
Voice over Frame Relay
Using FRF.11 and FRF.12
Feature Overview
The Voice over Frame Relay (VoFR) capabilities that were introduced on the Cisco MC3810 
multiservice access concentrator beginning with Cisco IOS Release 11.3 are now extended to the 
Cisco 2600 series, 3600 series, and 7200 series router platforms.

The following new functionality is supported in Release 12.0(3)XG and 12.0(4)T:

• FRF.11-compliant VoFR trunking

• FRF.12-compliant end-to-end fragmentation

Note This feature supports both FRF.12-compliant fragmentation in addition to the proprietary 
Cisco fragmentation introduced in Cisco IOS Release 11.3.

• Dynamic call switching and termination

• Permanent trunk connections (private line) via dynamic switched call path

When VoFR is configured on a Cisco router, the router is able to carry voice traffic such as telephone 
calls and faxes over a Frame Relay network.

This document describes how to configure VoFR on the Cisco routers that support this feature. It is 
assumed you have already configured your Frame Relay backbone network. As part of your Frame 
Relay configuration, you need to configure the map class and the Local Management Interface 
(LMI) among other Frame Relay functionality. For more information about basic Frame Relay 
configuration, see the Wide-Area Networking Configuration Guide. 

Benefits
The Cisco implementation of Voice over Frame Relay provides the following benefits to existing 
Frame Relay networks:

• Enables real-time, delay-sensitive voice traffic to be carried over slow Frame Relay links

• Allows dedicated 64-kbps Time-Division Muliplexing (TDM) telephony circuits to be replaced 
by more economical Frame Relay permanent virtual circuits 

• Allows voice-enabled routers from multiple remote sites to be multiplexed into a central site 
router through Frame Relay links

• Utilizes voice compression technology that conforms to ITU-T specifications
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• Enables Cisco 2600 series, 3600 series, and 7200 series routers and the Cisco MC3810 series 
multiservice access concentrators to support Frame Relay fragmentation

• Allows intelligent setup of proprietary switched VoFR connections between two VoFR 
endpoints, saving the extensive configuration overhead associated with pure FRF.11 
implementations

• Supports standard FRF.11 functionality, allowing Cisco routers to interconnect with other 
equipment supporting this specification

Restrictions
The following restrictions and limitations apply to Voice over Frame Relay:

• In order for VoFR on the Cisco 2600 series, 3600 series, and 7200 series routers to interoperate 
with VoFR on the Cisco MC3810, the Cisco MC3810 must be running Cisco IOS 
Release 12.0(3)XG or 12.0(4)T or later.

Note The Cisco MC3810 first supported VoFR in Cisco IOS Release 11.3(1)MA. The 
Cisco 2600 series, 3600 series, and 7200 series routers can tandem-switch voice calls generated 
by the Cisco MC3810 running Release 11.3(1)MA or later.

• The Cisco 2600 series and 3600 series routers cannot terminate calls initiated by a Cisco MC3810 
using VoFR implementations prior to Cisco IOS Release 12.0(3)XG or 12.0(4)T.

• Cisco MC3810 concentrators running Cisco IOS versions prior to release 12.0(3)XG or 12.0(4)T 
cannot tandem VoFR calls from Cisco 2600 series, 3600 series, and 7200 series routers.

• It is currently not possible to translate from the VoIP transport protocol to other protocols such 
as VoFR. As a result, a call coming in on a VoIP connection might not be (tandem) switched to a 
VoFR connection. 

• The Cisco 7200 series routers currently only support tandeming. Call termination is not 
supported.

• Hookflash for dial tone recall from the router is not supported. However, the router can 
pass-through hookflash on FXO-FXS permanent connections using the connection trunk 
voice-port configuration command. 

Supported Platforms
• Cisco 2600 series routers

• Cisco 3600 series routers

• Cisco MC3810 series multiservice access concentrators

• Cisco 7200 series routers (tandeming only)
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Prerequisites
Before you can configure a Cisco router to use Voice over Frame Relay, you must do the following:

• Complete your company’s dial plan.

• Establish a working Frame Relay network. For more information about configuring Frame Relay, 
refer to the Cisco IOS Wide-Area Networking Configuration Guide.

• Establish a working telephony network based on your company’s dial plan:

— Integrate your dial plan and telephony network into your existing Frame Relay network 
topology. Make routing and/or dialing transparent to the user—for example, avoid secondary 
dial tones from secondary switches, where possible.

