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1 INTRODUCTION AND SCOPE

This document addresses interfaces for audio and video communication between User Equipment (UE), Media
Gateways (MG), and other network elements that process media such as media servers. Specifically, it identifies the
audio and video codecs and other features necessary to provide the highest quality and the most resource-efficient
media streams to the customer.

1.1 Background

PacketCable defines a modular architecture and a set of interoperable interfaces that leverage emerging
communications technologies, such as SIP, to support the rapid introduction of new IP-based communications and
streaming services onto the cable network. A modular approach allows operators to deploy network capabilities as
required by their specific service offerings, while maintaining interoperability across a variety of devices from
multiple suppliers. Examples of the service capabilities include:

e Enhanced Residential VoIP and IP Video Communications — Capabilities such as wideband audio and video
telephony plus click-to-dial type call processing based on presence, device capability, and identity

e  Cross Platform Feature Integration — Capabilities such as caller-id and video telephony display on the TV, and
call treatment from the TV

e  Mobility services and Integration with Cellular and Wireless Networks — Capabilities such as call handoff and
roaming between PacketCable VoIP over wireless LAN and cellular networks

e  Multimedia Applications — Capabilities such as QoS-enabled audio and video streaming

The network capabilities required to support this variety of services encompass protocol support, media support,
architecture and network element types, security, bandwidth management, and network management. As with
previous specification development projects at CableLabs, PacketCable leverages existing open standards wherever
possible.

PacketCable is based on the IP Multimedia Subsystem (IMS) as defined by the 3" Generation partnership Project
(3GPP). 3GPP is a collaboration agreement between various standards bodies. The scope of 3GPP is to produce
Technical Specifications and Technical Reports for GSM and 3rd Generation (3G) Mobile System networks.

Figure 1 below illustrates the functional components that are included in the PacketCable architecture. Refer to the
PacketCable Architecture Framework Technical Report for more detail [ARCH-FRM TR].

10/13/06 CableLabs® 1
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Figure 1 - PacketCable Reference Architecture

Concerning media support, the subject of this specification, the quality of audio and video delivered over the
PacketCable architecture depends on multiple factors starting with the inherent capabilities and performance of the
end devices, the network's performance and quality, and the intelligence of the network resource allocation. To
assure interoperability for both "on-net", including different VoIP network types such as Cable-Wi-Fi networks, and
"off-net" connections, this document defines codecs and capabilities for supporting narrowband and wideband audio
and video applications, with emphasis on the stringent requirements of IP-based voice and video communications.

Acceptable two-way voice and video communications imposes strict latency and packet-loss criteria on IP
implementations and will thus stress system resources, particularly if bandwidth becomes congested or saturated.
Entertainment-quality audio and video streaming applications, while more tolerant of latency, still impose strict
packet-loss requirements and generally require more bandwidth than two-way communications applications. The
PacketCable architecture is designed to support both types of applications simultaneously.

Audio compression and video compression are evolving technologies. New algorithms are being enabled as more
sophisticated and higher performing processors become available at lower cost. Additionally, the system infrastructure
and mechanisms for allocating resources will evolve. Due to this dynamism, the priority in designing PacketCable
architecture is to define a robust system that accommodates evolving technology without creating a legacy burden.
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1.2 Purpose of the Document

The purpose of this document is to specify profiles for codecs, packetization rules, encodings, and quality metrics to
assure successful media interworking within a PacketCable network and between a PacketCable network and
interconnecting networks including the PSTN and cellular networks. The media specified in this document includes
narrowband audio, wideband audio, image, and video for communications services.

The actual codecs and other requirements that are mandatory, recommended, or optional depend on the functional
component within the PacketCable architecture, and the intended capability of the device or application. These
requirements are specified in separate application capability documents.

This specification is issued to facilitate component design and qualification testing leading to the manufacturability
and interoperability of conforming hardware and software by multiple vendors.

1.3 High-Level Requirements for PacketCable

PacketCable media stream transport and encoding design goals include:

e Minimize the effects of latency, packet loss and jitter on sensitive media streams (e.g., voice and video) to
ensure a quality level in the target environments (including audio/video telephony, IP video streaming and
wireless);

e Define a set of audio and video codecs and associated media transmission protocols that may be supported;
e Accommodate emerging narrow-band and wide-band voice codec technologies;

e Accommodate emerging video codec technologies to provide support for applications like video telephony,
IP video streaming, etc.;

e  Specify minimum requirements for echo cancellation and voice activity detection;
e  Support transparent, error-free Dual-Tone Multi Frequency (DTMF) transmission;
e  Support for fax relay, modem relay, DTMF relay, and TTY;

e  Support calculation and reporting of voice quality metrics.

1.4 Organization of Document
This document is organized as follows:
e Scope and High-Level Requirements (Section 1);
e References (Section 2);
e Terms and Definitions (Section 3);
e  Abbreviations and Acronyms (Section 4);
e  Common Criteria for Transport of Audio and Video over IP (Section 5);
e  Gap Analysis between 3GPP, 3GPP2 and PacketCable Requirements (Section 6);
e Codec and Media Requirements (Section 0);

e Video Codec Profiles and Levels (Annex A and Annex B).

1.5 Requirements Syntax

Throughout this document, the words that are used to define the significance of particular requirements are
capitalized. These words are:

"MUST" This word means that the item is an absolute requirement of this specification.

"MUST NOT" This phrase means that the item is an absolute prohibition of this specification.

