	
[image: image1.png]CONVERGENCE
TECHNOLOGY CENTER




	Introduction to Voice over IP
Learning Activity Module 8
Last revision date:  10/31/07
Course Number:



	Learning Outcome 7
Explain matching inbound/outbound dial-peers, default dial-peer, the function, operation, and purpose of call-legs.

	Recommended Resources for Learning Activity

      Cisco IP Communications Express: CallManager Express with Cisco Unity Express
Cisco Press; Cisco Press, 2005

ISBN: 10: 1-58705-180-X
Voice Over IP Fundamentals, 2nd Edition

Cisco Press; Cisco Press, 2006

ISBN: 1587052571

Voice Over IP First-Step

Kevin Wallace; Cisco Press, 2005

ISBN: 15872-0156-9

Cisco CallManager Fundamentals, 2nd Edition

Cisco Press; Cisco Press, 2005

ISBN: 1587051923; 

Examples of internet web sites are (NOTE: these links were active at the time this lab was created, but they may change at any time.  Instructors should revalidate the links prior to each class use.)

http://www.cisco.com/en/US/products/sw/voicesw/ps4625/index.html?pcontent=youinc_
http://www.cisco.com/en/US/tech/tk652/tk90/technologies_tech_note09186a0080147524.shtml
http://www.cisco.com/warp/public/788/voip/dialpeer_call_leg.html


	Recommended Hardware and Software

· Two CME capable routers with an FXS module 

· Four analog phones

· Crossover cable

	Recommended Instructor Preparation for Learning Activity

Instructor should be thoroughly familiar with subject matter and should have gone through all labs in detail ensuring that he or she can provide assistance if needed when the students do labs configuring dial-peers.

	Capture Student Attention: 

What is the function of a dial peer and why would we need a dial peer?

	Develop Learning Activity:

Present and discuss lecture materials as outlined on the PowerPoint slides.

	Have students complete Lab – on separate page(s) from these instructions

	Conclude Learning Activity:

Instructor will ask leading questions and solicit responses from students to summarize the concepts of the learning activity and give a quiz to reinforce the Learning Outcomes.
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Call Legs and the Default Dial Peer
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Objective 

1) Understand call legs and the default dial peer.

Overview
There are two ways to implement dial-peers on Cisco equipment. Using a POTS or plain old telephone system dial peer and the other is using a VoIP dial peer. This lab will implement both types of dial peers.

When you place a voice call across a converged network the voice call is partitioned into separate call legs. This allows each leg to be linked with a corresponding dial-peer. So a call leg is a one way virtual connection between two endpoints. With each endpoint being two gateways or a combination of a gateway and CME router or some form of traditional telephone equipment.

Equipment Requirements 

· Two CME capable routers with an FXS module 

· Four analog phones

· Crossover cable

In this lab the DeRosa Company wants to configure two analog phones on each CME router but allow only the Austin CME router to call across the VoIP Packet network to the Dallas CME router. 

Analog FXS Port Configuration 

1. Connect an analog phone with RJ-11 phone cable to each FXS port on the router. 
2. Configure dial peers to enable calls between these two locally terminated analog phones in both directions for each CME router.

An example of the dial peer configuration is below:

Note:
the port numbering is dependant on where the FXS module is installed on the CME router.
	FXS Port Configuration

	Austin
	Dallas

	dial-peer voice 5000 pots

destination-pattern 5550000
port 0/1/0 

dial-peer voice 5111 pots

destination-pattern 5551111
port 0/1/1
	dial-peer voice 7000 pots

destination-pattern 7770000
port 0/1/0 

dial-peer voice 7111 pots

destination-pattern 7771111
port 0/1/1


3. Pick up the handset from each analog phone; you should be able to hear a dial tone from each phone. If you cannot hear a dial tone, verify the power to the CME router and check the cabling. If the problem persists, ask your instructor for help.

4. From each CME router place a call in both directions to each local analog phone. You should be successful. 

Important: 
The analog phones will not be successful in dialing across the packet network, between CME routers to a remote analog phone.

Ethernet Interface Configuration 

1. Connect a crossover cable between the two CME Ethernet interfaces. 

2. Configure the Ethernet interface on each CME router.

An example of the fast Ethernet configuration on Austin is below:

Austin# configure terminal
Austin(config)# interface fastEthernet 0/0

Austin(config-if)# ip address 10.10.10.1 255.255.255.252
Austin(config-if)# no shutdown
Austin(config-if)# end
Austin# 

An example of the fast Ethernet configuration on Dallas is below:

Dallas# configure terminal
Dallas(config)# interface fastEthernet 0/0

Dallas(config-if)# ip address 10.10.10.2 255.255.255.252
Dallas(config-if)# no shutdown
Dallas(config-if)# end
Dallas# 

Outbound VoIP Dial Peer Configuration on Austin

3. Configure an outbound dial peer on Austin using a dial-peer tag of 100. Specify the first three digits of the remote phone number and use wildcard characters for the remaining four digits. Specify the Ethernet interface on the Dallas CME router as the session target address.   

