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Subject:

Cisco routers and functionality Voice.Konfigurowanie VIC interfaces FXS and FXO VIC


The use of SIP and H.323 Cisco routers. Integration with other devices

Task A: The basic configuration of the router interfaces modular FXS VIC. Connections within the same router (no VoIP).


1. You must be prepared to work a Cisco router card containing the VIC (Voice Interface Card) interfaces analog FXS or FXO. In the laboratory there are two variants of these interfaces:

· based on the cards VIC 2FXS. This card provides two analog telephone ports. It does not include a DSP (leading compression / decompression of the signal) and must be placed in a different card, for example. NM VOICE 2V. This installation is compatible with most Cisco routers from the 2600XM series, provided, however install the operating system IOS IP Voice, Enterprise Plus or Advanded IP Services (you can check the command show ver).

· based on the VIC 4FXS / DID and hardware DSP (so-called. PVDM, Packet Voice Digital Signal Processor Module) located on the motherboard of the router.

FXS interfaces (foregin Exchange Station) provide a signal and power waiting to dial a number (eg. VoIP PBX interface). Connect them to the telephone, modem or other device with a subscriber dialer. Interfaces FXO (Foreign Exchange Office) are interfaces stations (choosing numbers).

2. Connect at least two analog phones to selected VIC FXS ports of the router. Phone after connecting should already have the power, but will not receive the signal line.

In Cisco IOS interpretation dialed ordered by the so-called. dial-peers, defining what and the technology must be connected when you select a specific number, as this number to convert (if any) by sending a further connection, etc.

For each port:

· Define the dial-peer and phone number:
Router (config) # dial-peer voice 2 pots
2 which is a unique identifier (tag) dial-peer

· Specify the phone number for the port:
Router (config-dial-peer) # destination-pattern 222
· Will specify the destination port number to which the configuration, for example. 
Router (config-dial-peer) #port 0/0
or

Router (config-dial-peer) #port 1/0/0

where 0/0 or 1/0/0 are: number NM slot in the router / card slot number NM-Voice / FXS port number


or
VIC slot number / router in HVIC / FXS port number on the card VIC
Destination-pattern pattern may be more complex expression. For example 2 [2-5,7] ... 1 denotes a number that initially must have a number 2, then a digit of a number or range 2..5 to 7, then any of the three digits, and finally the number 1. Please note that in case interfaces FXS end of dialing and the connection will be fit in time to the first pattern in the dial-peer (if any further numbers given by the dialer will be ignored).

In addition, each digit in the pattern may be supplemented by a '?' (It will occur 0 or 1 time the phone number), '%' (it occurs 0 times or more), '%' (it occurs one or more times).

You should check the possibility of talks in both directions using analog phones. Check the operation of the different variants of destination-pattern (number dialed to fit the pattern).

Verify port settings and dial-peer:
Router # show dial-peer voice
Router # show dial-peer voice summary
Router # show voice port summary

Verifying the status of calls during the conversation:
Router # show voice call summary

Router # show voice dsp

Should be carried out in a conversation session compiling debug mode: Router # debug voice dialpeer detail

Router # debug no voice dialpeer detail

Task B: Configuring VIC interfaces FXO modular router. Connections within the same router (no VoIP).


1. With both cards in the router VIC FXS and FXO can continue to redirect calls received by the router (the router will call further configured using or redirected away the same number). With this configuration, part of the connections (made by means of appropriate numbering) can be redirected outside the installation - treating as an "city" .This configuration is obtained by selecting a destination port address for the dial-peer pointing to the interface instead of FXO FXS VIC, ie for example:

Router (config) # dial-peer voice 3 pots 

Router (config-dial-peer) # destination-pattern 333
Router (config-dial-peer) #port 1/1/0

where in the slot 1/1/0 is installed in the router port FXO VIC type.
In addition, modifications are possible phone number. The simplest and most common is to cut the prefix (the younger part of the number will be used in the next unit), eg .:
Router (config-dial-peer) # forward-digits 3

where 2 is the number of digits, which are and will be forwarded by the dialer FXO.

Command: Router (config-dial-peer) # forward-digits all 
to send the unchanged number dialed.


You should build the installation and configure interfaces VIC two routers to be able to perform the following conversation:

analog phone -> FXS 1 in the router -> router FXO 1 -> 2 FXS in the router -> analog phone

It should expand the installation and configuration to make using the available 4 VIC FXS ports and two ports of FXO VIC make a connection to three different analog telephones.

2. Additional settings POTS ports when you go to get their configuration: 
Router (config) # voice-port 1/0/1
Router (config-voiceport) #gain 12
where 12 is the input gain level (range 6-14 db)

Note: A high gain in the dialer port (FXO) may interfere with the operation of the dialer FXO -> FXS
Router (config-voiceport) #output attenuation 7
 where 7 is the output attenuation (range 6-14 db)

Task C: Configuring Cisco IOS VoIP

VoIP call requires a different kind of dial-peer voice than POTS. When selected will be available in a different set of configuration commands. It is necessary to specify an opposite end of the session for VoIP. Example configuration dial-peer 
Router (config) # dial-peer voice 4 VoIP

Router (config-dial-peer)#session target ipv4:192.168.123.150

Router (config-dial-peer)#destination-pattern 444
where ipv4: 192,168,123,150 is a protocol specifier and address of the opposite end of the session for VoIP.

Depending on the type of dial-peer matching can therefore be launched POTS or VoIP session (as well as Voice over ATM Voice over Frame Relay, etc.)

Configuring the codec used in audio connections: 
Router (config-dial-peer)#codec g729r8
where g729r8 ID is one of a number of selectable codecs.

