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Abst r act

Thi s docunment describes an RTP header extension that can be used to
carry information about the capture tine of a video frame / audio
sampl e, and include information that allows the capture tinme to be
estimted by the receiver when the frane may have passed over
mul ti pl e hops before reaching the receiver

About Thi's Documnent
This note is to be renmoved before publishing as an RFC

The | atest revision of this draft can be found at https://ietf-wg-
avtcore.github.io/id-abs-capture-tinestanp/draft-ietf-avtcore-abs-
capture-tinmestanmp. htm. Status information for this docunment may be
found at https://datatracker.ietf.org/doc/draft-ietf-avtcore-abs-
capture-time/.

Di scussi on of this docunent takes place on the Audio/Video Transport
Core Mai ntenance Wirking Goup nailing list (nmailto:avt@etf.orqg),
which is archived at https://mailarchive.ietf.org/arch/browse/avt/.
Subscribe at https://ww.ietf.org/mailman/listinfol/avt/.

Source for this draft and an issue tracker can be found at
https://github. comietf-wg-avtcore/id-abs-capture-tinestanp.

Status of This Meno

This Internet-Draft is submtted in full conformance with the
provi sions of BCP 78 and BCP 79

Internet-Drafts are working docunents of the Internet Engineering
Task Force (IETF). Note that other groups nmay also distribute
wor ki ng docunments as Internet-Drafts. The list of current Internet-
Drafts is at https://datatracker.ietf.org/drafts/current/.
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Internet-Drafts are draft documents valid for a maxi num of six nonths
and may be updated, replaced, or obsol eted by other docunents at any
time. It is inappropriate to use Internet-Drafts as reference
material or to cite themother than as "work in progress."

This Internet-Draft will expire on 10 August 2025.
Copyright Notice

Copyright (c) 2025 | ETF Trust and the persons identified as the
docunent authors. Al rights reserved.

Thi s docunent is subject to BCP 78 and the | ETF Trust’'s Lega
Provisions Relating to | ETF Documents (https://trustee.ietf.org/
license-info) in effect on the date of publication of this docunent.
Pl ease revi ew these docunents carefully, as they describe your rights
and restrictions with respect to this docunent. Code Conponents
extracted fromthis docunment nust include Revised BSD License text as
described in Section 4.e of the Trust Legal Provisions and are

provi ded without warranty as described in the Revised BSD License.
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1. Introduction

VWhen dealing with separate nedia streanms originating froma single
source, it is often desirable to present these in such a fashion that
medi a generated at the sane tine is presented at the sane tine; the
most well known formof this (between an audi o stream and a vi deo
stream is called "lip-sync".

In a sinple setup with one source system a single network hop and
one destination system this is usually done by lining up RTP

ti mestanps. However, when nultiple hops and nultiple systens are

i nvol ved, this task beconmes nore difficult; in particular, when one
desires to synchronize nmedia frommultiple sources wth independent
cl ocks, where the nmedia may have travel ed over multiple network hops
bet ween the source and destination

This nmeno descri bes one nechanismfor providing information to nmake
such synchroni zati on possi bl e.

2. Conventions and Definitions

The key words "MJST", "MJST NOT*, "REQU RED', "SHALL", "SHALL NOT",
"SHOULD', "SHOULD NOT", "RECOMVENDED', "NOT RECOMMVENDED', "MAY", and
"OPTIONAL" in this docunent are to be interpreted as described in
BCP 14 [ RFC2119] [RFCB174] when, and only when, they appear in all
capital s, as shown here

3. Applicability

The Absolute Capture Tinme extension is used to stanp RTP packets with
a NTP tinmestanp showi ng when the first audio or video frame in a
packet was originally captured.

Together with a round-trip-tinme estimate at the last hop, this
extension allows a receiver to estimate the offset between its own
clock and the capturer’s clock, thus providing a way to translate the
capture timestanp into atine inits own clock.

One usage of this functionality is to provide a way to acconplish
audi o-t o-vi deo synchroni zati on when RTCP-terminating internediate
systens (e.g. mxers) are involved.