— Contact your PBX vendor for instructions about how to reconfigure the appropriate PBX 
interfaces.

After you have analyzed your dial plan and decided how to integrate it into your existing Frame 
Relay network, you are ready to configure your network devices to support Voice over Frame Relay. 

Supported MIBs and RFCs
None

List of Terms and Acronyms
ABCD signaling—4-bit telephony line signaling coding in which each letter of “ABCD” represents 
one of the 4 bits. This is often associated with CAS or Robbed-Bit signaling on a T1 or E1 telephony 
trunk.

ADPCM—Adaptive differential pulse code modulation. A process by which analog voice samples 
are encoded into high-quality digital signals.

Call leg—A logical connection between the router and either a telephony endpoint over a bearer 
channel, or another endpoint using a session protocol.

CELP—Code excited linear prediction. A compression algorithm used in low bit-rate voice 
encoding. CELP is used in ITU-T Recommendations G.728, G.729, and G.723.1.

CEPT—Conférence Européenne des Postes et des Télécommunications. Association of the 26 
European PTTs that recommends communication specifications to the ITU-T. 

CID—Channel ID. Designates the Frame Relay subchannel ID for Voice over Frame Relay.

CIR—Committed Information Rate. The average rate of information transfer a subscriber (for 
example, a network administrator) has stipulated for a Frame Relay PVC.

Cisco-trunk (private line) call—A Cisco-trunk (private line) call is established by the forced 
connection of a dynamic switched call. A Cisco-trunk call is established during configuration of the 
trunk and stays up for the duration of the configuration. It optionally provides a pass-through 
connection path to pass signaling information between the two telephony interfaces at either end of 
the connection.

CODEC—Coder-Decoder. (i) An integrated circuit device that typically uses pulse code modulation 
to transform analog signals into a digital bit stream and digital signals back into analog signals. (ii) 
In Voice over IP, Voice over Frame Relay, and Voice over ATM, a DSP software algorithm used to 
compress/decompress speech or audio signals.
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CS-ACELP—Conjugate structure algebraic code excited linear prediction. A CELP voice 
compression algorithm specified in ITU-T Recommendation G.729, providing 8 kbps, or 8:1 
compression.

DLCI—Data-link connection identifier.

Dial peer—An addressable call endpoint that contains configuration information including voice 
protocol, CODEC type, and telephone number associated with the call endpoint. There are five kinds 
of dial peers: POTS, VoIP, VoFR, VoATM, and VoHDLC.

DS0—A 64-kbps B channel on an E1 or T1 WAN interface.

DTMF—Dual tone multifrequency. Use of two simultaneous voice-band tones for dial (such as 
touch tone).

DTMF relay—Enables the generation of FRF.11 Annex A frames for a VoFR dial peer. The DSP 
generates Annex A frames instead of passing a DTMF tone through the network as a voice sample.

Dynamic switched call—A telephone call dynamically established across a packet data network 
based on a dialed telephone number. In the case of VoFR, a Cisco proprietary session protocol 
similar to Q.931 is used to achieve call switching and negotiation between calling endpoints. The 
proprietary session protocol runs over FRF.11-compliant subchannels.

E&M—Stands for recEive and transMit (or Ear and Mouth). E&M is a trunking arrangement 
generally used for two-way switch-to-switch or switch-to-network connections. Cisco’s analog 
E&M interface is an RJ-48 connector that allows connections to PBX trunk lines (tie lines). E&M is 
also available on E1 and T1 digital interfaces.

FIFO—First-in, first-out. In data communication, FIFO refers to a buffering scheme where the first 
byte of data entering the buffer is the first byte retrieved by the CPU. In telephony, FIFO refers to a 
queuing scheme where the first calls received are the first calls processed.

FRF—Frame Relay Forum. An association of corporate members consisting of vendors, carriers, 
users, and consultants committed to the implementation of Frame Relay in accordance with national 
and international standards. Refer to the website http://www.frforum.com.

FRF.11—Frame Relay Forum implementation agreement for Voice over Frame Relay (v1.0 May 
1997). This specification defines multiplexed data, voice, fax, DTMF digit-relay and 
CAS/Robbed-bit signaling frame formats, but does not include call setup, routing or administration 
facilities. Refer to the website http://www.frforum.com.

FRF.11 Annex C—See FRF.12.

FRF11-trunk—A point-to-point permanent voice connection (private line) conforming to the 
FRF.11 specification. 