10/13/06 CableLabs® 3
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"SHOULD" This word means that there may exist valid reasons in particular circumstances to
ignore this item, but the full implications should be understood and the case carefully
weighed before choosing a different course.

"SHOULD NOT"  This phrase means that there may exist valid reasons in particular circumstances when
the listed behavior is acceptable or even useful, but the full implications should be
understood and the case carefully weighed before implementing any behavior
described with this label.

"MAY" This word means that this item is truly optional. One vendor may choose to include
the item because a particular marketplace requires it or because it enhances the
product, for example; another vendor may omit the same item.
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2 REFERENCES

2.1 Normative References

In order to claim compliance with this specification, it is necessary to conform to the following standards and other
works as indicated, in addition to the other requirements of this specification. Intellectual property rights may be
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[G.711-1] ITU-T Rec. G.711 Appendix I, A high quality low complexity algorithm for packet
loss concealment with G.711, September 1999.

[G.711-1T] ITU-T Rec. G.711 Appendix II, A comfort noise payload definition for ITU-T
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[ETSI TR 102 493]
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ANSI/TIA/EIA-136-Rev.C, part 410 — TDMA Cellular/PCS — Radio Interface,
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ANSI TIA-825-A-2003, A Frequency Shift Keyed Modem for Use on the
Public Switched Telephone Network, April, 2003.

PacketCable Architecture Framework Technical Report, PKT-TR-ARCH-
FRM-V02-061013, October 13, 2003, Cable Television Laboratories, Inc.

ATSC IS/191, ATSC Implementation Subcommittee Finding: Relative timing
of sound and vision for broadcast operations, June 2003.

ARIB, RCR STD-27H — Personal Digital Cellular Telecommunication System
RCR Standard, Association of Radio Industries and Businesses (ARIB).

ETSI TR 102 493 v1.1.1, Speech Processing, Transmission and Quality
Aspects (STQ): Guidelines for the Use of Video Quality Algorithms for Mobile
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July 2006.
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September 1999.

ITU-T Rec. G.121, Loudness ratings (LRs) of national systems, March 1993.
ITU-T Rec. G.131, Talker echo and its control, November 2003.

ITU-T Rec. G.729 Annex A, Reduced Complexity 8 kbit/s CS-ACELP Speech
Codec, November 1996.

ITU-T Rec. G.729 Annex E, 11.8 kbit/s CS-ACELP speech coding algorithm,
September 1998.

Telcordia GR-506-CORE, Issue 1, Revision 1, LSSGR: Signaling for Analog
Interfaces, November 1996.
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[H.263 Annex X]
[H.263]

[H.264]

[H.323]

[H.324]

[ID MGCP FAX]

[ID MGCP]

[ID VOIP]

[P.56]
[P.561]
[P.800]

[P.862]

[RFC 2190]

[RFC 3261]
[RFC 3435]

[RFC 3890]

[SEC TR]

[TS 24.229]

[TS 26.090]

[TS 26.991]

ITU-T Rec. G.1050, Network model for evaluating multimedia transmission
performance over Internet Protocol, November 2005.

ITU-T Rec. H.243, Procedures for establishing communication between three
or more audiovisual terminals using digital channels up to 1920 kbit/s,
February 2000.

ITU-T Rec. H.245, Control protocol for multimedia communication, July 2003.

ITU-T Rec. H.261, Video codec for audiovisual services at p x 64 kbit/s, March
1993.

ITU-T Rec. H.263—Annex X, Profiles and Levels Definition, January 2005.

ITU-T Rec. H.263, Video coding for low bit rate communication, January
2005.

ITU-T Rec. H.264, Advanced Video Coding for Generic Audiovisual Services,
March 2005.

ITU-T Rec. H.323, Packet-based multimedia communications systems, July
2003.

ITU-T Rec. H.324, Terminal for low bit-rate multimedia communication,
March 2002.

IETF Internet-Draft Media Gateway Control Protocol Fax Package, draft-
andreason-mgcp-fax-04, March 23, 2005, work in progress.

IETF Internet-Draft RTCP XR VoIP Metrics Package for the Media Gateway
Control Protocol, draft-auerbach-mgcp-rtcpxr-03, November 2005, work in
progress.

IETF Internet-Draft VoIP Metrics Management Information Base, draft-ietf-
avt-rtcp-xr-mib-03.txt, work in progress

ITU-T Rec. P.56, Objective Measurement of Active Speech Level, 1993.
ITU-T Rec. P.561, In-Service, Non-Intrusive Measurement Device, 1996.

ITU-T Rec. P.800, Methods for subjective determination of transmission
quality, August 1996.

ITU-T Rec. P.862, Perceptual Estimation of Speech Quality (PESQ), an
objective method for end-to-end speech quality assessment of narrowband
telephone networks and speech codecs, February 2001.

IETF RFC 2190, RTP Payload Format for H.263 Video Streams, September
1997.

IETF RFC 3261, SIP: Session Initiation Protocol, June 2002.
IETF RFC 3435, Media Gateway Control Protocol (MGCP) Version 1.0,
January 2003.

IETF RFC 3890, A Transport Independent Bandwidth Modifier for Session
Description Protocol, September 2004.

PacketCable Security Technical Report, PKT-TR-SEC-V03-061013, October
13, 2003, Cable Television Laboratories, Inc.

3GPP TS 24.229 V7.1.1, Session Initiation Protocol (SIP) and Session
Description Protocol (SDP); Stage 3, October 2005.

3GPP TS 26.090 ver 6.0.0 — Adaptive Multi-Rate (AMR) Speech Codec;
Transcoding Functions, December 2004.