Anot her usage is to provide statistics on sender-to-recipient delay

in applications with multiple RTP hops w thout requiring clocks to be
synchroni zed.
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In the terninology of [RFC7667], the applicable scenarios are those
where RTP is term nated at an internmedi ate system Selective
Forwar di ng M ddl ebox (3.7) and Point to Miltipoint using RTCP-

term nating MCU (3.9)

O her scenarios such as the Media-Switching Mxer (3.6.2) nmay be
applicable if RTP header rewiting is applied, so that per-hop
information is isolated to the hop it is destined for

Mul ticast scenarios are out of scope.
4. Absolute Capture Tine

*Nane: * "Absol ute Capture Tinme"; "RTP Header Extension for Absolute
Capture Tine"

*Formal nane:* http://ww. webrtc. org/experinents/rtp-hdrext/abs-
capture-time (http://ww. webrtc. org/experinments/rtp-hdrext/abs-
capture-tine)

*Status:* This extension is defined here to allow for
experinmentation. Experience with the experinment has shown that it is
useful; this draft therefore presents it to the | ETF for

consi deration of whether to standardize it or leave it as a
proprietary extension.

4.1. RTP header extension format
4.1.1. Data |layout overview

Data | ayout of the shortened version of abs-capture-tinme with a
1-byte header + 8 bytes of data:

0 1 2 3
01234567890123456789012345678901

T S i o I R S S i it et EIE S R R S S e i i e e s
| ID | len=7 | absolute capture tinestanp (bit 0-23) |
R ik ol S e e S T ik ol i T S e S S e i ik it S RIS R e
| absolute capture tinestanp (bit 24-55) |
I R s e T S e e S S R S e S S e i i it S SR SR R S R e
| (56-63) |

e o

Data | ayout of the extended version of abs-capture-time with a 1-byte
header + 16 bytes of data:
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4.

1.

0 1 2 3
01234567890123456789012345678901
i T o T i e S S S i S e S
I | | en=15| absol ute capture tinestanp (bit 0-23) |
i I T e e e ik i o S S S S R ok

O +

+
+

+

+-
I

+-

| absol ute capture tinestanp (bit 24-55) |
I e I S R T S i S S ek
| ... (56-63) | estimated capture clock offset (bit 0-23) |
B i s T T i i o S o T Ji I
| estimated capture clock offset (bit 24-55) |
i I i S s S S A S
| (56-63) |

S S N R S

2. Data layout details

4.1.2.1. Absolute capture tinestanp

Absol ute capture tinestanp is the NTP tinestanp of when the first
franme in a packet was originally captured. This timestanmp MJST be
based on the sane clock as the clock used to generate NTP timestanps
for RTCP sender reports on the capture system

It’s not always possible to do an NTP clock readout at the exact
monent of when a nedia frame is captured. A capture system MAY

post pone the readout until a nmore convenient time. A capture system
SHOULD have known del ays (e.g. from hardware buffers) subtracted from
the readout to make the final tinmestanp as close to the actual
capture tinme as possible.

This field is encoded as a 64-bit unsigned fixed-point nunmber with
the high 32 bits for the tinmestanp in seconds and |ow 32 bits for the
fractional part. This is also known as the U®B2.32 format and is
what the RTP specification defines as the canonical format to
represent NTP tinestanps.

4.1.2.2. Estinmated capture cl ock offset

Estimated capture clock offset is the sender’s estimate of the offset
between its own NTP cl ock and the capture systemis NTP clock. The
sender is here defined as the systemthat owns the NTP clock used to
generate the NTP tinestanps for the RTCP sender reports on this
stream The sender systemis typically either the capture system or
a m xer.

Al vestrand Expi res 10 August 2025 [ Page 5]



I nternet-Draft Abs capture tinestanp February 2025

This field is encoded as a 64-bit twd' s conpl enent *signed* fixed-
poi nt number with the high 32 bits for the seconds and | ow 32 bits
for the fractional part. |It’'s intended to make it easy for a
recei ver, that knows how to estimate the sender system s NTP cl ock
to also estimate the capture system s NTP cl ock

Capture NTP O ock = Sender NTP C ock + Capture O ock Ofset

If the estimated capture clock offset is not present (short format),
it means that the sending system does not have enough data to conpute
a clock offset.

4.2. Details of operation
4.2.1. Capture system

The capture system generates the tinestanp as close as possible to
the true capture tinme. This may involve subtracting known del ays in
the capture pipeline fromthe tine at which the systemclock is read.

The capture tine SHOULD be fromthe sane clock as used to generate
the NTP tinmestanp in RTP Sender Reports (SR) ([ RFC3550] section
6.4.1), and indicate this by setting the "estimted capture clock

of fset" to zero; if this is not possible, the "estinmated capture
clock offset" MUST indicate the offset between the clock used for the
capture timestanmp and the clock used for RTP Sender Reports

When the nmedia is not captured in real tinme, such as when sending
stored nmedi a, the sender can choose any reasonable start tine; in
that case, the offset between the chosen start tinme and the NTP cl ock
of the sender system MJUST be encoded into the "offset" value of the
ext ensi on.