FRF.12—The FRF.12 Implementation Agreement (also known as FRF.11 Annex C) was developed 
to allow long data frames to be fragmented into smaller pieces and interleaved with real-time frames. 
In this way, real-time voice and non real-time data frames can be carried together on lower speed 
links without causing excessive delay to the real-time traffic. Refer to the website 
http://www.frforum.com.

FXO—Foreign Exchange Office. An FXO interface connects to the Public Switched Telephone 
Network’s (PSTN) central office and is the interface offered on a standard telephone. Cisco’s FXO 
interface is an RJ-11 connector that allows an analog connection to be directed at the PSTN’s central 
office or to a station interface on a PBX. 

FXS—Foreign Exchange Station. An FXS interface connects directly to a standard telephone and 
supplies ring, voltage, and dial tone. Cisco’s FXS interface is an RJ-11 connector that allows 
connections to basic telephone service equipment, keysets, and PBXs.
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G.711—Describes the 64-kbps PCM voice coding technique. In G.711, encoded voice is already in 
the correct format for digital voice delivery in the PSTN or through PBXs. Described in the ITU-T 
standard in its G-series recommendations.

G.723.1—Describes a compression technique that can be used for compressing speech or audio 
signal components at a very low bit rate as part of the H.324 family of standards. This CODEC has 
two bit rates associated with it: 5.3 and 6.3 kbps. The higher bit rate is based on ML-MLQ 
technology and provides a somewhat higher quality of sound. The lower bit rate is based on CELP 
and provides system designers with additional flexibility. Described in the ITU-T standard in its 
G-series recommendations.

G.726—Describes ADPCM coding at 40, 32, 24, and 16 kbps. ADPCM-encoded voice can be 
interchanged between packet voice, PSTN, and PBX networks if the PBX networks are configured 
to support ADPCM. Described in the ITU-T standard in its G-series recommendations.

G.728—Describes a 16-kbps low-delay variation of CELP voice compression. CELP voice coding 
must be translated into a public telephony format for delivery to or through the PSTN. Described in 
the ITU-T standard in its G-series recommendations.

G.729—Describes CELP compression where voice is coded into 8-kbps streams. There are two 
variations of this standard (G.729 and G.729 Annex A) that differ mainly in computational 
complexity; both provide speech quality similar to 32-kbps ADPCM. Described in the ITU-T 
standard in its G-series recommendations.

hookflash—A short on-hook period usually generated by a telephone-like device during a call to 
indicate that the telephone wishes to perform dial-tone recall from a PBX. Hookflash is often used 
to perform call transfer.

LD-CELP—Low-delay CELP. A CELP voice compression algorithm specified in ITU-T 
Recommendation G.728, providing 16 kbps, or 4:1 compression.

MEL CAS—Mercury Exchange Limited (MEL) Channel Associated Signaling. A voice signaling 
protocol used primarily in the United Kingdom.

OOS—Out of Service signaling.

PBX—Private Branch Exchange. Privately owned central switching office.

Permanent calls—Permanent calls are private line calls used for fixed point-to-point calls, 
connections between PBXs (E&M to E&M), or for remote telephone extensions (FXO to FXS). 

PLAR—Private Line, Automatic Ringdown. A leased voice circuit that connects two single 
endpoints together. When either telephone handset is taken off-hook, the remote telephone 
automatically rings. 

POTS—Plain old telephone service. Basic telephone service supplying standard single line 
telephones, telephone lines, and access to the PSTN.

POTS dial peer—Dial peer connected via a traditional telephony network. POTS peers point to a 
particular voice port on a voice network device.

PSTN—Public Switched Telephone Network. PSTN refers to the local telephone company.

PVC—Permanent virtual circuit.

SVC—Switched virtual circuit.

Switched calls—Switched calls are normal telephone calls in which a user picks up a telephone, 
hears dial tone, enters the destination telephone number to reach the other telephone. Switched calls 
can also be private line auto-ringdown (PLAR) calls, or tie-line calls for fixed E&M to E&M fixed 
point-to-point connections.
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Tandem switching—The dynamic switching of voice calls between VoFR, VoATM, or VoHDLC 
PVCs and subchannels; also called tandeming. Tandem switching is often encountered in multi-hop 
VoFR call connection paths.

Trunk—Service that allows quasi-transparent connections between two PBXs, a PBX and a local 
extension, or some other combination of telephony interfaces with signaling passed transparently 
through the packet data network.

UIO—Universal I/O serial port (Cisco router).

