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Real-time Audio-Visual Media Transport

• Live or prerecorded streaming 

• Interactive video conferencing 

• Voice-over-IP 

• Augmented and virtual reality
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Figure 14. Global internet video by subsegment
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Effects of video on traffic symmetry 
With the exception of short-form video and video calling, most forms of Internet video do not have a large upstream 
component. As a result, traffic is not becoming more symmetric, a situation that many expected when user-generated 
content first became popular. The emergence of subscribers as content producers is an extremely important social, 
economic, and cultural phenomenon, but subscribers still consume far more video than they produce. Upstream traffic 
has been slightly declining as a percentage for several years. 

It appears likely that residential Internet traffic will remain asymmetric for the next few years. However, numerous 
scenarios could result in a move toward increased symmetry; for example: 

• Content providers and distributors could adopt P2P as a distribution mechanism. There has been a strong case for 
P2P as a low-cost Content-Delivery System (CDS) for many years, yet most content providers and distributors have 
opted for direct distribution, with the exception of applications such as PPStream and PPLive in China, which offer 
live video streaming through P2P and have had great success. If content providers in other regions follow suit, traffic 
could rapidly become highly symmetric.

• High-end video communications could accelerate, requiring symmetric bandwidth. PC-to-PC video calling is gaining 
momentum, and the nascent mobile video calling market appears to have promise. If high-end video calling becomes 
popular, traffic could move toward greater symmetry. 

Generally, if service providers provide ample upstream bandwidth, applications that use upstream capacity will begin 
to appear.

Trend 5: “Cord-Cutting” analysis 
In the context of the Cisco VNI Forecast, “cord cutting” refers to the trend in which traditional and subscription 
television viewing is increasingly being supplanted by other means of video viewing, such as online and mobile video, 
which are available to viewers through fixed and mobile Internet connections. 

We are seeing a trend in which the growth in digital television service that denotes television viewing across all digital 
platforms (cable, IPTV, satellite, etc.) is growing much more slowly relative to mobile video. Also, in emerging regions 
mobile video growth rates are even higher because these regions are bypassing fixed connectivity. 
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Real-time Audio-Visual Media Transport
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Performance limited by TCP 

Independently decodable, multi-second, media chunks 
→ basis for rate adaptation, media encoding, playout 

Reliable and ordered transport with head-of-line blocking 
Enforces lower bound on chunk duration → latency 

Compression efficiency limitationsConference’17, July 2017, Washington, DC, USA

(a) 25ms RTT

(b) 100ms RTT

Figure 5: Total stall durations for various chunk dur-
ations in a simulated MPEG-DASH application, at en-
coding rates,Rencodin� of 560, 1050, 2350, and 4300kbps,
over a lossless 8Mbps link with (a) 25ms and (b) 100ms
RTT

carried out in the application. We do not attempt to model
these as part of the analysis, but this does not impact our
ability to validate that the broad relationships discussed exist.
For (ii), clearly Internet links are lossy. We update our

analytical model in Section 3.3 to include loss, showing that
the interactions between TCP and loss result in signi�cant
latency overhead. Broadly, this greatly increases the min-
imum values of Tchunk discussed here.

3.2 Simulations
In the previous section, we described the minimum chunk
durations required to maintain smooth playback. We de�ne
smooth playback to be the casewhere playback is continuous:
each chunk is available in the bu�er at the time it is to be
played out. If a given chunk is not in the bu�er at its playback
time, then the application must stall: that is, playback is
paused, and resumes with the delayed chunk upon its arrival.
While we will analyse the impact of stalling behaviour in
Section 5, we note that, when TCP is used at the transport,
stalling delays are cumulative across the entire session: each
chunk’s playout is delayed by the sum of all of the previous
stall durations.
Given this de�nition of smooth playback, our analysis

identi�es a boundary between high levels of stalling (i.e.,
where chunks are too small – the red hatched area in our
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Figure 6: Latency introduced by retransmissions and
head-of-line blocking in TCP (from [5])

diagrams), and low or zero levels of stalling (i.e., chunks are
large enough – the green hatched area). For a given RTT,
there are chunk durations that are too small to be sustained
without continuous stalling, punctuated by playback of the
chunks.
In this section, we describe simulations carried out to

validate the analysis presented in the previous section. Our
simulator’s server and client operate as described. The server
and client use the nghttp2 library for HTTP/2 support, and
operate over a standard TCP implementation, with the CU-
BIC congestion control algorithm. As noted earlier, no rate
adaptation is applied and all chunks are encoded at the same
rate. We note that while the client decodes the received video,
the performance of this process is highly dependent on the
hardware on which the simulator runs. Therefore, we are
interested in the relative trends, rather than the absolute
values, that our simulations show.

