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Content Splicing for RTP Sessions
Abst r act

Content splicing is a process that replaces the content of a main
mul timedia streamwith other multinmedia content and delivers the
substitutive nultinedia content to the receivers for a period of
time. Splicing is conmmonly used for insertion of |oca
advertisenents by cabl e operators, whereby national advertisenent
content is replaced with a |ocal advertisenent.

This meno descri bes sone use cases for content splicing and a set of
requi renents for splicing content delivered by RTP. It provides
concrete guidelines for how an RTP m xer can be used to handl e
content splicing.

Status of This Menp

Thi s docunent is not an Internet Standards Track specification; it is
publ i shed for informational purposes.

Thi s docunent is a product of the Internet Engineering Task Force
(IETF). It represents the consensus of the IETF community. It has
recei ved public review and has been approved for publication by the
Internet Engineering Steering Group (IESG. Not all docunents
approved by the I ESG are a candidate for any |level of Internet

St andard; see Section 2 of RFC 5741.

I nformati on about the current status of this docunment, any errata,

and how to provide feedback on it may be obtained at
http://ww. rfc-editor.org/info/rfc6828
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1. Introduction

Thi s docunent outlines how content splicing can be used in RTP
sessions. Splicing, in general, is a process where part of a

mul tinedia content is replaced with other multinmedia content and
delivered to the receivers for a period of time. The substitutive
content can be provided, for exanple, via another streamor via |loca
nedia file storage. One representative use case for splicing is

| ocal advertisenent insertion. This allows content providers to
repl ace national advertising content with their own regiona
advertising content prior to delivering the regional advertising
content to the receivers. Besides the advertisenent insertion use
case, there are other use cases in which the splicing technol ogy can
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be applied, for exanple, splicing a recorded video into a video
conferenci ng session or inplenmenting a playlist server that stitches
pi eces of video together

Content splicing is a well-defined operation in MPEG based cable TV
systens. |ndeed, the Society for Cable Tel ecomruni cati ons Engi neers
(SCTE) has created two standards, [SCTE30] and [ SCTE35], to

st andardi ze MPE&-TS splicing procedures. SCTE 30 creates a

st andardi zed nethod for conmuni cati on between adverti sement server
and splicer, and SCTE 35 supports splicing of MPE& transport
streans.

When using nultinedia splicing into the Internet, the nmedia nmay be
transported by RTP. In this case, the original nmedia content and
substitutive media content will use the same time period but nay
contain different nunbers of RTP packets due to different media
codecs and entropy coding. This m smatch may require sone

adj ustrents of the RTP header sequence nunber to naintain

consi stency. [RFC3550] provides the tools to enable seanl ess content
splicing in RTP sessions, but to date there have been no clear

gui del i nes on how to use these tools.

This menmp outlines the requirenents for content splicing in RTP
sessions and describes how an RTP m xer can be used to neet these
requirenents.

2. System Model and Term nol ogy

In this document, the splicer, an internmediary network el enent,
handl es RTP splicing. The splicer can receive nmain content and
substitutive content sinultaneously but will send one of them at one
poi nt of tinme.

VWhen RTP splicing begins, the splicer sends the substitutive content
to the RTP receiver instead of the main content for a period of tine.
When RTP splicing ends, the splicer switches back to sending the main
content to the RTP receiver.

A sinmplified RTP splicing diagramis depicted in Figure 1, in which
only one main content flow and one substitutive content flow are
given. Actually, the splicer can handle nultiple splicing for

nmul tiple RTP sessions sinultaneously. RTP splicing nay happen nore
than once in nultiple tine slots during the lifetine of the main RTP
stream The methods by which the splicer |earns when to start and
end the splicing are out of scope for this docunent.
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Figure 1. RTP Splicing Architecture

Thi s docunent uses the follow ng termn nol ogies.

Qut put RTP Stream
The RTP streamthat the RTP receiver is currently receiving. The
content of the output of the RTP stream can be either nain content
or substitutive content.

