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A word from our CEO
Thank you for downloading callstats.io’s second industry report on
WebRTC metrics and the first for 2017. This year, WebRTC turns six years
old and data from the Enterprise Connect conference suggests that
several real-time communications products are increasingly using WebRTC.
In the first quarter of 2017, we crossed 550 user accounts on callstats.io
and the number of monthly active products is above 250. This report is
the second one from the series that will be published every quarter by
callstats.io, with the next one planned for July 2017. Similar to the first
report, we are going through the last five months of sessions, from November 2016 to February 2017. In this period, our install-base has continued to grow 20% month on month while the traffic grew by 4x with
our active customer base all around the world.
This 20-page report includes 16 charts and one table that provide
easy-to-digest insights into the growing number of WebRTC deployments. This report should help product managers and engineers design better real-time communication systems: chiefly, being mindful of
potential bottlenecks as they plan for their application service’s
growth.
This report answers to questions like:
•
•
•

What operating system and browsers dominate WebRTC?
How often do calls fail to set up and for what reasons?
How often do participants drop out of a conference due to connectivity issues?

I hope you enjoy reading this report as much as we enjoyed writing it.
You can find the original page for the report at
www.callstats.io/industry-reports/webrtc-metrics-report-2017-01/
Regards,
Varun Singh
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Executive Summary
Web Realtime Communications (WebRTC) is a technology that enables
audio and video calls in the web browser without plugins. WebRTC is
part of the HTML5 standard, which is defined at the World Wide Web
Consortium (W3C).
WebRTC has a statistics API, which can be used to collect data from the
peer connection between two participants. This report presents and
discusses anonymized WebRTC metrics collected by callstats.io.
The report discusses metrics sampled across all apps and services using callstats.io. The metrics cover statistics about endpoints, setup
failure metrics, transport metrics, and network and media metrics.

TL;DR
• Microsoft Windows dominates the WebRTC desktop market share and
Google Chrome dominates the WebRTC browser market share.
• About 2% of the sessions fail to set up due to NATs and firewall traversal. In 9% of cases a running session is dropped after being established successful.
• 27% of the sessions use a TURN server. Of the relayed sessions, 84%
use TURN/UDP and the rest uses either TURN/TCP or TURN/TLS.
• 85% of the sessions have no fractional packet loss (95-percentile).
• 86% of the sessions have less than 240ms RTT.
• 55% of the sessions have Excellent user feedback rating.
• 40% of the sessions have Excellent objective quality.
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1. The WebRTC Media Pipeline
The metrics that are gathered via the WebRTC Statistics API, which corresponds to individual components across the media pipeline. The following section discusses the structure of the media pipeline and the
metrics associated with the individual component.

1.1. Setup of the WebRTC pipeline
The WebRTC getStats() API exposes metrics from various components
within the media pipeline (at the sending and receiving endpoint). Figure 1.1. shows an example media pipeline. Media is captured at regular
intervals by a device (microphone, camera, or via screen capture). The
raw media frame is then compressed by an encoder and further packetized into MTU (maximum transmission unit ~1450 bytes) before the
packets are sent over the Internet. The endpoint on receiving these
packets, concatenates these into frames, complete frames are then
sent to the decoder and finally rendered. Some implementations may
discard incomplete frames, or use concealment mechanisms to hide
the missing parts of the frame, these may have varying impact on the
quality of experience.

FIGURE 1.1. THE WEBRTC PIPELINE
The getStats() API is structured as follows:
1. Sender media capture statistics: corresponds to the media generation, typically frame rate, frame size, clock rate of the media
source, the name of the codec, etc.
2. Sender RTP statistics: corresponds to the media sender, typically
packets sent, bytes sent, Round Trip Time (RTT), etc.
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3. Receiver RTP statistics: corresponds to the media receiver, typically
packets received, bytes received, packets discarded, packets lost,
jitter, etc
4. Receiver media render statistics: corresponds to the media rendering, typically frames lost, frames discarded, frames rendered, playout delay, etc.
5. Network-related metrics: corresponds to the bytes, packets, sent or
received on that particular interface. Additionally, it may report the
connectivity requests and responses.