Figure 5 shows the total stall durations for various chunk
durations (from 3 frames to 30 frames, in 3 frame intervals)
at 25ms and 100ms RTTs. Total stall duration, as described
above, is a measure of the smoothness of playback. These
plots validate the analysis presented in Section 3.1: increased
media encoding rates, Rencodin� , (with a �xed bottleneck
rate, Rbottleneck ) or higher RTTs result in more stalling at
the same chunk durations. The simulations highlight that
the boundaries identi�ed by our analysis are not absolute:
stalling durations decrease as chunk durations increase.

TCP Typically gets sufficient throughput; 
variability hidden through buffering

Deployable
General purpose transport, weakly coupled to 
application and media; buffer to hide variability 
and accept latency penalty to avoid complexity

High latency

Low cost Commodity HTTP CDNs
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Limits stall duration 

Each chunk sent on a separate QUIC stream 
Avoids HoL blocking between chunks 

Limits stall duration

Latency remains high 

Each chunk still delivered on reliable and ordered stream 
QUIC has head-of-line blocking within streams 

Enforces lower bound on chunk duration → latency 
Compression efficiency limitations

Deployable
General purpose transport, weakly coupled to 
application and media; buffer to hide variability 
and accept latency penalty to avoid complexity

High latency

Low cost Commodity HTTP CDNs

http://creativecommons.org/licenses/by-nd/4.0/
http://creativecommons.org/licenses/by-nd/4.0/
http://creativecommons.org/licenses/by-nd/4.0/
http://creativecommons.org/licenses/by-nd/4.0/
http://creativecommons.org/licenses/by-nd/4.0/
http://creativecommons.org/licenses/by-nd/4.0/
http://creativecommons.org/licenses/by-nd/4.0/
https://csperkins.org/


Colin Perkins | https://csperkins.org/ | Copyright © 2018

Real-time Audio-Visual Media Transport

!5

ComplexApplications aware of loss, framing, errors 
Close coupling with media and transport 

But – can realise very low latency 
suitable for interactive use cases Low latency

Layered above UDP since timeliness 
preferred over reliability for real-time UDP

Designed to support real-time & partial reliability

Unreliable transport trades low latency for loss 

Framing becomes important – no more chunked media  
Transport and end-points rearchitected for loss tolerance

No longer HTTP based 

Unfamiliar to engineers, no CDN support 
Harder to deploy
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Designed to support real-time & partial reliability

Deployable

Low latency

Open standard; widely implemented in browsers 
Effective low-latency media transport using RTP 

Lacks CDN and infrastructure support

Used by large HTTP adaptive streaming systems 
Implemented in browsers, servers, and CDNs 
Rapidly being adopted as commodity infrastructure 
Open standard via IETF – extensible

Incorporate features from WebRTC into QUIC for deployable low-latency real-time transport
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RTP Media Transport

RTP Control Protocol

Timing
Sequencing

Framing and packetisation

Partial reliability

Inter-flow synchronisation

Congestion feedback
QoS/QoE reporting

Congestion control
Source identification

Source description
Signalling

Essential for real-time performance

Support quality of user experience

Audio-visual media support

Source identification
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RTP Media Transport

• Essential real-time support: 
• Timestamp – reconstruct media timing 

• Sequence number – loss detection and 
re-sequencing 

• Framing and partial reliability 

• Audio-visual media support 
• Payload format specification, PT, M 

• Media mixing 

• Source identification
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 0                   1                   2                   3
 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|V=2|P|X|  CC   |M|     PT      |       sequence number         |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|                           timestamp                           |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|           Synchronisation source (SSRC) identifier            |
+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+
|            Contributing Source (CSRC) identifiers             |
|                              ...                              |
|                                                               |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|                           Payload                             |
|                              ...                              |
|                                                               |
|                                                               |
|                                                               |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

Broadly applicable transport features → real-time extensions for QUIC
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RTP Control Protocol

• Sender reports provide a mapping 
between the media clock and wall 
clock – inter-flow synchronisation 
• Generally applicable to real-time flows 

– not audio/video specific 

• Reception quality feedback either 
equivalent to ACK/ECN reports in 
QUIC, or media specific QoE 