3GPP TS 26.911 V7.0.0, Codec(s) for circuit switched multimedia telephone
service; Terminal Implementor’s Guide, September 2005.
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[TS 44.018] 3GPP TS 44.018 ver 6.11.0 — Radio Resource Control (RRC) Protocol, January
2005.

[TS 46.060] 3GPP TS 46.060 ver 6.0.0 — Enhanced Full Rate (EFR) Speech Transcoding,
December 2004.

[Y.1540] ITU-T Rec. Y.1540, Internet protocol data communication service — IP packet
transfer and availability performance parameters, December 2002.

[Y.1541] ITU-T Rec. Y.1541, Network performance objectives for IP-based services,
February 2006.

2.3 Reference Acquisition

e  3GPP specifications: www.3gpp.org

e 3GPP2 specifications: www.3gpp2.org
e  ATIS Document center: www.atis.org

e ETSI Standards: www.etsi.org/services_products/e-shop/home.htm

e Internet Engineering Task Force (IETF), Internet: http://www.ietf.org/
Note: Internet-Drafts are draft documents valid for a maximum of six months and may be updated, replaced, or
obsoleted by other documents at any time.
The list of current Internet-Drafts can be accessed at http://www.ietf.org/ietf/1id-abstracts.txt.

e ITU-T Recommendations: www.itu.int/ITU-T/publications/recs.html

e PacketCable specifications: Cable Television Laboratories, www.packetcable.com/specifications/

e  Security Industry Association: www.siaonline.org

e  Telcordia: http://www.telcordia.com/services/testing/lab_access/gr-listing.html

3 TERMS AND DEFINITIONS

This specification uses the following terms:

Active A service flow is said to be "active" when it is permitted to forward data
packets. A service flow must first be admitted before it is active.

Authentication The act of giving access to a service or device if one has permission to have
the access.

Downstream The direction from the headend toward the subscriber location.

Dynamic Quality of A Quality of Service assigned on the fly for each communication depending

Service on the QoS requested.

Encryption A method used to translate plaintext into ciphertext.

Endpoint A Terminal, Gateway or Multipoint Conference Unit (MCU).

Gateway Devices bridging between the PacketCable IP Voice Communication world

and the PSTN. Examples are the Media Gateway, which provides the bearer
circuit interfaces to the PSTN and transcodes the media stream, and the
Signaling Gateway, which sends and receives circuit switched network
signaling to the edge of the PacketCable network.

H.323 An ITU-T recommendation for transmitting and controlling audio and video
information. The H.323 recommendation requires the use of the ITU-T H.225
and ITU-T H.245 protocol for communication control between a "gateway"
audio/video endpoint and a "gatekeeper" function.

Header Protocol control information located at the beginning of a protocol data unit.
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Internet Engineering
Task Force

Jitter

Key
Latency
Media Gateway

Network
Management

Off-Net Call

One-way Hash
On-Net Call

Privacy

Proxy

Pulse Code
Modulation

Quality of Service

Real-time Transport
Protocol

Request for
Comments

Session Initiation
Protocol Plus

Session Initiation
Protocol

Terminal Adapter

Upstream

User Datagram
Protocol

A body responsible, among other things, for developing standards used on the
Internet.

Variability in the delay of a stream of incoming packets making up a flow such
as a voice communication.

A mathematical value input into the selected cryptographic algorithm.
The time taken for a signal to pass through a device or network.

Provides the bearer circuit interfaces to the PSTN and transcodes the media
stream.

The functions related to the management of data across the network.

A communication connecting a PacketCable subscriber out to a user on the
PSTN.

A hash function that has an insignificant number of collisions upon output.

A communication placed by one customer to another customer entirely on the
PacketCable Network.

A way to ensure that information is not disclosed to any one other then the
intended parties. Information is usually encrypted to provide confidentiality.
Also known as confidentiality.

A facility that indirectly provides some service or acts as a representative in
delivering information, thereby eliminating the need for a host to support the
service.

A common method of digitizing an analog signal (such as a human voice) into
a bit stream using simple analog to digital conversion techniques. [G.711]
defines its use in the PSTN with two encoding laws, p-law, used in N.
America, and A-law, used elsewhere.

Guarantees network bandwidth and availability for applications.

A protocol for encapsulating encoded voice and video streams. Refer to
[RFC 3550].

Technical policy documents approved by the IETF which are available on the
World Wide Web at http://www.ietf.cnri.reston.va.us/rfc.html.

An extension to SIP.

An application-layer control (signaling) protocol for creating, modifying, and
terminating sessions with one or more participants.

A device that converts an analog tip and ring interface into a digital signal; it
includes a hybrid to convert from the 2-wire interface to 4-wire.

The direction from the subscriber location toward the headend.

A connectionless protocol built upon Internet Protocol (IP).
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4 ABBREVIATIONS AND ACRONYMS

This specification uses the following abbreviations:

ASO Arbitrary Slice Ordering

AVC Advanced Video Coding

CABAC Context-Adaptive Binary Arithmetic Coding
CAVLC Context-Based Adaptive Variable Length Coding
CIF Common Intermediate Format

Codec COder-DECoder

DQoS Dynamic Quality of Service.