An example of the outbound dial peer configuration on Austin is below:

Austin# configure terminal
Austin(config)# dial-peer voice 100 voip
Austin(config-dial-peer)# destination-pattern 777. . . . . 
Austin(config-dial-peer)# session target ipv4:10.10.10.2 
Austin(config-dial-peer)# end

Austin# 

4. Because an outgoing VoIP dial peer is not created on the Dallas CME router, it will not allow an analog call from Dallas to Austin to be successful. Additionally, it will require Dallas to use the default dial peer for incoming calls.
5. Obtain the output of the IOS show dial-peer voice summary command:

The output should display three dial peers. From the displayed output, fill in the table below:

	Setting/Dial Peer Tag
	5000
	5111
	100

	Type
	
	
	

	Dest - Pattern
	
	
	

	Session – Target 
	
	
	


6. Now display the output of the IOS show dial-peer voice 100 command:

The output should display the dial peer settings for Voice Over IP Peer 100.

7. Record the following values in the table below”

	Dial Peer 100
	Setting

	Preference
	

	DTMF Relay
	

	Huntstop
	

	Codec
	

	VAD
	


Call Legs and the Default Dial Peer:  Call Process 

As mentioned earlier, each call leg is linked with a dial peer. The Austin router will be the originating router or gateway and the Dallas CME router will be the terminating router or gateway. Each call leg is described below:
1. An analog call is placed from the FXS port on the Austin CME router to the FXS port on the Dallas CME router. 

2. The incoming analog call arrives on the FXS port on the Austin CME router. The Austin router will match the inbound call to a POTS dial peer. 

3. After matching the incoming analog call to the POTS dial peer the Austin CME router generates an incoming, in this example an analog call leg and assigns it a Call ID. In this example it would be Call Leg 1.
4. Next, the Austin CME router uses the incoming dialed digits to match an outbound VoIP (digital) dial peer. This produces the second outbound call leg or Call Leg 2.
5. The incoming digital VoIP call arrives at the Dallas CME router. The Dallas CME router matches the inbound VoIP (digital) dial peer. 
6. Once the Dallas CME router matches the inbound VoIP dial peer the CME router generates the inbound digital or VoIP call leg. This would be the third call leg.

7. Finally, the Dallas CME router matches the incoming dialed digits to correspond to an outbound analog dial peer. Once the Dallas CME router matches the outbound dial peer it creates an outbound call leg (4) and finalizes the call 
From the Austin CME router

1. From an Austin analog phone place a call to a Dallas analog phone. Once connected, leave the phones off-hook and issue the show call active voice  brief IOS command. Notice that the dial peer <tag> number is referenced in the output by the pid:<tag> syntax.

Partial output is displayed below.
<output omitted>
Total call-legs: 2
1240 : 56 11935930ms.1 +8240 pid:5000 Answer 5550000 active
1240 : 57 11938070ms.1 +6100 pid:100 Originate 7771111 active
Telephony call-legs: 1

SIP call-legs: 0

H323 call-legs: 1

MGCP call-legs: 0

SCCP call-legs: 0

Multicast call-legs: 0

Total call-legs: 2
From the Dallas CME router

2. From the Dallas router issue the show call active voice brief command. Again partial output is displayed below. 
<output omitted>

Total call-legs: 2
1243 : 53 12233340ms.1 +5380 pid:0 Answer 5550000 active
1243 : 54 12233350ms.1 +5360 pid:7111 Originate 7771111 active
Telephony call-legs: 1

SIP call-legs: 0
H323 call-legs: 1

Call agent controlled call-legs: 0

SCCP call-legs: 0

Multicast call-legs: 0

Total call-legs: 2
Dial Peer 0

Dial peer 0 is the default dial peer, so if an incoming call is not matched by a configured POTS or VoIP dial-peer on the router, the router will automatically route the incoming call leg to the to dial peer 0.

The default dial peer can match on either an analog or digital call. 

Note that the default dial peer has a default configuration. This default configuration cannot be modified. 

The dial peer 0 default configuration does not support RSVP, has VAD enabled and allows for any codec.
Reflection

From the debug output above diagram the call legs and specify the type of dial peer and identify the dial peer tag.
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