1.2. Applying the WebRTC Statistics
When running a WebRTC service, the metrics exposed by the getStats()
API are important for diagnosing issues within a particular session, i.e.
the link between two participants. However, to assess the quality of
the overall service, the data from each session in a conference call
needs to be summarized. Furthermore, the summarized data needs to
be aggregated over period of hours and days to observe and predict
the trends in the service usage.
We get a more comprehensive diagnosis when metrics are collected at
not only at the endpoints, but at various points in the path, such as
media servers, TURN relay servers, and media routers.
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2. Endpoint Statistics
As WebRTC is part of the HTML5 standard, it is supported by various
platforms and browsers. Currently, WebRTC is supported by Chrome
(and variants, like Opera), Firefox, and Edge. Albeit interoperability
sometimes requires adapter.js to iron out the inconsistencies between
different browser implementations. In the following section, we discuss the operating system and browser distribution metrics.
Windows is the dominant platform.

2.1. Operating Systems Distributions
Most of our customers use our Javascript library (callstats.js) to send
data to the callstats.io product. We parse the User Agent (UA) string to
decipher the operating systems and browser versions. Figure 2.1 shows
the distribution of the various operating systems.
While Windows is dominant as expected, other platforms should not
be ignored during the development process. Linux, Mac, and Android
each have a substantial market share. Together, these are used in 60%
of cases.
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FIGURE 2.1. DISTRIBUTION OF OPERATING SYSTEMS
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2.2. Browser Distributions
30 %
8%

62 %

Chrome
Firefox
Native

WebRTC-support in browsers has come a long way since 2012. Today,
browsers update regularly, with a new stable version released every six
weeks. The browsers also release beta versions at six week interval.
The beta releases assist app and service developers to discover bugs
and upcoming changes that might affect their app. The schedules for
the browsers are available at:
• Google Chrome: https://www.chromium.org/developers/calendar
• Mozilla Firefox: https://wiki.mozilla.org/RapidRelease/Calendar
Some WebRTC apps cannot or do not want to keep up with the browser
updates and want to have more control over the expected user experience. These products and services roll out their WebRTC products as
native desktop apps.
• React Native: https://facebook.github.io/react-native/versions.html
• NW.js: https://github.com/nwjs/nw.js/releases
• Electron: https://github.com/electron/electron/releases
Changing from the last report, native apps now provide about 30% of
the traffic. The graph below shows how traffic from native apps has
increased between June 2016 and February 2017.
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FIGURE 2.2. NATIVE APPS

2.3. Google Chrome
In the period from November 2016 to February 2017, the Chromium
project released two stable versions: M55 in early-December and M56
in late-January. Figure 2.2 shows the monthly variation in the fraction
of active sessions for a particular version of the Chrome browser.
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FIGURE 2.2. DISTRIBUTION OF GOOGLE CHROME VERSIONS
For example, we observe that the stable version of the Chrome M55
released in the beginning of December 2016 grew to 60% usage share
in the month of January 2017. A similar pattern is observed with each
new stable version.

2.4. Mozilla Firefox
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FIGURE 2.3. DISTRIBUTION OF FIREFOX VERSIONS
Firefox (FF) released two stable browser versions, FF 50 in the middle
of November 2016 and FF 51 at the end of January. Figure 2.3 presents
the monthly variation in the fraction of active sessions for a particular
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version of the Firefox browser. Firefox’s new stable releases experienced similar uptake to Chrome. The category “Other” contains older
version, including the Extended Support Release (ESR), which is FF 45.
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3. Failure Metrics
WebRTC deployments fail to setup or establish connectivity between
the participants for various reasons. Oftentimes, this is due to a NAT or
firewall dropping media packets, which causes the conference to fail
before setup is completed. Figure 4.1 shows the various errors that can
occur while setting up a conference.

FIGURE 3.1. FAILURES BEFORE CONFERENCE SETUP IS COMPLETED
1. Access to the media source fails (mic, camera, screen capture) due
to device hardware (e.g., DeviceNotFound), device configuration
(e.g., UnsupportedFrameResolution), or device permission issues
(e.g., PermissionDenied).
2. SDP generation fails during configuring the local media pipeline.
For example, the WebRTC API (createOffer() and createAnswer())
exposes a callback when the multimedia pipeline changes .
3. Negotiation fails due to differing media and network configuration
between endpoints. These errors are reported in the callbacks returned from setLocalDescription() and setRemoteDescription().
4. Connectivity checks fail when the endpoint is unable to establish
connectivity between participants, as these mostly occur when the
NAT/firewall traversal fails.
After the conference is set up and the session loses connectivity for
any period of time, i.e., no media packets are received, the session is
marked as disrupted. The session drops if the connectivity is not
restored. The disruption period is the period from when the connectivity is lost to either when the connectivity is restored or totally lost.
During the disruption period, the application may attempt to re-establish connectivity automatically. These re-attempts to establish connectivity might fail and are measured as Re-establishment failure. When a
session drops, the user may have to manually re-establish connectivi-
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ty, for example, by refreshing the webpage, this is measured as churn.
Figure 4.2 shows the failure events after the conference is setup successfully.