DTMF Dual-tone Multi Frequency (tones)

ETSI European Telecommunications Standards Institute
FMO Flexible Macroblock Ordering

HD High Definition

IETF Internet Engineering Task Force

IP Internet Protocol. An Internet network-layer protocol
ITU International Telecommunication Union

ITU-T International Telecommunications Union—-Telecommunications Standardization Sector
MG Media Gateway

MGCP Media Gateway Control Protocol. Refer to [RFC 3435].
NCS Network Call Signaling

PCM Pulse Code Modulation

PLC Packet Loss Concealment

PSTN Public Switched Telephone Network

QCIF Quarter Common Intermediate Format

QoS Quality of Service

RFC Request for Comments

RSVP Resource Reservation Protocol

RTCP Real-Time Control Protocol

RTP Real-time Transport Protocol.

SD Standard Definition

SDP Session Description Protocol

SIP Session Initiation Protocol.

SIP+ Session Initiation Protocol Plus. An extension to SIP.
UDP User Datagram Protocol. A connectionless protocol built upon Internet Protocol (IP).
VAD Voice Activity Detection

VolP Voice over IP
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5 COMMON CRITERIA FOR MEDIA TRANSPORT OVER IP

This section outlines the required basic functionality of the PacketCable architecture with respect to audio and video
media handling. The key requirement for narrowband voice communications using IP transmission over a cable
infrastructure is the ability to attain "toll" or better audio quality. This applies to both on-net calls and off-net calls
to other networks such as the PSTN or cellular. The toll quality standard is also the objective to be met on calls to
cellular networks using the latest generation of codecs, recognizing that this requires optimum radio conditions.
PacketCable additionally provides the means for cable operators to offer superior audio communications quality,
exceeding current PSTN standards, by using wideband audio codecs. Finally, PacketCable provides the capability
of two-way and multi-way video communications. Given the variable nature of shared packet mediums and the
stringent human-factor requirements of perceived communications quality, it is necessary to optimize multiple
system parameters to attain quality goals at reasonable cost.

5.1 IP Network Criteria for Codec Support

5.1.1 Packet Loss Control

There is a direct correlation between packet loss and audio quality. For voice communications, this effect can be
masked by packet loss concealment techniques up to approximately 2-3% packet loss rate. Above this loss rate,
speech quality degrades rapidly even with packet loss concealment. However, packet loss concealment has no
benefit for voiceband data and without introducing packet redundancy, voiceband data transmissions require packet
loss rates of 107 or better to avoid call failures. Similarly, most video codecs of interest rely on inter-frame
compression, thus are highly sensitive to packet loss — especially of key frames. Applications and codecs more
sensitive to packet loss may provide redundancy or error correction, which increases latency through buffering.
5.1.2 Latency Control

The ITU-T Recommendation [G.114], defines standards for network latency. Specifically, an end-to-end delay of
150ms is considered acceptable for most interactive applications. Achieving this requires a coordinated system
design in terms of the application and the system resources.

There are multiple device elements and network components inducing latency during traversal of an audio or video
signal. The primary contributors to latency:

e Audio or video sampling and analog-to-digital conversion

e Buffering of samples (framing, plus look-ahead)

e Compression processing

e  Packetization of compressed data

e  Access network traversal

e Routing to the backbone network

e Backbone traversal (propagation delay)

e Far-end reception of packets and traversal of local access

e Buffering of out-of-order and delayed packets

e Decoding, decompression, and reconstruction of the media stream
Some of the methods to control latency are described below.
5.1.2.1 Jitter Buffer Management

Jitter buffers are required to smooth out packet delay variation to provide for a continuous playout on a TDM or
analog interface. Setting the optimum size of the nominal jitter buffer is a compromise between latency and packet
loss. Voice, being sensitive to latency but tolerant of a certain amount of packet loss, performs best with an adaptive
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jitter buffer, which, in the absence of jitter, will reduce its nominal size to some pre-configured minimum.
Voiceband data, however, while less sensitive to latency, is intolerant of packet loss and so performs best with a
fixed jitter buffer that does not attempt to reduce during periods of low jitter. In the event of a packet arriving after
its required play-out time, both types of jitter buffer will typically adjust their nominal playout timing to match the
late arrival. Later, an adaptive jitter buffer may adapt down by discarding packets instead of playing them out. A
fixed jitter buffer will not adapt down.

Configurable jitter buffer parameters typically include the minimum and maximum values.
5.1.2.2 Framing and Packetization

One way to minimize latency (and the effect of packet loss) is to send small packets containing the minimum
number of frames. However, this may increase bandwidth use by increasing the header-to-data ratio for packets.
This suggests that the optimal packet size for voice applications is fairly small, containing compressed information
for 10, 20, or 30ms of audio (typically one, two, or, at most, three frames of compressed audio data. These packet
sizes are only applicable to audio as the frame sizes for video are variable.

To avoid additional buffering delay, packets are sent at a rate equal to integral multiples of the audio sample frame
rate of the codec. This synchronization results in lockstep operation between the codec framing and packet
generation.

5.1.2.3 Codec Selection

The frame size is a direct contributor to delay. It is dependent on the codec.

5.1.3 Codec Transcoding Minimization

Given the rate of introduction of new network technologies and their associated codecs, it quickly becomes apparent
that it is not cost-effective for every PacketCable device to support every possible codec technology that could be
interconnected with a PacketCable system. Transcoding within the PacketCable network is inevitable. Transcoding
is often associated with undesirable artifacts such as degraded voice quality and increased latency. However, the use
of a high-quality and low delay codec mitigates degradation and delay build-up.

5.1.4 Bandwidth Minimization

There are three primary mechanisms that client devices may employ to minimize the amount of bandwidth used for
their audio/video applications:

e A compressed, low-bit-rate codec may be applied, thus reducing the bandwidth required;
e Large packet sizes can be used, containing multiple audio frames;
e A codec may employ some form of variable bit-rate transmission.