• Source description packets highly 
application specific
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        0                   1                   2                   3
        0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1
       +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
header |V=2|P|    RC   |   PT=SR=200   |             length            |
       +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
       |                         SSRC of sender                        |
       +=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+
sender |              NTP timestamp, most significant word             |
info   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
       |             NTP timestamp, least significant word             |
       +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
       |                         RTP timestamp                         |
       +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
       |                     sender's packet count                     |
       +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
       |                      sender's octet count                     |
       +=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+
report |                 SSRC_1 (SSRC of first source)                 |
block  +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
  1    | fraction lost |       cumulative number of packets lost       |
       +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
       |           extended highest sequence number received           |
       +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
       |                      interarrival jitter                      |
       +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
       |                         last SR (LSR)                         |
       +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
       |                   delay since last SR (DLSR)                  |
       +=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+
report |                 SSRC_2 (SSRC of second source)                |
block  +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
  2    :                               ...                             :
       +=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+=+
       |                  profile-specific extensions                  |
       +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
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Real-time Audio-Visual Media Transport over QUIC EPIQ’18, December 4, 2018, Heraklion, Greece

# RTP Field and Function QUIC Mapping Support?

1 Seq# for loss detection Seq# plus ACK mechanism Yes
2 ECN marking ECN marking Yes
3 Media-speci�c timestamps Use metadata on top of QUIC No
4 (One-sided) wall-clock sync Extension or metadata on top of QUIC No
5 Data retransmission Adapt retransmission for partial reliability (Yes)
6 Generic FEC Could be added as a generic function (was discussed) (No)
7 Media-speci�c redundancy Could be realized as payload N/A
8 General RX stats from RTCP RR ACK blocks for losses (abs. and rel.) to be augmented Partly
9 Congestion control Done by QUIC, may need an API (Yes)
10 Selective encryption of payloads Almost full encryption largely including headers (Yes)
11 SSRC and CNAME for media bundling Bundling implicit within a QUIC connection Implied
12 Payload type + M bit marking Use payload framing on top of QUIC N/A
13 Source identi�cation (SSRC/CSRC) Use metadata on top of QUIC N/A
14 SDES session metadata Use metadata on top of QUIC N/A
15 External signalling channel Use an in-band QUIC stream if feasible (Yes)
16 IP Multicast support Not required No
17 Mixers and translators Implement in the application above QUIC No
18 Transmission scheduling control Done by QUIC, needs an API (Yes)
19 Header extensions and metadata Use metadata on top of QUIC No
20 Application level framing Partial, via QUIC streams Yes
21 Avoidance of HoL blocking Partial, via QUIC streams Yes

Table 1: Mapping RTP functions to QUIC

should be considered in the QUIC mapping. API changes to expose
the MTU and frame boundaries can solve this in part, but a�ect
packet scheduling, congestion control, and reliability.

QUIC �ows are encrypted and authenticated to ensure privacy
and integrity of the headers and payload. The Secure RTP extension
[2] can be used to provide privacy and integrity protection for
RTP tra�c, when combined with a keying protocol such as DTLS
[9, 23]. QUIC integrates security more tightly, and can bene�t from
features such as 0-RTT session resumption that have not yet been
incorporated into DTLS-SRTP. Another key di�erence is that QUIC
encrypts the entire packet, including the overwhelming majority
of the transport headers, whereas Secure RTP encrypts only the
payload and leaves the RTP and transport headers in the clear. As
we discuss in Section 4, this allows Secure RTP to support header
compression and semi-trusted intermediaries, but does expose more
information to the network.

It is clear that framing interactive RTP media tra�c for transport
over QUIC exposes a number of issues. As noted above, solutions
exist to some of these within the scope of QUIC as currently spe-
ci�ed, but not all. In the following, we consider how QUIC and RTP
might co-evolve, to better address these concerns, and provide an
e�ective solution for latency bounded, interactive, media.

4 MEDIA TRANSPORT REQUIREMENTS
The discussion in Section 3 highlighted three signi�cant limitations
with running interactive media over the current version of QUIC:
HoL blocking, unnecessary retransmissions, and application-level
framing. In the following, we begin a more systematic exploration
of the issues.