FIGURE 3.2. FAILURES AFTER CONFERENCE SETUP IS COMPLETED

2%

of sessions fail
due to network
connectivity

In the following section, we discuss the observed failure statistics in
more detail.

3.1. Network Connectivity Failure
In the last edition of this report, we observed about 4% of the sessions
failing to set up, i.e., the total number of session failed to setup/total
number of attempted sessions. Compared to the last report, the observed number has stabilized at 2% (see Figure 4.3 for details).
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FIGURE 3.3. ICE FAILURE RATIO
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9%
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dropped

3.2. Dropped Sessions
In addition to a failure at startup, the session might also be dropped
during an active call, because the network becomes unavailable or severe network conditions (high packet loss, jitter or increasing one-way
delay) cause the connectivity to fail. In total, we find that this happens
in about 9% of cases. The most common reason for dropped sessions
is either loss in connectivity or network related issues.
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FIGURE 3.4. DROPPED SESSIONS

3.3. Conference Reconnections
Even during a running session, the WebRTC app can decide to search
for other ways of connecting the parties (sometimes called ICE restart),
and potentially even reapplying settings. In the past months, the aggressive use of ICE restart has been used more often, as can be seen
from the figure below. While in November barely any sessions experienced this method, ICE restart is the main reason why this value has
increased to 4.5% in February. In general, a failure in reconnecting results in a dropped connection (see above).
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FIGURE 3.7. SESSIONS WITH RECONNECTIONS
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3.4. Aborted Sessions
The session can be interrupted by user events, for example if the participant closes their browser while the call is being established. In this
case, the session is not terminated properly. Based on our data, this
happens in less than 1% of sessions.
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FIGURE 3.5. ABORTED SESSIONS
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4. Transport Metrics

27%

of the sessions
use a TURN
relay server

84%
of the Relayed
sessions use
TURN/UDP

The Internet Connectivity Establishment (ICE) mechanism makes it easier for media packets carried with UDP to traverse the Internet. One
key component in the mechanism is the use of a TURN relay server.

4.1. TURN Relay Usage
The relay server usage is an important metric for applications and services that want to use the least amount of infrastructure servers. Without any TURN relay servers, these sessions would fail to setup, therefore, deploying TURN servers is important to establish connectivity. We
observe that on average 27% of the sessions use a TURN relay server.

TABLE 4.1. TURN USAGE
Nov

Dec

Jan

Feb

26,2 %

27,4 %

29,0 %

26,3 %

4.2. Types of TURN
The relay server may use one of several transport protocols (UDP, TCP/
TLS). About 84% of the relayed sessions use UDP, while about 16%
need TCP or TLS, typically in enterprise environments, where all UDP
traffic might be dropped, and tunneling over port 80 or 443 would be
the only option to stream media in real-time.
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FIGURE 4.1. TRANSPORT PROTOCOL SHARE FOR TURN SERVERS
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5. Network and Media Metrics
Multimedia applications react to changes in the network, by modifying
the encoding and sending rates to match the available end-to-end
path capacity. The goal is to minimize losses at the receiver while
maintaining a stable and high throughput. Losses are caused by congestion or bit-errors, and are detrimental to the perceived video quality. Although, real-time communication is tolerant to a small amount of
losses, a burst of packet losses should be avoided.
In this section, we discuss the network and media metrics that are
used by engineers building the next generation of codecs or networking stacks. These metrics rely on percentiles, which can be confusing, if
the concept is unknown. You can read more about percentiles at:
www.dummies.com/education/math/statistics/what-percentile-tellsyou-about-a-statistical-value/.

