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IP Telephony Phased Migration 

The Cisco 1861 and Cisco 2800, 3800, 2900, 3900, and 3900E Series unified communications routers can help 

you immediately deploy an end-to-end unified communications network architecture or gradually shift voice traffic 

from traditional circuit-switched networks to a single infrastructure carrying data, voice, and video over packet 

networks. 

Initially, you can use these unified communications routers to interconnect older PBXs over the packet 

infrastructure and still maintain PSTN (off-net) connectivity through your circuit-switched PBXs. Later, you can 

migrate PSTN (off-net) connectivity to the unified communications routers and start to incorporate IP phones at 

larger sites (Figure 1). After all sites are running IP telephony, you can begin deploying IP-based applications such 

as IP unified messaging, personal assistants, and extension mobility. 

The unified communications routers are an ideal solution for circuit-switched PBX and PSTN access within a Cisco 

Unified Communications Manager-based IP telephony architecture. 

Figure 1.   IP Telephony Phased Migration: Migrate Circuit-Switched PSTN and PBX Connectivity to Unified Communications 

 

As companies seek to deploy unified communications solutions across the entire enterprise - converging voice, 

video, and data across potentially thousands of sites - they require a solution that offers simple administration, 

virtually unlimited scalability, and high availability. The unified communications routers work in concert with the 

Cisco Unified Communications Manager, deployed in either a distributed or centralized call-processing model, to 

provide the unified communications solutions that enterprises require. 
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SIP MGCP H.323 Feature Benefits 

Y N Y E1 MelCAS E1 MelCAS facilitates connection to a PBX or PSTN. 

Y N Y E1 R2 (more than 30 country variants) E1 R2 enables connection to a PBX or PSTN. 

Y Y Y T1/E1 ISDN PRI Q.931 interfaces These interfaces are used to connect to a PBX or key 
system and to provide off-premises connections to or 
from the PSTN or post, telephone, and telegraph (PTT). 

Y Y Y T1/E1 Q.SIG basic call (including calling number) This feature is used to connect to a PBX. 

Y6 Y N3 T1/E1 Q.SIG, including call diversion and forward, 
transfer, calling and connected ID services, and 
message-waiting indicator 

This feature is used to connect to a PBX. 

Y Y Y Out-of-band dual-tone multifrequency (DTMF) This feature carries DTMF tones and information out of 
band for clearer transmission and detection. 

N Y N Single point of gateway configuration for a Cisco IP 
Telephony network 

This feature centralizes and automates the configuration 
process for MGCP unified communications routers by 
making them configurable on the Cisco Unified 
Communications Manager. Configuration information is 
automatically downloaded at startup and after any 
configuration change. 

Y Y Y Cisco Unified Communications Manager failover 
redundancy 

When the unified communications router loses contact 
with the primary Cisco Unified Communications Manager, 
the gateway uses the next available Cisco Unified 
Communications Manager. 

Y Y Y7 Cisco Unified Communications Manager call preservation 
during failover 

Existing calls are preserved during a failover to the next 
available Cisco Unified Communications Manager. Calls 
are also preserved upon restoration of the primary host 
Cisco Unified Communications Manager. 

Y Y Y SRST and gateway fallback When contact with the Cisco Unified Communications 
Manager cluster is lost, SRST provides basic call 
handling for the IP phones. Gateway fallback provides 
support for PSTN telephony interfaces on the branch-
office router for the duration of the loss. 

Y N Y7 Call preservation for existing BRI and PRI calls during 
gateway fallback and recovery 

Existing calls are preserved during a loss of connection to 
the Cisco Unified Communications Manager cluster and 
gateway fallback. Calls are also preserved upon 
restoration of the Cisco Unified Communications 
Manager connection. 

Y Y Y7 Call preservation for existing T1/E1 (CAS) and analog 
calls during gateway fallback and recovery 

Existing calls are preserved during a loss of connection to 
the Cisco Unified Communications Manager cluster and 
gateway fallback. Calls are also preserved upon 
restoration of the Cisco Unified Communications 
Manager connection. 

Y Y Y Multicast music on hold (MoH) - centralized This feature helps the unified communications router 
deliver music streams from a MoH server to users on on- 
and off-net calls. 