The selection of codecs occurs at the device's discretion or via network selection, depending on the protocol
employed. Regardless, this takes place after the initial capabilities exchange to determine a compatible codec
between endpoints, and assumes that the required bandwidth is available.

Variable rate transmission employs methods resulting in a non-constant rate media stream. For example, voice
activity detection (VAD) with silence suppression is a basic form of variable rate transmission, sending little or no
data during speaker silence periods. More advanced variable bit-rate encoding (VBR) occurs when a codec
dynamically optimizes the compression bit stream to adapt the source data to network conditions as, for example, in
cellular networks.

5.2 Overall Quality Targets

With respect to media quality, PacketCable-based services and applications should be designed with two related sets
of “end-to-end” performance targets in mind. The first set of targets is derived from human factors and establishes
metrics for performance that incorporate endpoints such as MTAs and IP phones. An example of such a metric is
“mouth to ear delay” — i.e. from the mouth of the speaker to the ear of the listener.

The second set of performance targets relates to the underlying network. In this context the “ends” in “end-to-end”
are the user-to-network interfaces (UNI), interpreted to include PSTN gateways. That is, “end-to-end” reduces to
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"UNI-to-UNI" and explicitly excludes terminal equipment, even though those devices may participate in network
performance monitoring..

With those distinctions in mind, following are the recommendations for both sets of target metrics for conversational
services such as audio and video telephony. Targets for other services, such as audio and video streaming services,
are not included in this version of the specification.

The recommended targets for the first, human factors-based set of metrics are as follows (see [G.109], [G.114],
[G.131], [T1.508-2003], [ETSI TR 102 493], and [ATSC)):

e  One-way delay (e.g. mouth-to-ear or glass-to-glass): < 150 ms
e Skew between audio and associated video:
e <30 ms audio advance over video'
e <100 ms audio delay following video®
e Talker Echo Loudness Rating (TELR) > 65 dB*
e E-model Transmission Rating Factor (R Factor) > 80

The corresponding targets for the second, network-centric set of metrics are as follows, corresponding to a Class 0
network in Y.1541 (see [Y.1540], [Y.1541] and [G.1050]):

e One-way delay” : < 100 ms
e Jitter’: <50 ms
e  Packet loss ratio® : <0.1%

Note: It is recognized that 150ms end-to-to end delay for video is unreasonable for many existing video
conferencing systems. However, to achieve a consistent end-user experience it is recommended that the delay
objective remain the same.

5.3 Media Security

There is no security defined for media transmission. For more details see [SEC TR].

! Corresponding to approximately 1 NTSC video frame.

2 Corresponding to approximately 3 NTSC video frames.

3> A TELR of 65 dB corresponds to a Residual Echo Return Loss (RERL) of between 55 dB and 60 dB, depending on the type of
line and telephone [G.100], [G.121], [T1.508-2003].

* IP packet transfer delay (IPTD) in [Y.1540] and [Y.1541].

S1P packet delay variation (IPDV) in [[Y.1540] and [Y.1541]. Also note that, as far as the human user is concerned, jitter can
only be perceived as gaps in the audio or video streams, resulting from lost or discarded packets.

8 IP packet loss ratio (IPLR) in [Y.1540] and [Y.1541].
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6 GAP ANALYSIS BETWEEN 3GPP, 3GPP2 AND PACKETCABLE
CODEC REQUIREMENTS

This section identifies the differences in capability between the audio and video codecs specified by 3GPP for use in
IMS, and by 3GPP2 for use in MMD, and the requirements and associated features applicable to PacketCable
codecs. In addition to the codec applications within the PacketCable VoIP network, which may include the use of
dual-mode cellular-VoIP handsets, consideration is given to interworking with the legacy PSTN as well as with
3GPP and 3GPP2 cellular networks including the IMS.

6.1 Audio Codecs
6.1.1 3GPP and 3GPP2 Audio Codecs

3GPP and 3GPP2 specify audio codecs and codec capabilities designed to optimize voice quality under variable
radio conditions while minimizing use of expensive spectrum capacity. Toll quality voice communications is
provided under optimum radio conditions between cellular users where transcoding can be avoided and between
cellular users and the PSTN where transcoding to and from G.711 is required. Under degraded radio conditions,
3GPP and 3GPP2 trade-off voice quality in order to avoid drop-outs. This is done by increasing the error-correcting
redundant coding while dropping the bandwidth available to the voice codec.

Recognizing that toll-quality voice is not possible with more than one low-bit-rate coding, a method has been
standardized for transporting low-bit-rate compressed speech across a G.711 tandem TDM between cellular
networks. This is known as Tandem-Free Operation (TFO) or Transcoder-Free Operation. It is limited to operation
between two 3GPP networks or two 3GPP2 networks.

Over the air interface, 3GPP and 3GPP2 specify an out-of-band signaling method for the transport of DTMF signals
since the audio codec is incapable of accurately rendering the dual-tones. However, an in-band text transmission
method using a relatively low-frequency modem is specified for support of TTY devices.

Over a VoIP network, 3GPP in [TS 26.234] and [TS 24.229] recommends the use of DTMF [RFC 2833] telephone-
events to assure reliable transmission.

For data services, 3GPP and 3GPP2 specify a packet-based radio access network that provides for the transport of
unmodulated data. Only at the interworking point to the PSTN would this data be modulated into audio. Other than
to support TTY devices, there is no provision for the transport of modulated data within 3GPP and 3GPP2 voice
codecs.

