/0

ip address 1.5.13.3 255.255.255.0
ip pim sparse-dense-mode

!

router rip

network 3.3.3.0

network 1.5.13.0

!

dial-peer voice 111 voip
destination-pattern 111

session protocol multicast

session target ipv4:237.111.0.111:22222
ip precedence 5

|

dial-peer voice 112 voip
destination-pattern 112

session protocol multicast

session target ipv4:239.194.0.10:22224

ip precedence 5
!
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Cisco Hoot and Holler over IP with Frame-Relay Topology (One Hoot Group)

Router-1

Figure 6 Cisco Hoot and Holler over IP with Frame Relay Topology

&

IP multicast
network

Router 2 Router 3
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R

In thistopology, three routers are connected using 64K Frame Relay PV Csin a hub-and-spoke topology,
with Router 1 being the hub. One hoot and holler group has been defined. All three routers have been
configured to traffic-shape their data and voice on the WAN to CIR, and all three routers are using IP
RTP priority to guarantee QoS for the Cisco hoot and holler over | P packets. In addition, the Frame Relay
broadcast-queue is disabled on the serial interfaces. Thisoccurs because, by default, the broadcast queue
is only 40 packets deep and Cisco hoot and holler over |P transmits packets at 50 packets per second.
Unless the queue is disabled, some packets would be dropped and voice QoS would be degraded.

The following output shows that Router 1 has been configured for Cisco hoot and holler over |P with

Frame Relay topology:

hostname Router-1

!

ip multicast-routing

|

voice class permanent 1

signal timing oos timeout disabled
signal keepalive 65535

|

interface Vifl

ip address 1.1.1.1 255.255.255.0
ip pim sparse-dense-mode

!

router rip
network 1.1.1
network 5.5.5
network 5.5.6
|

.0

.0

.0

interface Serial0/0

no ip address

ip pim sparse-dense-mode
encapsulation frame-relay
frame-relay traffic-shaping

no frame-relay broadcast-queue

|

interface Serial0/0.1 point-to-point
ip address 5.5.5.1 255.255.255.0

ip pim sparse-dense-mode
frame-relay class hoot-n-holler
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frame-relay interface-dlci 100
frame-relay ip rtp header-compression
!
interface Serial0/0.2 point-to-point
ip address 5.5.6.1 255.255.255.0
ip pim sparse-dense-mode
frame-relay class hoot-n-holler
frame-relay interface-dlci 101
frame-relay ip rtp header-compression
!
map-class frame-relay hoot-n-holler
frame-relay cir 128000
frame-relay bc 1280
frame-relay mincir 128000
frame-relay fragment 160
frame-relay ip rtp priority 16384 16384 128
no frame-relay adaptive-shaping
!
voice-port 1/0/0
voice-class permanent 1
connection trunk 111
music-threshold -30
operation 4-wire
!
dial-peer voice 1 voip
destination-pattern 111
session protocol multicast
session target ipv4:237.111.0.0:22222
ip precedence 5

Router-2

The following output shows that Router 2 has been configured for Cisco hoot and holler over IP with a
Frame Relay topology:

hostname Router-2
!
ip multicast-routing
!
voice class permanent 1
signal timing oos timeout disabled
signal keepalive 65535
!
interface Vifl
ip address 2.2.2.2 255.255.255.0
ip pim sparse-dense-mode
|
router rip
network 2.2.2.0
network 5.5.5.0
!
interface Serial0/0
no ip address
ip pim sparse-dense-mode
encapsulation frame-relay
frame-relay traffic-shaping
no frame-relay broadcast-queue
!
interface Serial0/0.1 point-to-point
ip address 5.5.5.2 255.255.255.0
ip pim sparse-dense-mode
frame-relay class hoot-n-holler
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Router-3

frame-relay interface-dlci 100

frame-relay ip rtp header-compression

!

map-class frame-relay hoot-n-holler
frame-relay cir 128000

frame-relay bc 1280

frame-relay mincir 128000
frame-relay fragment 160

Configuration Examples W

frame-relay ip rtp priority 16384 16383 128

no frame-relay adaptive-shaping
|
voice-port 1/0/0
voice-class permanent 1
connection trunk 111
music-threshold -30
operation 4-wire

!

dial-peer voice 1 voip
destination-pattern 111
session protocol multicast

session target ipv4:237.111.0.0:22222

ip precedence 5

The following output shows that Router 3 has been configured for Cisco hoot and holler with a Frame

Relay topology:

hostname Router-3

!

ip multicast-routing

|
voice class permanent 1

signal timing oos timeout disabled
signal keepalive 65535

!

interface Vifl

ip address 3.3.3.3 255.255.255.0
ip pim sparse-dense-mode

!

router rip
network 3.3.3.0
network 5.5.6.0

|

interface Serial0/0

no ip address

ip pim sparse-dense-mode
encapsulation frame-relay
frame-relay traffic-shaping

no frame-relay broadcast queue

!
interface Serial0/0.1 point-to-point
ip address 5.5.6.2 255.255.255.0
ip pim sparse-dense-mode
frame-relay class hoot-n-holler
frame-relay interface-dlci 101

frame-relay ip rtp header-compression

!

map-class frame-relay hoot-n-holler
frame-relay cir 128000

frame-relay bc 1280

frame-relay mincir 128000
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frame-relay fragment 160
frame-relay ip rtp priority 16384 16383 128
no frame-relay adaptive-shaping

|

voice-port 1/0/0

voice-class permanent 1

connection trunk 111

music-threshold -30

operation 4-wire

|

dial-peer voice 1 voip

destination-pattern 111

session protocol multicast

session target ipv4:237.111.0.0:22222

ip precedence 5

Cisco I0S Voice Configuration Library, Release 12.3
[ 36 | I



	Cisco Hoot and Holler over IP
	Hoot and Holler over IP Overview
	Current Hoot and Holler Implementations
	Cisco Hoot and Holler over IP Overview
	Voice Multicasting
	IP/TV Access
	Interactive Voice Response

	Migration Strategy
	Technical Details of the Cisco Hoot and Holler over IP Solution
	IP Multicast and DSP Arbitration and Mixing
	Bandwidth Planning
	Virtual Interface
	Connection Trunk


	Cisco Hoot and Holler over IP Restrictions
	Configuration Tasks
	Configuring Multicast Routing
	Configuring the Virtual Interface
	Configuring VoIP Dial Peers
	Configuring E&M Voice Ports
	Configuring for Receive Only Mode
	Configuring the Relevant Interface
	Configuring Voice Ports in High-Density Voice Network Modules

	Configuration Examples
	Voice Multicasting over an Ethernet LAN
	Configuring the Second Router
	Verifying the Configuration

	High-Density Voice Modules
	Dial-Peer Configuration
	Ethernet Configuration
	Voice Multicasting over a WAN
	Quality of Service

	Cisco Hoot and Holler over IP with Ethernet Topology (Two Hoot Groups)
	Router-1 (E&M Four-Wire Ports)
	Router-2 (FXS Ports)
	Router-3 (FXO Ports)

	Cisco Hoot and Holler over IP with Frame-Relay Topology (One Hoot Group)
	Router-1
	Router-2
	Router-3





<<
  /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