We outline a reasonably complete list of the features of RTP in
Table 1, with an indication of how the concepts might map onto
a future version of QUIC, and whether they need to be supported.
The table indicates the RTP functions, how those could be mapped
to an (enhanced) QUIC, and if those functions should be supported
as part of a generic, real-time enabled QUIC stack (or rather be left

to the application running on top). These features can be broken
down into the following categories:
• Transport-related features that need support from the
transport protocol for e�cient and/or e�ective implementa-
tion, such as congestion control, avoiding HoL blocking, loss
detection, and ECN support;
• Session-related features relating to orchestration of mul-
tiple �ows, participant identi�cation, and quality of experi-
ence reporting; and
• Media-related features such as codecs and payload formats,
mixing and translation, lip-synchronisation, and media rate
adaptation.

There is necessarily close coupling across categories, and the design
does not follow a traditional layered model. This may complicate
integration of real-time media support into QUIC. For example,
e�ective implementation of congestion control requires close coup-
ling between the transport layer as it reports on lost and ECN
marked packets and packet arrival times, the transmission sched-
uler, and the media codec that must adapt its output to match the
required rate.

Of the features in Table 1, transport-level detection and reporting
of packet loss and ECN marks (#1, 2) are directly supported by both
RTP and QUIC. For other features, such as packet scheduling (#18),
congestion control (#9), some aspects of reliability (#5, 6, 7, 8),
application level framing (#20), and avoidance of HoL blocking
(#21) support is present in QUIC, but is not always well aligned
with the needs of real-time media.

Since RTP is inherently a group communication protocol, it
naturally supports multicast (#16). Current practice, however, is to
implement multiparty support using relays, so multicast support is
not required in QUIC (but could readily be used by real-time media
applications, if provided [18]).

Many session-level features can be implemented above the QUIC
layer. Rather than SSRCs, CNAMEs, and other signalled identi�ers
for media bundling and demultiplexing (#11), existing QUIC stream
mechanism can be used. In a similar way, source identi�cation and

Full feature applicability analysis in the paper – categorising RTP features as real-time 
support, media support, or application support
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Bringing Real-time to QUIC: RT-STREAMs (1)

• Incorporate features of RTP that apply 
to all real-time applications into QUIC 

• Timed, framed, RT-STREAMs 
• New stream type to identify real-time data; 

carries RT_STREAM frames 

• STREAM_ID, offset, and length specify 
data range being carried  

• Frame sequence number for identification, 
loss detection, dependencies 

• Timestamp indicates data presentation 
time – and deadline for retransmission 

• Partial reliability, handled by sender 

• Frame boundaries are preserved, 
applications fragment into independently 
useful ADUs

!11

Possible frame format 0                   1                   2                   3
 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|RT_STREAM| | | |           | | |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|                           STREAM_ID                           |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|                            [Offset]                           |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|                            [Length]                           |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|                         ADU Sequence #                        …
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|           [Lowest ADU sequence # to be retransmitted]         …
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|                           Timestamp                           |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|                            Payload                            |
|                              ...                              |
|                                                               |
|                                                               |
|                                                               |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

O
F
F
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Possible frame format
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Bringing Real-time to QUIC: RT-STREAMs (2)

• RT_STREAM timestamps give timings  
within a stream 

• ACK_TIMING frames report packet  
arrival times 

• WALLCLOCK frames map timestamps  
to common clock – allows inter-stream 
synchronisation 
• E.g., lip-sync of audio and video flows 

• Sent periodically at low rate 

• Minimal extensions to add common real-time support

!12

Possible frame format

 0                   1                   2                   3
 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|  ACK_TIMING   |k-1 packets rep| 
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|                      ADU base sequence #                      |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|                   Receive Timestamp for base                  |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|seq# offset 1  |   Receive timestamp offset 1                  |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|seq# offset 1  |   Receive timestamp offset 2                  |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|                               ...                             |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|seq# offset k-1|   Receive timestamp offset k-1                |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
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RT-STREAMs vs. datagrams

• Why provide RT_STREAMs rather than datagrams? 
• Raise level of abstraction for real-time traffic – avoid re-inventing common features 

• Timing, sequencing, loss tolerance 

• Enable future transport optimisations for real-time 
• Differential congestion control 

• Scheduling, deadlines, and partial reliability 

• Media codec support is application specific and not be part of QUIC

!13

>75% of Internet traffic is real-time data – design the transport to support it
Source: Cisco Visual Networking Index 2018 
https://www.cisco.com/c/en/us/solutions/collateral/service-provider/visual-networking-index-vni/white-paper-c11-741490.html
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• QUIC has extensive support for HTTP-
based applications 

• Easily extended to support low-latency 
real-time applications 

• We’re moving beyond TCP – let’s also 
move beyond UDP for real-time

Conclusions
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