In addition to the traditional 3.1 kHz voice codecs, both 3GPP and 3GPP2 specify wideband audio codecs based on
a 16 kHz sampling rate to allow for higher-quality voice communications than is possible in the PSTN. This
provides cellular operators an opportunity for differentiation of their 3 generation services over previous cellular
service and, especially, over the PSTN, which may thereby accelerate the substitution of the legacy wireline
network.

Table 1 summarizes the audio codecs chosen for 3GPP and 3GPP2.
Table 1 - Summary of 3GPP and 3GPP2 Audio Codecs

3GPP 3GPP2
Narrowband Telephony AMR SMV
EVRC
Wideband telephony AMR-WB VMR-WB

6.1.2 Audio Codec Analysis for PacketCable

One of the mandates of PacketCable is to provide a set of audio codecs to serve in a variety of environments,
including but not limited to cellular, and to provide for interworking with E-MTAs. Hence, PacketCable codec
selection includes additional codecs beyond those specified by 3GPP and 3GPP2. PacketCable also imposes strict
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requirements for the reliable transport of various types of voiceband data not encountered in cellular networks and
therefore beyond the scope of 3GPP or 3GPP2. Fax, dial-up modem, point-of-sale terminal, and Telephone Devices
for the Deaf (TDD) are all examples of voiceband data that are reliably supported by the PSTN and must be well
supported by PacketCable networks.

6.2 Video Codecs
6.2.1 3GPP and 3GPP2 Video Codecs

3GPP and 3GPP2 specify mandatory and recommended codecs to allow cellular video telephony and streaming with
QCIF resolution (176 x 144), consistent with a cellular handset’s small screen size and cellular networks’ limited
bandwidth [TS 26.234] and [TS 26.235]. These requirements are summarized in Table 2.

Table 2 - Summary of 3GPP and 3GPP2 Video Codecs

3GPP IMS 3GPP2 MMD

Video telephony or H.263 H.263

entertainment (QCIF) Profile 0 @ Level 45 (mandatory) Profile 0 @ Level 45 (mandatory)
Profile 3 @ Level 45 Profile 3 @ Level 45
(recommended) (recommended)
H.264 (recommended) H.264 (recommended)
Baseline Profile @ Level 1b, Baseline Profile @ Level 1b,
with constraint setl flag=1 with constraint setl flag=1
MPEG-4 Part 2 (recommended) MPEG-4 Part 2 (recommended)
Simple Profile @ Level Ob Simple Profile @ Level Ob

6.2.2 Video Codec Analysis for PacketCable

PacketCable requires video codecs to be supported for various types of consumer devices, especially personal
computers. 3GPP and 3GPP2 support well-known video codecs, but these codecs are limited to profiles for
resolutions suitable for cellular devices. PacketCable defines additional codecs and profiles to support multiple
resolutions as is necessary to provide user satisfaction with both small-screen and larger-screen devices.

6.3 Quality Metrics
6.3.1 3GPP and 3GPP2 VolP Quality Metrics

No VolIP or other IP quality metrics have been defined by 3GPP for use in IMS or by 3GPP2 for use in MMD. Both
systems rely on the existing local RTP loss, jitter, and round-trip delay performance measurements.

6.3.2 Quality Metric Analysis for PacketCable

PacketCable networks need to be able to identify and, where possible, locate problems for both on-net sessions and
when interworking with other networks including the PSTN and cellular networks. PacketCable improved upon the
basic local RTP statistics, first, through the provision of remote statistics and, second, through support of the RTCP-
XR VolIP metrics package specified in [RFC 3611].

Although the IMS and 3GPP codec specifications for conversational multimedia presently do not specify use of
RTCP-XR quality metrics, it is important to partition problems between PacketCable networks and peer IMS
networks, including 3GPP or 3GPP2 cellular networks. Additionally applications based on PacketCable architecture
may utilize VoIP metrics to resolve voice quality issues. Therefore, the support of the VoIP Metrics Block for
conversational applications is defined for PacketCable UEs.
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7 CODEC AND MEDIA REQUIREMENTS

This section specifies codec and RTP media requirements.

Figure 2 below, shows an abstract architecture for the media flows in a PacketCable network. Originating or
terminating media at the customer premises is the User Equipment (UE) or client device which may be a dedicated
VolIP phone or videoconferencing unit, a soft VoIP phone or videoconference terminal running on a PC, or an
Embedded Media Terminal Adapter that provides POTS interfaces to legacy telephone, fax, modem, or TTY
terminals. Processing media within the PacketCable network are one of three types of device depending on the
destination of the VoIP session. For VoIP calls between client devices and the PSTN, a Media Gateway (MG)
terminates the VoIP session at the edge of the PacketCable network and provides TDM trunk interfaces to the
PSTN.

VoIP and video sessions between client devices in the PacketCable network and another VoIP network must
traverse a Media Proxy, which acts as a gateway to protect the PacketCable network through NAT, firewall, and
other security and flow policing functions. The Media Proxy may transcode between different media formats, when
necessary. The media proxy may also perform a role in VoIP performance monitoring, in particular for problem
sectionalization between the PacketCable network and a peer VoIP network.

VolIP or video sessions from client devices may also terminate at a Media Server within the PacketCable network.
For audio, a Media Server may be an announcement source, a recorder, an interactive function such as voice mail, or
a conference bridge. Similarly, Media Servers for video may originate media, record or otherwise process video, or
bridge video for live conferences.