N Y N Multicast MoH - distributed This feature helps the unified communications router 
deliver music streams to users through the router-
embedded MoH server to on- and off-net calls. 

N Y Y Tone on hold Tone indicates when a user is placed on hold. 

N Y N Tone-on-hold timer tuning Tone on hold is generated locally in the gateway for play 
to the PSTN. Tone-on-hold timer tuning allows the use of 
service parameter settings in Cisco Unified 
Communications Manager for specification of the time 
between beeps. 

                                                 
6 Support is for forward, transfer, and conference; message-waiting indicator is from SIP to QSIG (not the reverse) and requires 
Cisco IOS Software Release 12.4(11)T; calling and connected ID are not supported 
7 Requires Cisco Unified Communications Manager 4.1(3)SR2 or later and Cisco IOS Software Release 12.4(9)T or later; no 
gatekeeper support 
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SIP MGCP H.323 Feature Benefits 

Y N Y Voice + Data integrated access This feature makes the voice and serial data interfaces 
available on the same T1/E1. 

Y N Y Fractional PRI This feature allows for use of fewer than 23/30 channels 
on a T1/E1. Other channels are either unused or used for 
data. 

Y N Y FXO tone answer supervision This feature facilitates the use of tones to signal 
answering a call and the start of a CDR. 

Y Y Y FXO disconnect supervision This feature makes battery reversal or tones available for 
use to disconnect FXO calls. 

Y N Y ISDN video switching on gateway (drop DSPs) This feature allows ISDN-based video conferencing 
systems to connect and be switched back out the ISDN. 

Y N Y Set numbering plan type of outgoing calls You can change the numbering plan on the gateway 
before your call goes out over the PSTN. 

N Y N Billing granularity to DS-0 channel level on Cisco Unified 
Communications Manager CDR 

This feature provides increased granularity on TDM 
usage down to the individual channel. 

Y Y Y Name display on PRI using FACILITY IE (caller name 
[CNAM]) 

This feature provides caller name display on IP phones 
for PSTN calls. 

N Y11 N Secure Telephone Unit (STU) and Secure Terminal 
Equipment (STE) phone support 

STU and STE support the U.S. Department of Defense 
analog and BRI secure phones. 

N Y12 N Connection to Defense Switched Network (DSN) This feature supports the U.S. Department of Defense 
private TDM network. 

Y13 Y14 Y15 Secure Real-Time Transport Protocol (SRTP): Media 
authentication and encryption on unified communications 
routers 

This feature enables secure gateway-to-gateway calls 
and secure IP phone-to-gateway calls. 

Y - - SRTP-Real-Time Transport Protocol (RTP) fallback 
operations 

This feature enables the fallback from SRTP to RTP 
during capabilities negotiation at the time of call setup. 

Y16 Y17 Y18 Signaling encryption SIP: Transport Layer Security (TLS), 
MGCP/H,323: IP Security IPsec) 

This feature encrypts signaling communication between 
unified communications and Cisco Unified 
Communications Manager. 

Y N Y H.320 video gateway support This feature integrates ISDN trunks with both voice and 
video traffic. 

Y N Y Virtualization (Virtual Route Forwarding [VRF]) This feature supports virtual segmentation of the network 
using VRF. 

Y N N IPv6 IPv6 support enables interworking with IPv6-capable 
networks. 

Y N N Dynamic Host Configuration Protocol (DHCP) DHCP enables acquisition of gateway configuration 
parameters from the DHCP server. 

Y Y Y Resource Reservation Protocol (RSVP) support This feature provides assured high quality voice by 
enabling resource reservation for call admission control.  

Y - - History Info support This feature enables support for the History Info header 
to transport the history information of a call. 

Y - - SIP privacy and identity  This feature enables transport of identity, both preferred 
(P-Preferred Identity [PPI]) and asserted (P-Asserted 
Identity [PAI]). 

Y - - Signaling health monitoring This feature enables monitoring of the signaling 
connection across the signaling trunk.  

