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1. INTRODUCTION
This document aims to provide a specification of requirements for streaming capable handsets commercialized by any operator of Telefonica Moviles Group providing streaming services.

In order to guarantee the quality of the service provided to our customers, it is essential that all manufacturers who wish to commercialise their terminals in the different operators of the Telefónica Móviles group comply with the requirements contained in this document.
Five categories of requirements are established:

· Mandatory (M): the device must fulfill this requirement in order to achieve TM approval. 

· Highly Recommended (HR): it is highly desirable that the terminal fulfills this requirement. This requirement can become Mandatory in subsequent versions of the document. Fulfilling this requirement will be valued in the commercial promotion of the terminal.

· Optional (OP): it is left up to the terminal manufacturer whether or not to fulfill this requirement.
· Discarded (D): the terminal SHALL NOT support/enable this feature in order to achieve TM approval.
· Not Applicable (N/A): This feature is not relevant for Streaming Services. 
2. RELATED DOCUMENTS

[1] 3GPP TS 23.140, "Multimedia Messaging Service (MMS); Functional description, Stage 2"

[2] 3GPP TS 26.233 release 4: “Transparent end-to-end packet switched streaming service (PSS); General Description”.

[3] 3GPP TS 26.233 release 5: “Transparent end-to-end packet switched streaming service (PSS); General Description”.

[4] 3GPP TS 26.234 release 4: “Transparent end-to-end packet switched streaming service (PSS); Protocols and CODECs”.

[5]  3GPP TS 26.234 release 5: “Transparent end-to-end packet switched streaming service (PSS); Protocols and CODECs”.

[6] IETF RFC 2326 Real Time Streaming Protocol (RTSP)

[7] IETF RFC 3550 RTP: A Transport Protocol for Real-Time Applications

[8] IETF RFC 2327 SDP: Session Description Protocol
[9] 1/ERD-ETC-030001: UMTS mobile terminals for the operators of the TM Group: UMTS design requirements specification
[10]  5/ERD-ETC-030000. GSM and GPRS Terminals for the operators of the TM Group: GPRS Terminal Requirements.
[11]  8/ERD-ETC-030000. GSM and GPRS Terminals for the operators of the TM Group: Specification of MMS (Multimedia Messaging Service) Requirements.

[12]  3GPP TS 26.234 “Transparent end-to-end transparent streaming service; Protocols and codecs”
[13]  W3C Recommendation: "Synchronised Multimedia Integration Language (SMIL 2.0)", http://www.w3.org/TR/2001/REC-smil20-20010807/, August 2001.
3. DEfinitions and ACRONYMS
AAC: Advanced Audio Coding, audio codec with superior performance than MP3

AMR-NB: Adaptative Multi-Rate-Narrowband
AMR-WB: Adaptative Multi-Rate- Widthband 
AMR: Adaptive Multi-Rate, ACELP-based voice codec for UMTS

APN: Access Point Name

GSM: Global System for Mobile communications band
GPRS: General Packet Radio Service

HTTP: Hyper Text Transfer Protocol

LTP: Long-Term-Prediction

MMI: Man Machine Interface

MMS: Multimedia Message Service

MPEG-4: Moving Picture Experts Group-4

OTA: Over-The-Air

PDP: Packet Data Protocol Context

PS: Packet switching

QCIF: Quarter Common Intermediate Format

Q-VGA: Quarter Video Graphics Array
RTP: Real-time Transport Protocol

RTSP: Real-time Streaming Protocol

TCP: Transport Control Protocol

SDP: Session Description Protocol

SMIL: Synchronised Multimedia Integration Language

SMS: Short Message Service

TFT: Thin Film Transistors

TM: Telefónica Móviles

TME: Telefónica Móviles España

UDP: User Datagram Protocol

UMTS: Universal Mobile Telecommunication System

URL:  Universal Resource Location

WAP: Wireless Application Protocol

scope 

Streaming refers to immediate playback of video and/or audio in a continuous way while the data are being transmitted to the client over a data network. In contrast to download, the data is not stored in the devices memory and there is no waiting time for an entire file to be downloaded before watching or listening. Video and/or audio streaming services will have an impact on the service platform, the content providers and on the terminals.

This document describes requirements and implementation guidelines for handset manufactures to implement streaming media support.  

The presence of  Streaming clients in mobile devices according to the data bearer used, shall be: 

CODE
PRESENCE OF STREAMING CLIENT ACCORDING TO BEARER
Q1 2004
Q1 2005
DESCRIPTION/ REFERENCE

STR.4.1
GSM Terminals exclusively
D


D


The Streaming service will be supported by GPRS /UMTS bearer so a terminal in which Streaming service is supported exclusively over GSM, will be discarded.

STR.4.2
UMTS Terminals 
M
M
UMTS requirements according to [9]. 

