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Introduction
[bookmark: _GoBack]In preparation for 3GPP RAN e-Meetings in Q1 2020, RAN2 leaders and people performed real RAN2 settings testing of Web Conferencing (Audio and Video) by GoToWebinar. Three test sessions were held two weeks before R2 109e, mimicking the process of a real 3GPP meeting, for different time zones with 37, 31, 123 participants. RAN2 had not used the tool prior to this, so for most people this was the first acquaintance with the tool. 
The testing was informal, not stringent, focused on user perception, rather than exact measurements. One purpose of the test runs was to allow people to try the tool to establish company views on the feasibility of using such tool, e.g. for RAN2. 
Test Sessions
Test sessions were announced on the R2 reflector, scheduled with short notice due to late acquisition of license. Subjective data was collected by the authors making observations, users answering to questions in the call, and by answers to an email poll after the 3rd sessions.
1st session: Wed Feb 5, 1300 CET, 37 participants
2nd session: Wed Feb 5, 1800 CET, 31 participants
3rd session: Wed Feb 6, 0800 CET, 123 participants
Many users were testing from home. Some users were testing form the office. E.g. almost no Chinese users were allowed to go to office for virus spreading reasons. 
Observations
Setup and connection
One user observed that it worked with IE but not firefox. Another user reported that it indeed worked with firefox. 
Some users that couldn’t connect by the web-client but could make it work by downloading and installing the SW client. 
Several users couldn’t connect and couldn't make it work for unknown reasons. 
Several users indicated that it didn’t work by company VPN, but it worked when VPN connection was disabled. 
It seems it doesn’t work from some company offices, due to company firewall and company security regulation. 
Connection was stable for almost all users. There were reports of some users being spontaneously disconnected from the meeting (china)
Audio by VoIP
Audio Quality seems good, excellent or ok, to all or almost all users. It seems the quality was good for participating users in North America, Europe, Taiwan and Korea – no additional degradation observed for those users with 123 vs 31 participants.
One report of problematic long latency for Audio (China), and Some report that audio quality was decreasing when more users joined, for users in China, but still intelligible. 
Audio by Phone Call-in
This was not properly tested, only one caller in test 2 and one in test 3. It seems that PIN might need to be provided manually to such caller. Might need more testing. 
Not many call in numbers, and difficult to understand which area code to use. 
Screen Sharing
Screen update latency was ok for users in Europe, North America, Korea, Taiwan, and seemed to be independent of number of users connected.  
but can be long ~30-45s response time to scrolling observed for users in China and one user in Japan during the first test (low traffic in China). Two users in China (of 10) during low traffic reported no/low latency, immediate updates. For the 3rd test (at peak hours in China) worst case reported latency for screen update was 10 minutes, common case for china users in peak hour seems to be 20-120s delay, fastest update rate for China at peak hour was 15s. There was also some report of no screen sharing at all (China).
Observability
It seems attendees cannot see who is speaking, when the number of users is high. This was the case for the test of 123 users, but for the other tests 31 and 37 users, attendees could see the name who was speaking (at least some attendee could see this, didn’t check if users with bad connections could see). It seems attendees cannot see who is speaking if “attendees can see attendee list” is not enabled. Staff can always see who is speaking. 
Attendees cannot see who raises his/her hand. Staff can see this. 
NOTE staff = organiser, co-organiser, panelist, presenter. 
Raise Hands
Attendees can raise hands, but staff cannot.
Raise hands and raise hands controls seems to work. Staff can chose to lower hands, and lower all hands, and in the staff view the attendee list can be sorted according to raised hands. 
In the staff view there is a time indication, showing how long a person has had the hand raised. This time indication is consistently wrong. 
Sometimes hands are raised intermittently and without the attendee wanting to raise hand. 
Mute / unmute control
Staff can control a) individual mute/unmute, b) mute all c) unmute all. In addition Attendee can self-mute
After “unmute all”, in the staff view, the mute status is wrong. For most users the mute status still says “muted by organizer” while the user can in fact unmute himself/herself. 
Comment: In test no 3 (large group), the R2 chair found that manual handling of raised hands and mute/unmute control takes significant attention, is tedious, and it is difficult/impossible to write comments at the same time. The magnitude of this effort seems to vary by the group size. 
Questions Answers
The questions / answer feature seems to be designed to send questions to a group of panelists who answers. It seems not useful for communication with the chairman in a 3GPP meeting. Potentially it could be used for communication with the secretary or other staff member if present. 
Poll feature
The poll feature seems not useful for 3GPP purpose, it summarizes the results and do not show who voted for what
Presenter
It seems whoever is made presenter is part of staff for the remainder of the meeting, after presenting he/she becomes a panelist, and can thus long longer raise his/her hand. 
Chat
Chat seems to work between staff members only, or from staff members to all.  
Conclusions applicable to RAN2 109 electronic
1. Most people managed to connect to the meeting. Assume that technical setup problems can be fixed. Not clear whether some company still has non-resolvable issues wrt security policy. 
2. VoIP audio quality and robustness seems ok, telephone call-in need better instructions, somewhat more testing, and more call-in numbers. 
3. At 125 users, scalability doesn’t seem to be a tool problem, people with good internet connections still experienced good quality with no degradation. Users that seemed to observe scalability degradation were the ones with bad connection. Assume that scalability is ok for RAN2 size meeting.
4. If attendees have a low performance internet connection or are located in China, screen sharing is likely not useful for those users. Conclusion that on-line drafting by screen sharing shall not be relied upon.
5. Speakers might need to be explicitly introduced, by the chair or by themselves, as in a larger meeting, it seems Attendees can not follow who is speaking in the tool. 
6. At show-of-hands-supported decision-making, Chair or other staff who can see raised hands should echo back to the room by voice who is raising hands, to make the count visible to the meeting, and avoid mistakes.
7. Poll and Presenter features should not be used.
8. Questions answer feature could possibly be used for communication with secretary or other staff (to be clarified). 
9. How to handle Raise Hands + Mute Unmute Control need further consideration. If the chair is to write notes similar to at a f2f meeting, probably each user have to handle this. If to be managed by a staff member, maybe one more staff person is needed. 



	1/3	