                                                 
11 Requires Cisco IOS Software Release 12.3(14)T or later; BRI operations limited: single B-channel voice only; testing limited to 
three phones; no data call support 
12 Requires Cisco IOS Software Release 12.4(2)T or later 
13 Requires Cisco IOS Software Release 12.4(15)T or later and Cisco Unified Communications Manager 5.0 (line-side) or later; 
Cisco Unified Communications Manager trunk-side support currently not available 
14 Requires Cisco IOS Software Release 12.4(3) or later and Cisco Unified Communications Manager 4.1 or later 
15 Requires Cisco IOS Software Release 12.4(6)T2 or later and Cisco Unified Communications Manager 5.0 or later 
16 Requires Cisco IOS Software Release 12.4(6)T or later and Cisco Unified Communications Manager 5.0 or later 
17 Requires Cisco IOS Software Release 12.4(3) or laterand Cisco Unified Communications Manager 4.1 or later 
18 Requires Cisco IOS Software Release 12.4(6)T1 and Cisco Unified Communications Manager 5.0 or later 
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SIP MGCP H.323 Feature Benefits 

Y Y Y Q.SIG and Q.931 Tunneling This feature enables transparent tunneling of ISDN 
signaling over VoIP signaling. 

Y19 N Y19 Ad hoc video conference service and unified video 
transcoding service on Cisco Integrated Services Routers 
Generation 2 (ISR G2) 

This feature enables Ad hoc video conferencing and 
unified video transcoding on the Cisco 2900 and 3900 
Series Integrated Services Routers (ISRs) 

N Y19 N Cisco V.150.1 Minimum Essential Requirements This feature delivers enhancements to the voice 
gateways to satisfy requirements outlined in the 
UCR2008 specification. Specifically, support is added for 
the V.150.1 Minimum Essential Requirements (modem 
relay) and Modem over IP (MoIP) and Fax over IP (FoIP). 

Unified Communications Router with Cisco Unified Communications Manager Minimum 
System Requirements 

Tables 2 through 5 give system requirements for the unified communications routers. 

Table 2. Cisco Unified Communications Routers with Cisco Unified Communications Manager Minimum System 
Requirements Using SIP 

TDM Protocol or Feature Minimum Cisco IOS Software Release* Minimum Cisco Unified Communications 
Manager Release 

Analog (FXS and FXO) 12.4(6)T 5.0 

BRI 12.4(6)T 5.0 

T1 CAS and T1/E1 PRI 12.4(6)T 5.0 

* This table shows when a Cisco IOS Software particular interface type was first tested with Cisco Unified Communications 
Manager. It does not document when individual network modules (NMs), advanced integration modules (AIMs), service modules 
(SMs), integrated service modules (ISMs), and platforms are first supported in Cisco IOS Software. For this information refer to 
the data sheet for the relevant interface. Note that when using SIP, Cisco Unified Communications Manager does not need to 
know which NM, SM, AIM, ISM, or platform is used. Hence, when Cisco Unified Communications Manager supports a particular 
protocol or feature, this support is sufficient for operation. 

Table 3. Cisco Unified Communications Routers with Cisco Unified Communications Manager Minimum System 
Requirements Using H.323 

TDM Protocol or Feature Minimum Cisco IOS Software Release* Minimum Cisco Unified Communications 
Manager Release 

Analog (FXS and FXO) 12.2(1)M 3.0(5a) 

BRI 12.2(1)M 3.0(5a) 

T1 CAS and T1/E1 PRI 12.1(2)T 3.0(5a) 

T1/E1 QSIG 12.1(2)T 3.0(5a) 

MCID 12.3(11)T 4.0 

* This table shows when a particular interface type is first supported in Cisco IOS Software. It does not document when individual 
NMs, SMs, AIMs, ISMs, and platforms are first supported in Cisco IOS Software. For this information refer to the data sheet for 
the relevant interface. Note that in H.323 mode, Cisco Unified Communications Manager does not need to know which NM, SM, 
AIM, ISM, or platform is used. Hence, when Cisco Unified Communications Manager supports a particular protocol or feature, this 
support is sufficient for operation. 