Border Element
Interconnect
Proxy

Media Proxy | Mb Application Server

\\ .
™Mb Media
Server

Peer

(Network

PSTN GW

UE

TPSTN

I\
MG Mb L UE

E-MTA Mb

Figure 2 - RTP/RTCP Media Connection

The interfaces depicted in Figure 2 are described in Table 3.
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Table 3 - Media Stream Interfaces

Reference PacketCable Reference Point Description
Point Network Elements
Mb UE -UE Allows media-capable components to send and receive media
UE - MG data packets. Specifically, a UE can exchange media with
UE — Border Element another UE, a MG, an Application Server, Border Element and
UE - AS an E-MTA.
UE - E-MTA

The media traveling across the Mb reference point can be audio traffic encoded by narrowband or wideband audio
codecs, fax image traffic, and video traffic encoded by video codecs, or the combination of audio and video traffic

types.

In this abstract representation of media flows, each endpoint contains one or more codecs to allow audio or video
communication between endpoints.

Not depicted in Figure 2 but shown in Figure 1 is the TURN server that provides data relay functions in support of
NAT traversal for media flows in and out of the CMTS.

Codec requirements in this section are specified with reference to User Equipment (UE) and Media Gateways (MG).
Unless there is text to the contrary, the term Media Gateway should be interpreted to encompass the Media Proxy
and Media Server functions in addition to the PSTN Media Gateway functions.

7.1 RTP Requirements

User Equipment and Media Gateways MUST support the Real-Time Transport Protocol (RTP) as defined in
[RFC 3550] and [RFC 3551] for transport of audio and video media flows.

A Media Server that performs mixing of RTP streams MAY transmit contributing source lists (CSRC). This
requirement is intended to allow mixers to omit CSRC lists, in compliance with [RFC 3550] and [RFC 3551] to
avoid resource management issues that may arise from contributing sources joining and leaving sessions, resulting
in dynamic variable-length RTP packet headers.

To facilitate traversal of NAT and Firewall gateways, User Equipment and Media Gateways MUST transmit their
RTP stream from the same IP address and port in which it has advertised to receive RTP on in its SDP. Similarly,
User Equipment and Media Gateways MUST transmit their RTCP stream from the same IP address port in which it
has advertised to receive RTCP on in its SDP description via the a=rtcp attribute.

7.2 RTCP Requirements

To facilitate vendor interoperability, the following RTCP profile has been defined for User Equipment and Media
Gateways. In the event that a discrepancy arises between the RFCs and this profile, this profile takes precedence.

7.2.1 General Requirements of the PacketCable RTCP Profile

User Equipment and Media Gateways MUST send and receive RTCP messages as described in [RFC 3550] and
[RFC 3551] subject to the following over-riding requirements and clarifications.

User Equipment and Media Gateways MAY start transmitting RTCP messages as soon as the RTP session has been
established, even if RTP packets are not being sent or received. An RTP session is considered established once each
endpoint has received a remote connection descriptor. Furthermore, a PacketCable endpoint MUST start
transmitting RTCP messages if it receives an RTCP message. Once started, the endpoint MUST NOT stop sending
RTCP messages, except for the cases identified below.

To avoid unnecessary network traffic, User Equipment or Media Gateways MAY stop sending RTCP packets to a
remote endpoint if an ICMP port unreachable or another ICMP destination unreachable error (i.e., ICMP error type
3) is returned from the network for that RTCP destination.
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To avoid unnecessary network traffic, User Equipment or Media Gateways MAY stop sending RTCP packets to a
remote endpoint if no RTCP packets have been received within five (5) report transmission intervals. This
requirement allows the endpoint to stop sending RTCP packets to User Equipment or Media Gateways that simply
receive and discard RTCP reports.

User Equipment and Media Gateways SHOULD provide a configurable RTCP transmission interval with a default
average of 5s. The transmission interval chosen MUST be randomized over the range of 0.5 of the average to 1.5
times the average as described in [RFC 3550]. For multi-party conference calls without the use of a bridge, User
Equipment and Media Gateways MAY support the RTCP interval calculation method described in sections 6.2 and
6.3 of [RFC 3550].

User Equipment and Media Gateways MUST receive RTCP messages, if sent by the remote communication peers.
User Equipment and Media Gateways MUST NOT require them for operation. That is, call state in general and
RTP flows in particular MUST NOT be affected by the absence of one or more RTCP messages. This requirement
is intended to facilitate interoperability with non-PacketCable endpoints.

By default, RTCP messages receive best effort treatment on the network. The Differentiated Services Code Point
(DSCP) MAY be configured at user equipment and media gateways to allow RTCP messages to receive better than
best-effort treatment on the network. QoS-enhanced treatment is possible, but is not required by this profile. RTCP
packets that are transmitted with best effort treatment may be delayed or lost in the network. As such, any
application that attempts to use RTCP for accurate estimate of delay and latency, or to provide liveliness indication,
for example, needs to be tolerant of delay or packet loss. If delay or packet loss cannot be tolerated, the application
can use QoS enhanced treatment for RTCP, but this requires establishment of additional service flow(s), probably
separate from the service flows established to carry the RTP stream. Setting up additional flows has significant
implications for HFC access network bandwidth utilization, admission control, call signaling, and DOCSIS
signaling, and remains for further study.

