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Foreword

This Technical Report has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

1
Scope

[The present document reports the study on video UE characteristics and performance for video telephony. 
It identifies some of the UE characteristics that impact the video telephony quality of experience beyond those related to the acoustic performance already specified for speech. 
For these characteristics that are specific to video and video call, the document investigates the technical metrics that can be used to assess their performance level. It is also discusses the related possible requirements or objectives that could be specified to achieve the minimum quality of experience expected for the 3GPP video telephony services.
This Technical Report finally studies how these performance requirements/objectives can be verified and the suitable test methodologies are proposed and described where needed.]
2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

-
References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

-
For a specific reference, subsequent revisions do not apply.

-
For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".
[2]
3GPP TS 26.131: "Terminal Acoustic Characteristics for Telephony; Requirements".
[3]
3GPP TS 26.132: " Speech and video telephony terminal acoustic test specification".
[4]
3GPP TS 26.114: "IP Multimedia Subsystem (IMS); Multimedia telephony; Media handling and interaction".
[5]
3GPP TR 26.902: "Video codec performance ".
[6]
ITU-R BT.1359-1 " relative timing of sound and vision for broadcasting.
Editor's note: To be completed…
3
Definitions and abbreviations

3.1
Definitions

For the purposes of the present document, the terms and definitions given in TR 21.905 [1] apply.
3.2
Abbreviations

For the purposes of the present document, the abbreviations given in TR 21.905 [1] and the following apply.
4
Background
[MTSI 3GPP UEs offering telephony service, either as a stand-alone service or as the telephony component of a multimedia service, have minimum acoustic performance requirements specified in 3GPP TS 26.131 [2]. The corresponding acoustic test methodologies are specified in 3GPP TS 26.132 [3]. However, corresponding UE video performance aspects are currently (Rel-13) not specified within 3GPP.
Thanks to the additional bandwidth offered by the “4G”, the IMS multimedia framework and the new smartphones capabilities with larger screens it is expected that an increasing number of 3GPP MTSI UEs will support video telephony services and be used to enrich voice call with video. There are however currently no 3GPP specifications related to the characteristics and performance of UEs offering video telephony. 

It is therefore the purpose of this document to identify the main UE characteristics that relates to the video telephony service and consider the relevant metrics that could characterize the UE performance beyond those already specified for speech.]
5
Overview  

[The video telephony service is a telephony services with video added to speech from call set up or during the call. 

The UE characteristics that relate to the video telephony service comprise therefore:

· The video characteristics related to the video part of the service. They are addressed in clause 6.
· The audio visual characteristics that relate jointly to speech and video. They especially relate to the real time synchronization of audio and video media streams. They are addressed in clause 7
· The audio characteristics relating to the speech part of the service when speech is used with video. They are addressed in clause 8.
NOTE:
It is not in the scope of this document to address UE performance characteristics and test methodologies for speech which are already specified in 3GPP TS 26.131 [2] and 3GPP TS 26.132 [2]. Clause 8 will refer to these specifications and focus only on potential gaps related to the use of video in addition to speech.] 
6
Video characteristics
6.1
Video sent characteristics 
6.1.1
General description

[The following characteristics are considered for the video stream sent by the UE
· Encoder type, profile and characteristics (color depth, gamut…)
· Frame rate (maximum sent frame rate)
· Resolution (maximum sent resolution)
· Bit rates: maximum bit rate, average bitrate, variations (e.g. due to intra frames sending)…
· Performance in degraded conditions (sender behaviour performance)
· Packet loss concealment performance

· Rate adaptation performance

Editor's note: Some performance requirements related to sender and receiver behaviours for adaptation and packet loss handling are specified in 3GPP TS 26.114. The video quality performance in degraded conditions is addressed in section 7.2 on video received characteristics.
· Video sending delay

· …

]
Editor's note: List of characteristics to be reviewed, completed and addressed in next sections. 
Editor's note: List established without considering the measurement issues. It is the purpose of this document to discuss the feasibility to measure these characteristics in section 7.1.3.
6.1.2
Performance metrics and objectives
6.1.3
Measurement methods 
6.2
Video received characteristics
6.2.1
General description

[The following characteristics are considered for the received video 

· Decoder characteristics (e.g. level)

· Frame rate (maximum decoded video frame rate)
· Display size (screen size, stretching capabilities)
· Screen characteristics (brightness, color gamut)

· Resolution (screen resolution, maximum decoded video resolution)
· Video decoded quality with no network degradations: Frozen image, Blurriness, Blockiness, Pixelization, Noise…
Editor's note: 3GPP TR 26.902 on video codec performance to be considered here
· Performance in degraded conditions : video decoded quality, receiver behaviour performance
· Packet loss concealment performance
· Rate adaptation performance (receiver side)

Editor's note: Degradation profiles to be defined 
Editor's note: Some performance requirements related to sender and receiver behaviours for adaptation and packet loss handling are specified in 3GPP TS 26.114
· Video receiving delay
]

Editor's note: Some characteristics (e.g. related to screen, display size) are common to streaming services
Editor's note: List of characteristics to be reviewed, completed and addressed in next sections. 
Editor's note: List established without considering the measurement issues. It is the purpose of this document to discuss the feasibility to measure these characteristics in section 7.2.3.
6.2.2
Performance metrics and objectives

6.2.3
Measurement methods 
6.3
Video delay characteristics (send + receive) 

6.3.1
General description
The video delay characteristics of a UE offering a video telephony service is the part of the end to end delay introduced by the UE in the receiving and sending directions as defined below:

The end to end delay of a video call session (Te2e) is the time interval between the time corresponding to the capture of a video frame by the camera of the sending UE (eye of the camera as reference point) and the time corresponding to the display of this same video frame on the screen of the receiving UE as described in figure 6-1.