                                                 
19 Requires Cisco IOS Software Release 15.1(4)M or later and Cisco Unified Communications Manager 8.6 or later 
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Table 4. Cisco Unified Communications Routers with Cisco Unified Communications Manager Minimum System 
Requirements Using MGCP 

Active Platforms Interface Part Number TDM Protocol or Feature Minimum Cisco IOS 
Software Release 

Minimum Cisco Unified 
Communications 
Manager Release 

Cisco 2801 VIC2-2FXS, VIC2-2FXO, 
VIC-4FXS/DID, and VIC2-
4FXO 

Analog FXS and FXO 12.3.8T4 3.3.5, 4.0.2a SR1, or 4.1.2 
SR1 

VIC2-2BRI -NT/TE BRI 12.3.14T 4.1.2 SR1 

VWIC-1MFT-T1/E1, VWIC-
2MFT-T1/E1, VWIC-2MFT-
T1/E1-DI, VWIC-1MFT-
G703, and VWIC-2MFT-
G703 

T1 CAS E&M, T1/E1 PRI, 
and QSIG (basic) 

12.3.8T4 3.3.5, 4.0.2a SR1, or 4.1.2 
SR1 

VWIC-1MFT-T1/E1, VWIC-
2MFT-T1/E1, VWIC-2MFT-
T1/E1-DI, VWIC-1MFT-
G703, and VWIC-2MFT-
G703 

T1/E1QSIG supplementary 
services 

12.3.14T 4.0.2a SR1 or 4.1.2 SR1 

VWIC2-1MFT-T1/E1, 
VWIC2-2MFT-T1/E1, 
VWIC2-1MFT-G703, and 
VWIC2-2MFT-G703 

T1 CAS E&M, T1/E1 PRI, 
and QSIG supplementary 
services 

12.3.14T 4.0.2a SR1 or 4.1.2 SR1 

VIC3-2FXS/DID, VIC3-
2FXS-E/DID, VIC3-
4FXS/DID 

Analog FXS and FXO 12.4.20T 6.0.1 

Cisco 2811, 2821,  
and 2851 

EVM-HD-8FXS/DID with 
EM-HDA-8FXS, EM3-HDA-
8FXS, EM-HDA-6FXO, or 
EM-HDA-3FXS/4FXO 

Analog FXS and FXO 12.3.11T 3.3.5, 4.0.2a SR1, or 4.1.2 

EVM-HD-8FXS/DID with 
EM-4BRI-NT/TE 

BRI 12.4.2T 4.1.3 SR1 

NM-HDA Analog FXS and FXO 12.3.8T4 3.3.5, 4.0.2a SR1, or 4.1.2 

NM-HDV T1 CAS E&M and T1/E1 
PRI 

12.3.8T4 3.3.5, 4.0.2a SR1, or 4.1.2 

NM-HDV T1/E1 QSIG (basic) 12.3.8T4 3.3.5, 4.0.2a SR1, or 4.1.2 

NM-HD-1V/2V/2VE Analog FXS and FXO, T1 
CAS E&M, T1/E1 PRI, and 
T1/E1 QSIG (basic) 

12.3.8T4 3.3.5, 4.0.2a SR1, or 4.1.2 

VIC2-2BRI-NT/TE, NM-
HD-1V/2V/2VE, and NM-
HDV2 

BRI 12.4.2T 4.1.3 SR1 

NM-HDV2 T1 CAS E&M, T1/E1 PRI, 
and T1/E1 QSIG (basic) 

12.3.8T4 3.3.5, 4.0.2a SR1, or 4.1.2 

VWIC-1MFT-T1/E1, VWIC-
2MFT-T1/E1, VWIC-2MFT-
T1/E1-DI, VWIC-1MFT-
G703, and VWIC-2MFT-
G703 

T1/E1QSIG** and MLPP*** 12.3.11T 4.0.2a SR1 or 4.1.2 

VWIC2-1MFT-T1/E1, 
VWIC2-2MFT-T1/E1, 
VWIC2-1MFT-G703, and 
VWIC2-2MFT-G703 

T1 CAS E&M, T1/E1 PRI, 
QSIG**, and MLPP*** 

12.3.14T 4.0.2a SR2 or 4.1.3 

VIC3-2FXS/DID, VIC3-
2FXS-E/DID, VIC3-
4FXS/DID 

Analog FXS and FXO 12.4.20T 6.0.1 
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Active Platforms Interface Part Number TDM Protocol or Feature Minimum Cisco IOS 
Software Release 