STR.4.3
GPRS Terminals

(classes A, B )
OP


OP


GPRS requirements according to [10].

4. streaming requirements

4.1 NETWORK REQUIREMENTS 

CODE
NETWORK REQUIREMENTS
Q1 2004
Q1 2005
DESCRIPTION

STR.5.1.1
UMTS Downlink channel
M
M
Packet downlink bearer of at least 64 kbps should be supported 

STR.5.1.2
UMTS Uplink channel
M
M
Packet uplink bearer of at least 9,600 bps should be supported

STR.5.1.3
At least 2 PDP Contexts simultaneously
M
M
The terminal shall be capable of managing at least 2 PDP contexts simultaneously. More than 2 will be appreciated.

STR.5.1.4
Network Selection Issues
M
M
See [9] for further information.

4.2 STREAMING PROTOCOL &  STANDARDS  

CODE
PROTOCOLS & STANDARDS
Q1 2004
Q1 2005
DESCRIPTION

STR.5.2.1
3GPP R4 compatibility
M
M
The streaming client will be compatible with 3GPP TS 26.233 [2] and TS 26.234 [4] and must pass the IMTC IOT testing 

STR.5.2.2
3GPP R5 compatibility
HR
M
The streaming client will be compatible with 3GPP TS 26.233 [3] and TS 26.234 [5] and must pass the IMTC IOT testing

STR.5.2.3
RTSP support
M
M
The streaming client MUST follow the minimal RTSP implementation rules for minimal on-demand playback given in section D.1 of [6].

STR.5.2.4
SDP support
M
M
RTSP requires a presentation description. SDP shall be used as the format of the presentation description. Streaming clients MUST interpret the SDP syntax according to the SDP specification in RFC 2327 [8] and appendix C of RFC 2326 [6].

STR.5.2.5
RTP support
M
M
RTP over UDP/IP transport of streaming media MUST be supported. See  [7].

STR.5.2.6
Initial Session Descriptions support
M
M
For session establishment, the client MUST support all of the initial session descriptions specified in one of the following formats:

· SMIL   (Highly Recommended for Q1 2004 and Mandatory for Q1 2005) 

· SDP 

· URL’s:

· rtsp://  

· file:// 
(for locally stored files) 

· http:// 
(for presentation descriptions or scene descriptions delivered via HTTP).

STR.5.2.7
User profile management
OP
OP
User profile management compliant to RFC237. 

The figure below provides an overview of the protocol stack.
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4.3 MEDIA FORMATS AND CODECS

CODE
MEDIA FORMATS&CODECS
Q1 2004
Q1 2005
DESCRIPTION

STR.5.3.1
FILE FORMATS




STR.5.3.1.1
3GPP 
M
M
Streaming clients MUST support 3GPP file format (.3gp) 


STR.5.4.1.2
MP4
M
M
Streaming clients MUST support MPEG4  file format (.mp4)

STR.5.3.2.


SPEECH& AUDIO CODECS




STR.5.3.2.1
AMR-NB
M
M


STR.5.3.2.2
AMR-WB
OP
OP


STR.5.3.2.3
MPEG-4 AAC Low Complexity
OP
M
The maximum sampling rate to be supported: 48 khz. Channel configuration supported: both mono and stereo.

STR.5.3.2.5
MP3
HR
HR
i.e. MPEG-1 layer 3.

STR.5.3.2.6
MPEG-4 AAC Long-Term-Prediction
HR
HR
The maximum sampling rate to be supported: 48 khz. Channel configuration supported: both mono and stereo.

STR.5.3.3.
VIDEO CODECS




STR.5.3.3.1
H.263 profile 0 level 10
M
M


STR.5.3.3.1
H.263 profile 3 level 10
OP
HR


STR.5.3.3.1
MPEG-4 Visual Simple Profile Level 0
M
M



Propietary formats (Windows WMV, Real Networks RM, etc.)
OP
OP
Examples: WMV version 7, WMV version 8, etc…

STR.5.3.4
Codecs for additional contents (not audio/video)




STR.5.3.4.1
Still images
M
M
ISO/IEC JPEG together with JFIF decoders shall be supported, as required in TS 26.234 [12].

STR.5.3.4.2
Bitmap images
M
M
The following bitmap graphics decoders should be supported: GIF87a, GIF89a.

STR.5.3.5





STR.5.3.5.1
3GPP PSS4 SMIL support
HR
M
This profile is a subset of the SMIL 2.0 Language Profile, but a superset of the SMIL 2.0 Basic Language Profile. See [12]. 

STR.5.3.5.2
SMIL Text Decoder
HR
M
· Rendering a SMIL presentation MUST be supported according to [12] where text is referenced with the SMIL 2.0 “text” element together with the SMIL 2.0 “src” attribute, 
and text is formatted according to XHTML Mobile Profile.