The "capture" tinmestanp shoul d then advance according to the natura
progression of the nedia; if this deviates fromthe NTP clock of the
sender system such as on a reader stall, this change SHOULD be
reflected in the "of fset" val ue.

4.2.2. Internedi ate systens

An internediate system MAY conpute the outgoing capture clock offset
as foll ows:

* Start with the "estimated capture clock offset” fromthe incomn ng
packet

* Add the estimated offset between the sender’s NTP clock and the
intermedi ate’s NTP clock (see Section 4.3)
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This should give a reasonable estinmate of the offset between the
capture systemi s clock and the NTP timestanps sent in SR bl ocks by
the intermedi ate system

An internediate system (e.g. m xer) MAY adjust these tinestanps as
needed. |t MAY also choose to rewite the tinmestanps conpletely,
using its own NTP clock as reference clock, if it wants to present
itself as a capture systemfor A/ V-sync purposes.

4.2.3. End systens

A receiver can use the sane algorithmas internediate systens in
order to conpute the approximate tine in the receiver’'s NIP clock at
whi ch the packet was generated. This should be nore conparabl e

bet ween source systens with different clocks than just using the raw
ti mest anp.

A receiver MIST treat the first CSRC in the CSRC Iist of a received
packet as if it belongs to the capture system |If the CSRClist is
enpty, then the receiver MIST treat the SSRC as if it belongs to the
capture system M xers SHOULD put the nost prom nent CSRC as the
first CSRCin a packet’'s CSRC |ist.

4.3. Estimating the NTP clock of fset

The NTP cl ock offset can be calcul ated froman SR packet in the
foll owi ng way:

* Take the NTP tinmestanp fromthe SR packet

* Subtract the arrival tinme of the SR packet, in the receiver’s NTP
cl ock

* Add half the estimated RTT between the sender and the receiver
The resulting nunber should be a reasonabl e approxi mati on of the

of fset between the two clocks, with positive nunbers indicating that
the sender’s clock is running ahead, and negative nunbers indicate
that the sender’s clock is running behind.

Note that this method is sensitive to a nunber of issues:

* Cock drift means that you have to continuously nonitor and update
the of fset

* RIT variance will cause variation in offset; a snoothed val ue
shoul d be used
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* Asymmetric delays, if present, will cause biased estimates

Thi s docunment is not normati ve about how the NTP clock offset is
est i mat ed.

4.4. Tinmestanp interpolation

A sender SHOULD save bandw dth by not sending abs-capture-time with
every RTP packet. It SHOULD still send themat regular intervals
(e.g. every second) to help nitigate the inpact of clock drift and
packet |oss. M xers SHOULD al ways send abs-capture-tine with the
first RTP packet after changing capture system

A receiver SHOULD nenorize the capture system (i.e. CSRC SSRC)
capture timestanp, and RTP tinmestanp of the nmpbst recently received
abs-capture-tinme packet on each received stream It can then use
that information, in conbination with RTP tinmestanps of packets

wi t hout abs-capture-tinme, to extrapol ate missing capture tinestanps.

Ti mestanp i nterpolati on works fine as long as there’s reasonably | ow
NTP/ RTP clock drift. This is not always true. Senders that detect
"junps" between its NTP and RTP cl ock mappi ngs SHOULD send abs-
capture-tinme with the first RTP packet after such a thing happening.

4.5. Year 2036 considerations

[ RFC5905] section 6 describes how the 32-bit unsigned seconds field
shoul d be conpared to a system cl ock, expl aining how conparison of
times works correctly when the 64-bit unsigned seconds field waps in
2036 (the beginning of NTP era 1) provided proper tw' s conpl enent
arithmetic is used for subtractions.

For the purposes of this nmeno, it is sufficient to note that a
timestanp represents the closest tinmestanp in a rel evant era.

5. Security Considerations

This extension carries information that nay all ow an attacker to
identify different nmedia streans on a connection. However, this
information is already carried in the RTP SSRC, which is not
encrypted, so it is unlikely that nmuch additional information is
exposed.

6. | ANA Consi derati ons
If the WG decides that this extension should be registered as a

standardi zed extension, ANA is requested to performthe appropriate
regi stration.
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If the W5 decides that this is a private extension, the URL
http://ww. webrtc. org/ experiments/rtp-hdrext/abs-capture-time is used
to identify the extension.
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