The video delay introduced by the UE in sending + receiving direction (Ts + Tr) is obtained by measuring the end to end delay between the sending UE and the receiving UE (Te2e) and subtracting the delay introduced by the system simulator (Tss).
                   
[image: image3]
Figure 6.1: definition of video delay values from end to end 
The video delay introduced by the UE in the sending direction (Ts) is obtained by measuring the end to end delay between the sending UE and the test equipment used as a reference receiving UE and subtracting the delays introduced by the test equipment (Tr-test) and by the system simulator from the measured value (Ts = Te2e- Tr-test-Tss)

The video delay introduced by the UE in the receiving direction (Tr) is obtained by measuring the end to end delay between the test equipment used as a reference sending UE (Ts-test) and the receiving UE and subtracting the delays introduced by the test equipment and by the system simulator from the measured value (Tr = Te2e- Ts-test-Tss)

6.3.2
Measurement methods 
The test signal is a video signal containing a time code incremented at a rate preferably synchronized with the video frame rate (equal or multiple of the video frame rate). The video signal is preferably representative of a video call situation on which the visual time code is inserted. This time code can be any visually explicit time code (like incremented digits) or any other solution that can facilitate automated detection at receiving side (e.g. QR codes)
The input time coded video is displayed on a computer screen facing the sending UE. The sending UE is positioned at a suitable distance to film the computer screen. 

NOTE 1:  The filmed computer screen including the visual time code can be only a part of the input video, as shown in the example picture in figure 6.2 below: the time code is a numerical time count displayed on the screen of a smartphone inserted in a scene composed of various elements meant for emulating image types difficult to code (turning wheel, sharp edges, text, bright colours).
                          [image: image4.png]



Figure 6.2: example of video containing a visual time code

The MTSI video telephony session is established between the sending UE and the receiving UE using the front camera of the sending UE to capture the time coded video (by filming the computer screen) used as input video signal for the video telephony test session.

The time coded video is transmitted to the receiving UE, decoded and displayed on the screen of the receiving UE.

A video camera captures both the video displayed on the receiving UE and the video displayed on the computer screen.
NOTE 2:  To avoid any flickering effect the display and capture operations must be performed at a sufficiently high frame rate
The resulting video contains both time codes:
-
The time code (n) captured from the receiving UE screen after transmission corresponding to the time when video was captured by the sending UE before transmission

-
The time code (n+i) captured from the computer screen corresponding to the time when video was decoded and displayed on the receiving UE

The end to end video delay (Te2e) is estimated from the difference between the sent time code and the received time code taking into account the time interval between two successive visual time codes.

The UE delay in sending, receiving and sending + receiving directions is then calculated as described in section 6.3.1.
                         
[image: image5]
Figure 6.3: overview of test set up
As an example based on figure 6.3 and assuming with a video frame rate of 30 fps and a time code rate aligned with the video frame rate ( Tc(n+1) = Tc(n) + (1/30)s ), the video end to end delay Te2e= i x 1/30 s 
To take into account possible variations in video delay, the UE video delay needs to be characterized by a sufficient number of measurements (e.g. 40 or more) over a long enough time period (e.g. 160s or more) with measurements started after some time left for jitter buffer convergence (e.g. 8s).

Editor's note: Some text still to be added concerning the video test sequences to be used.
Editor's note: The way the UE video delay metrics are estimated and can be compared with possible objectives or requirements is left for further discussions related to section 6.3.3
6.3.3
Performance metrics and objectives 
7
Audio visual characteristics

7.1
Speech and video synchronization 
7.1.1
General description

[In the main video telephony use case, speakers are facing the camera so that their face images are transmitted with speech. This requires synchronization of lips movement with speech also called "lip. sync. The receiving UE therefore synchronizes the received speech and video media streams using the time information received in RTP and RTCP packets and ensures that the time shift between speech and video streams below acceptable limits from user experience perspective.

The following characteristics are considered for audio and video synchronization:
· Media sender:

· Accuracy of time information used for synchronization(e.g. NTP time stamp in RTCP SR)
· Differential delay of sent media

· Media receiver:

· Media synchronization on playout (time shift between speech and video)
]
7.1.2
Performance metrics and objectives
The test signal is an audio visual signal consisting in:
· A video signal containing a time code incremented at a rate preferably synchronized with the video frame rate (equal or multiple of the video frame rate). The video signal is preferably representative of a video call situation on which the visual time code is inserted. This time code can be any visually explicit time code (like incremented digits) or any other solution that can facilitate automated detection at receiving side (e.g. QR codes) 
· An audio signal providing a detectable audio pattern A(t) synchronized with visual time codes Vn(t) . e.g. a "beep" that occurs at the same time t as a given visual time code.