· UTF-8 and UCS-2 character coding MUST be supported.

4.4 DRM AND CONTENT STORAGE

CODE
DRM
Q1 2004
Q1 2005
DESCRIPTION

STR.5.4.1
Contents DRM 
N/A
N/A
The streaming client MUST NOT allow the storage of either part or complete streamed content. Therefore DRM is not an issue.

STR.5.4.2
Buffer deletion after reproduction
M
M
Once the playing session is ended, the terminal shall delete the buffer content

STR.5.4.3
Player buffer access
D
D
The content of the player’s buffer shall not be accessible to any other application in the terminal than the player itself. 

4.5 HARDWARE REQUIREMENTS

CODE
HARDWARE REQUIREMENTS FOR THE DEVICE
Q1 2004
Q1 2005
DESCRIPTION

STR.5.5.1
QCIF (176 x 144)
M
M
Minimum screen resolution (pixels) for UMTS handsets.

Lower resolution could be accepted for GPRS handsets.

STR.5.5.2
QVGA (240 * 320)
HR
HR
Recommended screen resolution (pixels)

STR.5.5.3
1050 pixels per cm2 
M
M
Minimum Screen Definition

STR.5.5.4
65536 colours 
M
M
Minimum number of screen colours for UMTS handsets. 

4096 colours could be accepted for GPRS handsets.

STR.5.5.5
32 polyphonic tones
M
M
Polyphonic chip with at least 32 tones support

STR.5.5.6
Integrated camera
N/A
N/A
This HW feature is not related with Streaming Services. 

STR.5.5.7
Memory card
OP 
OP 
· Memory cards are not necessary for the streaming service, given that the handset has no capability of storing the streamed video&audio 

STR.5.5.8
Processor power
HR
M
The handset must be capable of decoding MPEG-4 video content coded up to 384 kbps and 15 fps (highest quality).

STR.5.5.9
MPEG-4 decoder chipset
HR
HR
The use of a dedicated MPEG-4 decoder chipset is highly recommended (instead of a software-based decoder).

4.6 MMI Requirements for Streaming Media

4.6.1 CONTENT SELECTION 

In order to start the playback of a media stream on the terminal, a user must either enter a URL manually or press a link. This MUST be possible in the following ways. By using the:
CODE
CONTENT SELECTION
Q1 2004
Q1 2005
DESCRIPTION

STR.5.6.1.1
Browser (i-mode, WAP,WEB)
M
M
By selecting a link to the stream in a page.

STR.5.6.1.2
SMS client
HR
HR
By selecting a link to the stream in the message body.

STR.5.6.1.3
MMS client 
M
M
By selecting a link to the stream in the message body.



HR
M
By selecting a media stream included in the MMS message which is automatically started when the message is opened.

STR.5.6.1.4
Streaming Media Application on the phone.
M
M
Directly typing a link



HR
M
Selecting a link from the ‘recent’ list



HR
M
Selecting a link from the ‘favourites’ list

4.6.2 STREAMING CLIENT MMI

CODE
STREAMING CLIENT MMI
Q1 2004
Q1 2005
DESCRIPTION


GENERAL USER INTERFACE




STR.5.6.2.1
Player buttons
M
M
The player buttons (play, stop, pause, etc.) shall be visible during the content play. The only exception is the full screen visualization mode

STR.5.6.2.2
Video streaming operation
M
M
Video streaming operation must be consistent with other video operation of the same handset. This means that video capturing and/or playback of downloads must work in a similar way (e.g. play/stop or options keys are the same)

STR.5.6.2.3
Pause, resume and stop video
M
M
The client will allow to pause, resume (continue playing) and stop the streaming content presentation that is being played.

STR.5.6.2.4
Rewind and Fast forward
OP
HR
Allow reproduction at any point in time (rewind and fast forward). This doesn’t apply to live contents access.

STR.5.6.2.5
Media Contents recently played
HR
M
The streaming client  must keep a list of recently played items recently played streams and sizes.


VIDEO RENDERING




STR.5.6.2.6
Resizing
OP
HR
Enlarging and reducing the size of the image

STR.5.6.2.7
Full screen mode
HR
M
The user shall be able to enter in full screen mode, both at session start and during the reproduction

STR.5.6.2.8
Images that are larger than the screen size
M
M

The images of videos that are larger than the screen size shall be adapted by the client during the reproduction so the image is presented complete (i.e. not cutting the edges). At least the “minimum resolution” which is QCIF SHALL br provide without cuts.

STR.5.6.2.9
Image characteristics setting
OP
HR
Setting the contrast, brightness and other image characteristics


AUDIO MANAGEMENT




STR.5.6.2.10
Volume control
M
M
The user shall be able to control the sound volume during the reproduction, either with a software control of the player or with a hardware control (key, dial, roller, slider, etc.) of the handset.