VAD—Voice Activity Detection. When VAD is enabled on voice port or a dial peer, silence is not 
transmitted over the network, only audible speech. When VAD is enabled, the sound quality is 
slightly degraded but the connection monopolizes much less bandwidth.

VoFR—Voice over Frame Relay.

VoFR dial peer—Dial peer connected via a Frame Relay network. VoFR peers point to specific 
VoFR devices.

Voice over Frame Relay—Voice over Frame Relay enables a router to carry voice traffic (for 
example, telephone calls and faxes) over a Frame Relay network. When sending voice traffic over 
Frame Relay, the voice traffic is segmented and encapsulated for transit across the Frame Relay 
network using FRF.12 encapsulation. 

Voice over IP—Voice over IP enables a router to carry voice traffic (for example, telephone calls 
and faxes) over an IP network. In Voice over IP, the DSP segments the voice signal into frames, 
which are then coupled in groups of two and stored in voice packets. These voice packets are 
transported using IP in compliance with ITU-T specification H.323.

VoIP—Voice over IP. 

Functional Description
Cisco’s VoFR implementation allows the following types of VoFR calls:

• Static FRF.11 trunks

• Switched VoFR calls:

— Dynamic switched calls

— Cisco-trunk (private line) calls

This section describes the setup of Cisco VoFR calls. In addition, the following functionality is 
described:

• FRF.11-compliant speech encoding and packetization

• FRF.12-based end-to-end fragmentation under Frame Relay

• Permanent trunks over dynamic switched calls

• Tandem switching of calls from one VoFR dial peer to another VoFR dial peer

Static FRF.11 trunks and permanent switched trunks are used to create fixed point-to-point 
connections, which are typically used to connect two PBXs. In this case, the VoFR system simply 
provides transportation of the voice connection channels, but does not provide dial-plan-based 
telephone call switching. This functionality is sometimes referred to as “tie-line emulation.” In this 
scenario, all telephone call switching is performed by the PBXs.
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Static FRF.11 Trunks
With dynamic switched calls, the VoFR system includes dial-plan information that is used to process 
and route the calls based on the telephone numbers dialed by the callers. The dial-plan information 
is contained within dial-peer entries.

Static FRF.11 Trunks
FRF.11 trunks allow for standards-based vendor interoperability by specifying the frame format and 
coder types to be used when transmitting voice traffic through a Frame Relay network; however, 
FRF.11 includes no specifications for end-to-end negotiation, call setup process, or any other form 
of communication between the Frame Relay nodes. As a result, static FRF.11 trunks must be set up 
by manually configuring each router within the voice trunk path with compatible parameters—a 
voice port and a specific subchannel on a DLCI are explicitly bound on each end router. Signaling 
information is packed and sent transparently end to end.

There is no possibility of automatic enforcement of compatible configuration parameters between 
the two ends of an FRF.11-based call. For example, it is possible to incorrectly configure the two 
ends of an FRF.11 call using different and incompatible speech compression CODECs. In this 
situation, the call will exist and voice packets will be transmitted and received, but no usable voice 
path will be created. 

When configured, a static FRF.11 trunk remains up until the voice port or serial port is shut down, 
or until a network disruption occurs. The FRF.11 specification does not include any standardized 
methods for performing Operation, Administration, and Maintenance (OAM) functions. There is no 
standard protocol for detecting faults and providing rerouting of connection paths.

FRF.11 allows up to 255 subchannels to be multiplexed onto a single Frame Relay DLCI. The 
current implementation supports the multiplexing of a single data channel with many voice channels. 
(Subchannels 0 to 3 are reserved and cannot be configured either for voice or data.)

FRF.11 can only be used when an end-to-end PVC is available between the voice ports at each end 
of the connection. At intermediate Frame Relay nodes, you must route the entire PVC; connection 
ID-based routing (individual Channel ID switching) is not supported. Because the entire PVC is 
routed, no prioritization of voice packets is possible at the intermediate Frame Relay nodes. 

The connection trunk voice-port configuration command is used to establish a static FRF.11 trunk; 
the dial peer is configured using the session protocol frf11-trunk command, which invokes the 
FRF.11-compliant session protocol.

Note FRF.11 specifies that a device can pack multiple FRF.11 subframes within a single Frame 
Relay frame; however, the Cisco implementation of Voice over Frame Relay currently does not 
support multiple subframes within a frame.