Minimum Cisco Unified 
Communications 
Manager Release 

Cisco 3825 and 3845 EVM-HD-8FXS/DID with 
EM-HDA-8FXS, EM3-HDA-
8FXS, EM-HDA-6FXO, or 
EM-HDA-3FXS/4FXO  

Analog FXS and FXO 12.3.11T 3.3.5, 4.0.2a SR1, or 4.1.2 

EVM-HD-8FXS/DID with 
EM-4BRI-NT/TE 

BRI 12.4.2T 4.1.3 SR1 

NM-HDA Analog FXS and FXO 12.3.11T 3.3.5, 4.0.2a SR1, or 4.1.2 

NM-HDV T1 CAS E&M and T1/E1 
PRI 

12.3.11T 3.3.5, 4.0.2a SR1, or 4.1.2 

NM-HDV T1/E1 QSIG (basic) 12.3.11T 3.3.5, 4.0.2a SR1, or 4.1.2 

NM-HD-1V/2V/2VE Analog FXS and FXO, T1 
CAS E&M, T1/E1 PRI, and 
T1/E1 QSIG (basic) 

12.3.11T 3.3.5, 4.0.2a SR1, or 4.1.2 

VIC2-2BRI-NT/TE, NM-
HD-1V/2V/2VE, and NM-
HDV2 

BRI 12.4.2T 4.1.3 SR1 

NM-HDV2 T1 CAS E&M, T1/E1 PRI, 
and T1/E1 QSIG (basic) 

12.3.11T 3.3.5, 4.0.2a SR1, or 4.1.2 

VWIC-1MFT-T1/E1, VWIC-
2MFT-T1/E1, VWIC-2MFT-
T1/E1-DI, VWIC-1MFT-
G703, and VWIC-2MFT-
G703 

T1/E1QSIG** and MLPP*** 12.3.11T 4.0.2a SR1 or 4.1.2 

VWIC2-1MFT-T1/E1, 
VWIC2-2MFT-T1/E1, 
VWIC2-1MFT-G703, and 
VWIC2-2MFT-G703 

T1 CAS E&M, T1/E1 PRI, 
QSIG**, and MLPP*** 

12.3.14T 4.0.2a SR2 or 4.1.3 

VIC3-2FXS/DID, VIC3-
2FXS-E/DID, and VIC3-
4FXS/DID 

Analog FXS and FXO 12.4(20)T 6.0.1 

Cisco 2901, 2911, 2921, 
and 2951 

EVM-HD-8FXS/DID with 
EM3-HDA-8FXS, EM-HDA-
6FXO, or EM-HDA-
3FXS/4FXO (Cisco 2911, 
2921, and 2951 only) 

Analog FXS and FXO 15.0.1M 6.1.5, 7.1.3, or 8.0 

VIC3-2FXS/DID, VIC3-
2FXS-E/DID, VIC3-
4FXS/DID, NM-HD-
1V/2V/2VE, and NM-HDV2 

Analog FXS and FXO 15.0.1M 6.1.5, 7.1.3, or 8.0 

EVM-HD-8FXS/DID with 
EM-4BRI-NT/TE, VIC2-
2BRI-NT/TE, NM-HD-
1V/2V/2VE, and NM-HDV2 

BRI 15.0.1M  6.1.5, 7.1.3 or 8.0 

NM-HDV2 T1 CAS E&M, T1/E1 PRI, 
and T1/E1 QSIG (basic) 

15.0.1M  6.1.5, 7.1.3 or 8.0 

VWIC2-1MFT-T1/E1, 
VWIC2-2MFT-T1/E1, 
VWIC2-1MFT-G703, and 
VWIC2-2MFT-G703 

T1 CAS E&M, T1/E1 PRI, 
QSIG**, and MLPP*** 

15.0.1M  6.1.5, 7.1.3 or 8.0 

 VWIC3-1MFT-T1/E1, 
VWIC3-2MFT-T1/E1, 
VWIC3-1MFT-G703, and 
VWIC3-2MFT-G703 

T1 CAS, T1/E1 PRI, and 
channel-groups 

15.0.1M3 7.1.5 or 8.0.2 

VWIC3-4MFT-T1/E1 

Not supported on Cisco 
2901 

T1 CAS, T1/E1 PRI, and 
channel-groups 

15.1.3T 7.1.5 or 8.0.2 




