Experiments should be carried out for connecting to a VoIP codecs in different configurations - with the observation of the quality of transmitted sound.

You should build facilities enabling the transcoding of audio digital-to-analog and re (using POTS and VoIP). It should involve at least two routers. Depending on their equipment in FXS and FXO card, select one of the following solutions (record contains the signal route and at the same time collating sequence elements connections):

1 router with FXS and FXO cards, router with 2 FXS card:
analog phone -> FXS 1 router -> router FXO 1 -> telephone cable -> 2 FXS router -> VoIP -> FXO 1 router -> telephone cable -> 2 FXS router -> VoIP -> FXS Router 1-> analog phone

1 router with FXS card, router 2 FXO card:
analog phone -> Router 1 FXS -> telephone cable -> router FXO 2 -> VoIP -> Router 1 FXS -> analog phone

1 router with FXS card, router with 2 FXS card:
analog phone -> Router 1 FXS -> VoIP -> 2 FXS router -> analog phone
Notes: When designing the telephone numbering system should be designed in a telephone numbering dial-peer (that it is possible to distinguish the call was initiated from that which has already returned from the opposite router).

Task D: Cisco IOS - setting up peer-to-peer devices other than routers with VoIP SIP

It is possible to adjust dial-peer voip to Cisco IOS SIP standard.
1. Prepare to work IP phone running SIP. Bring addressing IP router and IP phone to a state enabling communication. At the station run any PC application that brings SIP phone functionality (eg. MicroSIP). In application settings, make sure it is not configured to connect to the SIP Registrar using the account (all the settings related accounts must be extinguished). Check also that the firewall in the PC operating system allows applications to communicate with the network. Test the efficiency of communication between the application and the SIP IP phone - conection.
2. Caution on doing the test: If you are dialing from IP phone PC applications, the IP address of the phone you are calling must be formatted so as to constitute any SIP URI - for example 10@192.168.123.145 , or xx@192.168.123.145. When dialing from the IP phone - should be after entering the IP address (the equivalent of the character '.' some phones can be '*') this number to confirm (pressing of "OK", "SEND", etc.) IP Phone has a web interface used configuration. It can be the way to run and look at.
3. Adaptation dial-peer describing the remote host to the SIP standard is reduced to exchange protocol used in the declaration of connections (SIP) voice:
Router(config)#dial-peer 5 voip
Router (config-dial-peer) #session target ipv4:192.168.123.150
Router (config-dial-peer) # destination-pattern 555
Router (config-dial-peer) protocol #session sipv2

instead of (for H.323)
Router (config-dial-peer) #session protocol Cisco 
4. SIP operates with addressing (URI - Universal Resource Identifier) - where in addition to the IP address, domain name, port, etc. For the remote location is transmitted local resource identifier (used mostly as a phone number on the remote host). Example notation: 1111@200.200.200.1 , where 1111 is mentioned identifier. For outgoing calls from a Cisco router is not pertinent. For incoming - it is automatically adjusts to the values registered in the system destination-pattern in all dial-peer POTS 
Router (config) # dial-peer voice 6 pots
Router (config-dial-peer) # destination-pattern 666

In practice, you are addressing a number of voice ports available on the router. In the case of forwarding to the FXO port - identifier derived from the URI will automatically be interpreted as a phone number, which you should choose.

Perform experiments by performing SIP in the following directions:

· Router -> SIP phone application on the PC

· SIP phone application on the PC -> select FXS port Router

· SIP phone application on the PC -> selected port FXO Router with a redirection after a telephone cable to the FXS port next router

· Router -> IP Phone SIP

· SIP IP phone (when there is a possibility of using the full URI) -> Router SIP application or a PC

Task E: Cisco IOS - setting up peer-to-peer network to other VoIP devices than routers using the H.323 protocol stack
Dial-peer VoIP Cisco IOS default function based on the H.323 standard (which is identified in the configuration protocol under the name "Cisco", in contrast to that used in the previous task SIPv2).

1. Prepare to work IP phone running the H.323 standard. Bring addressing IP router and IP phone to a state enabling communication. At the station run any PC application that brings the functionality of a mobile H.323 (eg. MyPhone). Make sure the firewall on the PC operating system enables communication.
Caution (if dialing from the PC application IP): IP address of the phone you are calling must be preceded by an alias of the H.323 phone - visible in the upper right corner of the display, for example.
123@192.168.123.145. 


2. Dial-peer network for the remote host in the H.323 standard define:
Router (config) # dial-peer voice 7 voip
Router (config-dial-peer) #session target IPv4:192.168.123.150
Router (config-dial-peer) #destination-pattern 777
Router (config-dial-peer) #session protocol cisco 

The last line sets the default configuration, so it is not needed.

3. Through H.323 aliases associated with the IP addresses according to the syntax of an alias @ IP it is possible to perform peer-to-peer network. For outgoing calls from a Cisco router alias does not matter. For incoming - it is automatically adjusted to the values registered in the system destination-pattern in all dial-peer POTS (analogously as in the case of SIP identifier) ​​
Router (config) # dial-peer voice pots 8
Router (config-dial-peer) # destination-pattern 888

Perform experiments by performing the following H.323 connections analogous to those in the previous task:

· Router -> SIP phone application on the PC

· H.323 phone application on the PC -> select FXS port Router

· H.323 phone application on the PC -> selected port FXO Router with a redirection after a telephone cable to the FXS port next router

· Router -> IP Phone H.323

· H.323 IP phone (when there is a possibility of using the full URI) -> Router or application H.323 PC