Cisco Switched Voice over Frame Relay
Cisco addresses the lack of end-to-end call parameter negotiation and call setup syntax in FRF.11 by 
implementing a proprietary Q.931-like session protocol running on a user-configurable CID of an 
FRF.11-format multiplexed DLCI. The Cisco-switched Voice over Frame Relay protocol handles 
call setup and parameter negotiation for both endpoints and intermediate nodes within the (multihop) 
call path. The call setup mechanism originally implemented in the Cisco MC3810 is used; this 
mechanism can be used for either permanent switched (Cisco-trunk) or dynamic switched calls. The 
Cisco-switched VoFR protocol includes forwarding of the called telephone number and supports 
tandem switching of the call over multiple Frame Relay PVC hops.
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A tandem node is an intermediate router node within the Frame Relay call path. Its purpose is to 
switch the frames from one PVC subchannel to another (from one VoFR dial peer onto another VoFR 
dial peer) as the frames traverse the network. Use of tandem router nodes also avoids the need to 
have complete dial-plan information present on every router.

The Cisco MC3810 also supports Voice over ATM (VoATM) and Voice over HDLC (VoHDLC). The 
Cisco MC3810 is able to tandem switch voice calls between VoFR, VoATM, and VoHDLC call legs. 
The Cisco 2600 series and 3600 series routers also support VoIP. It is currently not possible to 
translate from the VoIP transport protocol to other protocols such as VoFR. As a result, a call coming 
in on a VoIP connection may not be (tandem) switched to a VoFR connection.

Dynamic Switched Calls
Dynamic switched calls are regular telephone calls in which the dial-plan-based call switching is 
performed by the Cisco router. The destination endpoint of the call is selected by the router based on 
the telephone number dialed and the dial-plan information contained in the dial-peer configuration 
entries. Contrast this implementation with permanent calls (Cisco-trunk calls), where the call 
endpoints are permanently fixed at configuration time.

The dial peer is configured using the session protocol cisco-switched dial-peer configuration 
command, which uses the Cisco proprietary session protocol.

Cisco-Trunk (Private Line) Calls
A Cisco-trunk (private line) call is basically a normal dynamic switched call of indefinite duration 
that uses a fixed destination telephone number and includes optional transparent end-to-end 
signaling. The telephone number of the destination endpoint is permanently configured into the 
router so that it always selects a fixed destination. Once established, either at boot-up or when 
configured, the call stays up until one of the voice ports or network ports is shut down, or until a 
network disruption occurs.

The connection trunk voice-port command is used to establish a Cisco-trunk call; the dial peer is 
configured using the session protocol cisco-switched command, which invokes the Cisco 
proprietary session protocol.

Frame Relay Fragmentation
Cisco has developed the following three methods of performing Frame Relay fragmentation:

• End-to-End FRF.12 Fragmentation 

• Frame Relay Fragmentation Using FRF.11 Annex C

• Cisco Proprietary Voice Encapsulation

These Frame Relay fragmentation methods are briefly described in the following sections.

Frame Relay fragmentation can be configured in conjunction with Voice over Frame Relay or 
independently of it. 

End-to-End FRF.12 Fragmentation
FRF.12 fragmentation is defined by the FRF.12 standard. The FRF.12 Implementation Agreement 
was developed to allow long data frames to be fragmented into smaller pieces and interleaved with 
real-time frames. In this way, real-time voice and non real-time data frames can be carried together 
on lower speed links without causing excessive delay to the real-time traffic.
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Frame Relay Fragmentation
Use this fragmentation type when the PVC is not carrying voice, but is sharing the link with other 
PVCs that are carrying voice. The fragmentation header is only included for frames that are greater 
than the fragment size configured. As a result, FRF.12 is the recommended fragmentation to be used 
by VoIP. 

Note VoIP packets should not be fragmented. However, VoIP packets can be interleaved with 
fragmented packets.

The Cisco 2600 series, 3600 series, and 7200 series routers and the Cisco MC3810 multiservice 
access concentrator support end-to-end fragmentation on a per-PVC basis. Fragmentation is 
configured through a map class, which can apply to one or many PVCs, depending on how the class 
is applied.

Frame Relay Fragmentation Using FRF.11 Annex C
When Voice over Frame Relay (FRF.11) and fragmentation are both configured on a PVC, the Frame 
Relay fragments are transmitted in the FRF.11 Annex C format.

This fragmentation is used when FRF.11 voice traffic is transmitted on the PVC and it uses the 
FRF.11 Annex C format for data. 