5.1. Fractional Loss
Callstats.io measures fractional losses every 500ms, and at the end of
a session, this value is recorded. If the metric is low (less than 5%
packet loss), then the session experienced no major media quality
degradation and is likely to be seen as good from a user perspective.
Consequently, if the metric is high (>33%), then the user sees and
hears errors, for example that the video stutters, blacks out, or has artifacts.
Figure 5.1 shows the 95-percentile fractional loss in the reporting period (Nov 2016 - Jan 2017). We observed that only 15% of the sessions
had any losses. And, that less than 3% of the sessions had more than
10% losses for about 5% of the time.
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FIGURE 5.1. 95-PERCENTILE FRACTIONAL LOSS
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5.2. 95-percentile RTT
For real-time media sessions we expect that the end-to-end latency
should be low. For good quality audio sessions, ITU-T suggested that
the mouth-to-ear delay be under 150ms. That is the time to capture,
packetize, transport ( network delay), and finally render the audio. The
complete process should be completed within 150ms of capturing the
packet. Roughly this corresponds to about 100-120ms network latency,
assuming 20ms packetization interval and 10ms for the remaining operations.
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Figure 5.2 shows the cumulative distribution of the 95-percentile RTT
across all sessions. About 50% of the sessions have an RTT lower than
60ms. Finally, 86% of the sessions have less than 240ms RTT, matching
the ITU-T suggested guideline.

0

86%

In Real-time Transport Protocol (RTP), we can measure the Round Trip
Time (RTT). For simplicity, systems assume the network latency as half
of the RTT. Thus, the expected RTT should be under 240ms (2 x network
delay = 2 x 120ms). We measure the 95-percentile RTT, i.e., 95 percent of
the session had an RTT lower than the indicated value.

FIGURE 5.2. 95-PERCENTILE RTT IN MS

5.3. Audio codecs
WebRTC supports two audio codecs: G.711 and Opus. In the reporting
period about 98% of the sessions use Opus, and 2% use G.711. The G.
711 codec is a fixed rate codec, with a bitrate of 64 kbps. Compared to
the last report, the usage of Opus has increased by 7%, reducing the
share of G.711. Opus has a large dynamic range and adapts the bitrate
to the available end-to-end capacity. We observe about 75% of the
sessions have an average audio bitrate between 30-60 Kbps, which results in quite a good audio quality.
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FIGURE 5.3. AVERAGE AUDIO THROUGHPUT IN KBPS

5.4. Video codecs
WebRTC mandates two video codecs: H.264 and VP8. Currently, H.264 is
supported on Firefox, Chrome, and Edge. Although, Edge supports a
different variant of H.264 than the other browsers and Chrome’s H.264
support is behind a development flag. Due to these reasons, H.264 usage is abysmal, at below 1%. Although, VP9 is not mandated, some services are beginning to prioritize it over VP8. We observed that VP9 usage is relatively stable in the reporting period at about 9%.
Since most of the sessions are over VP8, we measured the average
throughput across all sessions, and present it in Figure 5.4. We observe
that for about 30% of the sessions throughput is below 250 Kbps, with
the exception of November, which may result in a mediocre quality
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FIGURE 5.4. AVERAGE VIDEO THROUGHPUT IN KBPS
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depending on the use-case, for example, small screens prefer lower
resolutions. About 40% of the sessions use more than 1Mbps, which is
generally considered high quality.

5.5. User Feedback
When a conference finishes, some apps provide a way for the user to
give feedback on the subjective quality of the conference, typically on
a 5-point scale. We categorize the 5-point score in to three categories
because our observations have shown that the end-users are often
unable to distinguish between scores in the 5-point scale, and that a
three point scale works better :
• Excellent (5),
• Acceptable (4, 3),
• Dissatisfactory (2, 1).
For example, in figure 5.5., the feedback rating, is quite similar for each
month, more than 50% of users give a maximum rating of 5, while only
13% of users rate the conference experience as being dissatisfied (1-2).
As can be seen from the figure, the share of users giving an excellent
rating has dropped during the reporting period, likely due to the higher number of users providing feedback.
1-2

3-4

5

60 %
50 %
40 %
30 %
20 %
10 %
0%

October

November December

January

February

FIGURE 5.5. DISTRIBUTION OF USER FEEDBACK

5.6. Objective Quality
There are many metrics that show a part of the connection's quality,
but it is hard to evaluate the overall technical media quality. Callstats.io’s objective quality provides an approach to accumulate several
metrics into one that provides an overall view of the audio and video
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quality of a session. The objective quality metric is conservative when
it comes to measuring the performance of the conference., we prefer
to minimize the number of false positives.
Figure 5.6. below shows the distribution for the objective quality metric. As can be seen from the figure, the connection quality has slightly
decreased over the months. This correlates with the declining share of
excellent feedback.
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FIGURE 5.6. OBJECTIVE QUALITY
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