SSRC (Synchronization Source) collision detection and resolution is optional for User Equipment and Media
Gateways that are capable of unambiguously distinguishing between media packets and reports that they send and
those that they receive. If an endpoint can handle SSRC collisions without affecting the integrity of the session,

the endpoint MAY ignore SSRC collisions. In particular, SSRC collision detection and resolution is OPTIONAL
for User Equipment and Media Gateways that are establishing unicast, point-to-point connections carrying one RTP
stream. If SSRC collision detection and resolution is supported, one or both of the User Equipment or Media
Gateways MUST resolve SSRC collisions as follows: (1) send BYE, (2) select new SSRC and (3) send Sender
Description with new SSRC. SSRC collision detection and resolution is OPTIONAL for User Equipment and
Media Gateways that perform mixing for multiple remote endpoints when CSRC lists are not transmitted in the
mixed packets. When CSRC lists are transmitted, the mixing endpoint MUST detect and resolve SSRC collisions.

Future media connections may involve multiple, simultaneous RTP streams, and require resolution of SSRC
collisions. In this case responsibility for this resolution falls to the two colliding senders. One or both of these parties
MUST resolve SSRC collisions as follows: (1) send BYE, (2) select new SSRC and (3) send Sender Description
with new SSRC.

The following defines normative requirements placed on specific RTCP protocol messages:

SDES (Source Description): CNAME objects MUST NOT contain identity information (see definition

below); CNAME field MUST be a cryptographically-random value generated by the endpoint in such a manner that
endpoint identity is not compromised and MUST change on a per-session basis; NAME, EMAIL, PHONE, LOC
objects SHOULD NOT be sent and, if sent, MUST NOT contain identity information. This requirement is intended
to satisfy the requirements of [RFC 3550] with respect to the CNAME field, and at the same time satisfy legal and
regulatory requirements for maintaining subscriber privacy, for example, when caller id blocking must be
performed. This requirement is imposed because not all RTCP messages may be encrypted.

SR (Sender Report): MUST be sent by User Equipment and Media Gateways transmitting RTP packets (as
described in [RFC 3550]), except as previously described when errors occur or the remote endpoint does not send
RTCP packets, in which case they MAY be sent.

RR (Receiver Report): MUST be sent with report blocks if receiving but not sending RTP packets (as described in
[RFC 35507]) and MUST be sent without report blocks if not sending or receiving RTP packets, except as previously
described when errors occur or the remote endpoint does not send RTCP packets, in which case they MAY be sent.
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APP (Application-Defined): MAY be sent as implementation needs dictate and MUST NOT contain identity info.
User Equipment and Media Gateways MUST ignore and silently discard APP messages with unrecognized
contents.

BYE (Goodbye): MUST be sent upon RTP connection deletion or when renegotiating SSRC upon collision
detection and resolution (see below). User Equipment and Media Gateways MUST send BYE commands when
the application needs to discontinue use of an SSRC and start a new SSRC, for example, on media gateway
failover. User Equipment and Media Gateways MUST NOT use BYE messages to indicate or detect any call
progress condition. For example, User Equipment or Media Gateways MUST NOT tear down RTP flows based on
BYE, but MUST update RTCP/RTP state as per [RFC 3550]. This requirement is intended to ensure that all call
progress conditions, such as on-hook notifications, are signaled using the higher-level signaling protocol, such as
SIP

Note: Identity information refers to any token (e.g., name, e-mail address, IP address, phone number) which may be
used to reveal the particular subscriber or endpoint device in use.

7.2.2 Standard Statistics Reporting

RTCP sender reports and receiver reports include a reception report block to transfer basic loss and jitter
measurements. Loss information is transferred as both a cumulative session count of lost packets and a loss rate
corresponding with the RTCP reporting period. The SR/RR reception report block also includes timestamps to
enable a near-end round-trip delay calculation to up to 1/65,536 second accuracy.

User Equipment and Media Gateways MUST include loss and jitter measurements in transmitted sender or receiver
reports. User Equipment and Media Gateways must store loss and jitter metrics received in arriving sender or
receiver reports until the next RTCP SR or RR arrives for the same session. User Equipment and Media Gateways
MUST perform round-trip delay calculations based on the exchange of RTCP SR/RR with the far end media
endpoint.

7.2.3 Extended Statistics Reporting using RTCP-XR

The RTCP Extended Reports (XR) as defined in [RFC 3611] MAY be sent by User Equipment and Media Gateways
as appropriate for the type of media and if negotiated on a given connection. PacketCable presently only defines use
of the VoIP Metrics Report Block as described in Section 7.7.1, but User Equipment and Media Gateways MAY
send other RTCP XR payload types. User Equipment and Media Gateways that are capable of sending RTCP XR
reports MUST be capable of receiving, interpreting and parsing the corresponding RTCP XR report blocks.

7.3 General Session Description for Codecs

Session description protocol (SDP) messages are used to describe multimedia sessions for the purposes of session
announcement, session invitation, and other forms of multimedia session initiation. SDP descriptions is used in
[RFC 3261]. This section describes the required specification of the codec in SDP, and the required mapping of the
SDP description into flowspecs.

A typical SDP description contains many fields that contain information regarding the session description (protocol
version, session name, session attribute lines, etc.), the time description (time the session is active, etc.), and media
description (media name and transport, media title, connection information, media attribute lines, etc.). The two
critical components for specifying a codec in an SDP description are the media name and transport address (m) and
the media attribute lines (a).

The media name and transport addresses (m) are of the form:
m=<media> <port> <transport> <fmt list>

The media attribute line(s) (a) are of the form:
a=<token>:<value>

A typical IP-delivered voice communication would be of the form:

m=audio 3456 RTP/AVP 0
a=ptime: 10
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On the transport address line (m), the first term defines the media type, which in the case of an IP voice
communications session is audio. The second term defines the UDP port to which the media i