The audiovisual signal is played and displayed on a computer facing the sending UE:

· This input time coded video is displayed on the computer screen. The sending UE is positioned at a suitable distance to film the computer screen. The front camera of the sending UE captures the time coded video (by filming the computer screen)
· The audio signal is sent to the audio input interface of the sending UE (electrical interface or microphone). 

The MTSI video telephony session is established between the sending UE and the receiving UE.

The audiovisual signal (time coded video + audio pattern) is transmitted to the receiving UE, decoded, displayed on the screen of the receiving UE (for video part) and sent to the output audio interface of the receiving UE (loudspeaker or electrical interface, for audio part)

A video camera with audio input captures both the audio signal and the video signal played by the receiving UE. The audio and video time resolution of the recorded signals must be equal or higher than the one of the original video (expressed in frames per second).

The received audiovisual signal recorded by the camera is analyzed to identify what video frame corresponds to the time occurrence of the audio pattern and what is the time code of this frame

The desynchronization is given by the difference on the reception side between the visual time code corresponding to the output audio signal and the initial time code corresponding to the input audio pattern
To take into account possible variations in speech and video synchronization, the UE voice and video synchronization needs to be characterized by a sufficient number of measurements (e.g. [40] or more) over a long enough time period (e.g. [160s] or more).

Editor's note: Some text still to be added concerning the audiovisual test sequences to be used.
Editor's note: The way the UE video delay metrics are estimated and can be compared with possible objectives or requirements is left for further discussions related to section 7.1.3
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Figure 7.1: Overview of test set up
7.1.3
Measurement methods
The ITU-R BT.1359-1 [6] discusses the impairment subjectively perceived by the end user when some de-synchronization occurs between audio and video.The figure 2 of BT.1359-1 [6] on detectability and acceptability thresholds shows that the impact of audio advanced with respect to video is greater that when delayed with acceptability thresholds at 90ms (when audio advanced) and 185ms (when audio delayed).
Although this recommendation applies for broadcast TV service, it is proposed to consider these acceptability thresholds of 90ms (when voice is late with respect to video) and 185ms (when video is late with respect to voice) as provisional values relevant for minimum requirements for video telephony (during the video telephony session, the non- active user is perceiving an audio visual signal no matter if it is broadcasted or transmitted with any other type of protocol). 
These values may however need to be adjusted taking especially into account the specific interactivity aspect of video telephony that might require more stringent acceptability thresholds.

7.2
Speech and video setup/release time synchronization 
7.2.1
General description
[The video call can be established with speech and video simultaneously or set up as a speech call with video added later. In the case both speech and video are started from call set up it is expected that speech and video are started to be played simultaneously to the user. When the video call is released it is also expected that speech and video are stopped at the same time.
· The speech and video setup time synchronization characteristics relates to the time shift between the start of speech and video playout when the video call is set up.
· The speech and video release time synchronization characteristics relates to the time shift between the stop of speech and video playout when the video call is released.
]
7.2.2
Performance metrics and objectives

7.2.3
Measurement methods 

8
Audio characteristics

8.1
General description 
[The audio characteristics of MTSI 3GPP UEs offering telephony service, either as a stand-alone service or as the telephony component of a multimedia service, are specified in 3GPP TS 26.131. It is expected that the call can be switched at any time between video call from/to speech only call with same speech quality: the same audio characteristics and related performance metrics therefore apply to video calls, with the exception of UE delay aspects. 

When video is activated, it is expected that the UE is used in hand-held hands-free or headset mode. The performance metrics and related test methodologies related to hand-held hands-free UE mode should therefore be considered as the most important ones for video call] 

8.2
Performance metrics and objectives
[The audio performance metrics for video call specified in 3GPP TS 26.131 are:

· Loss / loudness rating

· Idle channel noise level (sending / receiving)

· Sensitivity/frequency characteristics

· Sidetone loss and delay

· Stability loss

· Acoustic echo control performance

· Distorsion (sending / receiving)

· Sending performance in the presence of ambient noise

· Delay

The performance objectives and requirements for the UE are the same as for speech-only and multimedia telephony service in TS 26.131, with the exception of UE delay that is currently specified for speech-only services. 

These requirements should be met first in handheld hands-free or headset mode in video telephony usage context (with video running on the device)] 

8.3
Measurement methods 
[Same test methods are applicable to test de speech part of the video call as specified in TS 26.132. For video telephony the test methodologies related to hand-held hands-free or headset modes should be considered first. Measurements should be done in videotelephony usage context (with video running on the device).] 

Editor's note: It has to be considered by SQ SWG if some adaptations/modifications of the objective/requirements and related measurement methods already specified for speech are needed for speech in video telephony context.

9
Conclusion
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