With FRF.11, all data packets contain fragmentation headers regardless of size. This form of 
fragmentation is not recommended for use with Voice over IP.

Cisco Proprietary Voice Encapsulation
Cisco proprietary voice fragmentation was implemented on earlier releases of the Cisco MC3810 
multiservice access concentrator. This fragmentation type is used on data packets on a PVC that is 
also used for voice traffic. When the vofr cisco command is configured on a DLCI and fragmentation 
is enabled on a map class, the Cisco 2600 series, 3600 series, and 7200 series routers can interoperate 
as tandem nodes (but cannot perform call termination) with Cisco MC3810 concentrators running 
Cisco IOS releases prior to 12.0(3)XG or 12.0(4)T.

On the Cisco 2600, 3600, and 7200 series routers, entering the vofr cisco command is the only 
method for configuring Cisco proprietary voice encapsulation. You must then configure a map class 
to enable voice traffic on the PVCs.

On the Cisco MC3810, you have two methods for configuring Cisco proprietary voice 
encapsulation:

• Configuring the map class to support proprietary voice encapsulation by entering the vofr cisco 
command on the DLCI. 

When using this method, you must configure a map class to enable voice traffic.

• Configuring a Frame Relay DLCI to support proprietary voice encapsulation by entering the 
frame-relay interface-dlci voice-encap command. 

When using this method, you can configure either an individual DLCI or configure a map class 
to enable voice traffic. This command is not supported on the Cisco 2600 and 3600 series routers.

These commands are mutually exclusive on the interface and each provides different advantages. 
The vofr cisco command uses weighted fair queuing for controlling the data flows. The frame-relay 
interface-dlci voice-encap provides only simple FIFO queuing and does not provide prioritization 
between non-voice (data) flows. The command does provide prioritization for voice flows.
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Because the frame-relay interface-dlci voice-encap command provides only FIFO queuing, this 
method has less overhead than the vofr cisco command. However, the vofr cisco command provides 
greater control over the queuing mechanism.

Frame Relay Fragmentation Conditions and Restrictions
When Frame Relay fragmentation is configured, the following conditions and restrictions apply:

• Hardware compression is not currently supported. 

• Weighted fair queueing at the PVC level is the only queueing strategy that can be used.

• Frame Relay traffic shaping must be configured to enable Frame Relay fragmentation.

• Voice over Frame Relay frames are never fragmented, regardless of size.

• When using end-to-end FRF.12 fragmentation, the VoIP packets will not include the FRF.12 
header, provided the size of the VoIP packet is smaller than the fragment size configured. 
However, when using FRF.11 Annex C or Cisco proprietary fragmentations, VoIP packets will 
include the fragmentation header.

• If fragments arrive out of sequence, packets are dropped.

Note Fragmentation is performed after frames are removed from the weighted fair queue.

FRF.ll Implementation Agreement Support
This feature provides support for different FRF.11 forum features depending on the hardware 
platform used (see Table 1).

Table 1 FRF.11 Support

FRF.11 Forum Features Cisco MC3810 Cisco 2600/3600 Series

Class 1 - Compliance Requirements (sec. 4.1) Not supported Not supported

Class 2 - Compliance Requirements (sec. 4.2) Supported Supported

Annex.A - Dialed Digits Transfer Syntax Supported Supported

Annex.B - Signaling Bit Transfer Syntax Supported Supported

Annex.C - Data Transfer Syntax Supported Supported

Annex.D - Fax Relay Transfer Syntax Supported Supported

Annex.E - CS-ACELP Transfer Syntax 
(G.729/G.729A)

- Sequence Number
- Packing Factor

Supported
Supported
Supported

Supported
Supported
Supported

Annex.F - Generic PCM/ADPCM Voice Transfer 
Syntax

Supported Supported

Annex.G - G.727 Discard-Eligible E-ADPCM Voice 
Transfer Syntax

Not supported Not supported

Annex.H - G.728 LD-CELP Transfer Syntax Not supported Supported

Annex.I - G.723.1 Dual Rate Speech Coder Not supported Supported

Transmission and reception of multiple subframes 
within a single Frame Relay frame

Not supported Not supported
10 Cisco IOS Release 12.0(4)T


	Dynamic Switched Calls
	Cisco-Trunk (Private Line) Calls
	End-to-End FRF.12 Fragmentation
	Frame Relay Fragmentation Using FRF.11 Annex C
	Cisco Proprietary Voice Encapsulation
	Frame Relay Fragmentation Conditions and Restrictions


<<
  /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