STR.5.6.2.11
Audio muting
HR
M
Audio will be muted during reproduction if the handset has a “Silent” profile selected (ringtones and alerts profiles)


STREAMING SESSION INFORMATION




STR.5.6.2.12
SDP file
OP
HR
Show the SDP file that describes the session (title, author, used codecs, etc.)

STR.5.6.2.13
Monitoring information
OP
HR
Show to the user information to monitor the streaming session, such as the bit rate being reproduced, the retrieved bit rate, fps, etc. 

The most important information to be shown is Frames per second (fps).

STR.5.6.2.14
Progress Scrollbar
OP
HR
During playback of the media stream, the user must see some type of progress bar indicating the length of the stream and current position.

In the case of infinite streams (e.g., live news) it must be displayed instead that the stream is infinite, and the amount of data retrieved.

STR.5.6.2.15
Number of bytes received
OP
HR
Display the total number of received bytes after the end of the streaming session

STR.5.6.2.16
Playing time
OP
OP
Optionally, after the end of the streaming session the total playing time is displayed.

STR.5.6.2.17
Name of the clip being reproduced
M
M
The name of the clip shall be visible on the screen while the content is being reproduced. The only exception is the full screen visualization mode

STR.5.6.2.18
Network information
M
M
The user must be able to see whether he is connected to the GPRS or UTMS network during video streaming, because this has implications for the video quality.

STR.5.6.2.19
Network switching
M
M
When the user switches from a GPRS to a UMTS network and vice versa, the video (and/or audio) quality must be automatically adjusted accordingly. The user must see some indication that he has just switched networks.

4.6.3 STREAMING CLIENT SETTINGS

CODE
STREAMING CLIENT SETTINGS
Q1 2004
Q1 2005
DESCRIPTION

STR.5.6.3.1
Connection profile name
M
M
Alphanumeric string of a maximum of 16 chars.

STR.5.6.3.2
Type of bearer
M
M
It will be a PS bearer: UMTS or GPRS. See [9] and [10] for further information.

STR.5.6.3.3
APN for  Streaming Service Access
M
M
The terminal shall allow the user to configure an  access point for streaming services different or equal  from the ones for WAP browsing, HTML browsing or MMS

STR.5.6.3.4
Initial buffer time configuration
OP
OP
Configuration of the initial time of the buffer

STR.5.6.3.5
Full screen configuration
HR
HR
Provide the option to start reproducing in full screen mode

STR.5.6.3.6
OTA Configuration
HR
M
Connection profile : It shall be possible via OTA the next:
- To assign a different profile between the ones available for the streaming client
- To create and assign a new connection profile

4.6.4 ERRORS AND INTERRUPTIONS MANAGEMENT

CODE
STREAMING CLIENT SETTINGS
Q1 2004
Q1 2005
DESCRIPTION

STR.5.6.4.1
Incoming Call Interruption
M
M
When an incoming call is received during playback of a media stream, the user must be presented with a choice to:

· ignore the phone call (redirect to voicemail) and continue playback of the media stream

· stop playback of the media stream and answer the call. When the user hangs up, the playback of the stream will not be resumed

· pause playback of the media stream and answer the call. When the user hangs up, the playback of the stream will be resumed from the last position.

STR.5.6.4.2
SMS or MMS interruption
M
M
When a SMS or MMS is received during playback of a media stream, the user must be presented with a choice to:

· ignore the message’ reading and continue the media playback.

· read the message. In this case, streaming client must pause the media stream. When the user exits from messaging client the playback of the stream will be resumed from the last position.

STR.5.6.4.3
Phone power down
HR
M
In case of a power down or folding of the phone during playback, the playback of the phone is stopped and the appropriate entry is added to the recently played streams list, including size.

STR.5.6.4.4
Network not available or inadequate bandwidth.
M
M
When the network connection is interrupted or otherwise not sufficient to support the requested or currently playing video stream, the user must be informed of this fact. Also the streaming client application should be informed so that it can take actions, e.g. request the same stream with a lower bandwidth.

STR.5.6.4.5
Streaming contents not supported
M
M
When the user attempts to open a stream that is not supported by the application (bitrate/codec/etc) the user must be clearly informed of this. After confirming the notification, he must be redirected to his last valid location. This is mainly for streams outside the Telefonica Moviles’ platform as they are not subject to verification.

INFORMACIÓN PROPIEDAD DE TELEFÓNICA SERVICIOS MÓVILES S.A.


 Todos los derechos reservados

























































































�PÁGINA \# "'Página: '#'�'"  ��This is not supported by any manufacturer, shall we maintain this requirement? I propose HR instead of Mandatory.







_1035963817