Mai n Cont ent
The nmultinedia content that is conveyed in the main RTP stream
Main content will be replaced by the substitutive content during
spli ci ng.

Mai n RTP Stream
The RTP streamthat the splicer is receiving. The content of the
mai n RTP stream can be replaced by substitutive content for a
period of tinme.

Mai n RTP Sender

The sender of RTP packets carrying the main RTP stream
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Substitutive Content

The nultinmedia content that replaces the nmain content during
splicing. The substitutive content can, for exanple, be contained
in an RTP stream from a nedi a sender or fetched fromlocal nedia
file storage.

Substitutive RTP Stream

An RTP streamw th new content that will replace the content in
the main RTP stream The substitutive RTP stream and main RTP
streamare two separate streanms. |f the substitutive content is
provided via a substitutive RTP stream the substitutive RTP
stream must pass through the splicer before the substitutive
content is delivered to the receiver.

Substitutive RTP Sender

The sender of RTP packets carrying the substitutive RTP stream
Splicing-1n Point

A virtual point in the RTP stream suitable for substitutive

content entry, typically in the boundary between two i ndependently
decodabl e franes.

Spl i ci ng- Qut Poi nt
A virtual point in the RTP stream suitable for substitutive
content exit, typically in the boundary between two independently
decodabl e franes.

Splicer

An internediary node that inserts substitutive content into a main
RTP stream The splicer sends substitutive content to the RTP
receiver instead of main content during splicing. It is also
responsi bl e for processing RTP Control Protocol (RTCP) traffic

bet ween t he RTP sender and the RTP receiver.
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3.

X a

Requirenents for RTP Splicing

In order to all ow seam ess content splicing at the RTP | ayer, the
followi ng requirements rmust be met. Meeting these will also allow,
but not require, seam ess content splicing at |ayers above RTP

REQ 1:

The splicer should be agnostic about the network and
transport-layer protocols used to deliver the RTP streans.

REQ 2
The splicing operation at the RTP | ayer nust allow splicing at any
poi nt required by the nmedia content and must not constrain when
splicing-in or splicing-out operations can take pl ace.

REQ 3
Splicing of RTP content must be backward conpatible with the

RTP/ RTCP protocol, associated profiles, payload formats, and
ext ensi ons.

REQ 4:
The splicer will nmodify the content of RTP packets and thus break
the end-to-end security, at a mininum breaking the data integrity
and source authentication. |If the splicer is designated to insert
substitutive content, it nust be trusted, i.e., be in the security
context(s) with the nain RTP sender, the substitutive RTP sender
and the receivers. |If encryption is enployed, the splicer

conmonly nust decrypt the i nbound RTP packets and re-encrypt the
out bound RTP packets after splicing.

REQ 5:

The splicer should rewite as necessary and forward RTCP nessages
(e.g., including packet loss, jitter, etc.) sent froma downstream
receiver to the main RTP sender or the substitutive RTP sender

and thus allow the main RTP sender or substitutive RTP sender to

| earn the performance of the downstream receiver when its content
is being passed to an RTP receiver. |In addition, the splicer
should rewite RTCP nessages fromthe main RTP sender or
substitutive RTP sender to the receiver.
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4.

4.

REQ- 6:

The splicer nust not affect other RTP sessions running between the
RTP sender and the RTP receiver and nust be transparent for the
RTP sessions it does not splice.

REQ 7:

The RTP receiver should not be able to detect any splicing points
in the RTP stream produced by the splicer on the RTP protoco

| evel . For the advertisenent insertion use case, it is inportant
to make it difficult for the RTP receiver to detect where an
advertisenent insertion is starting or ending fromthe RTP
packets, and thus avoiding the RTP receiver fromfiltering out the
advertisenment content. This nmenp only focuses on naking the
splicing undetectable at the RTP layer. The correspondi ng
processing is depicted in Section 4.5.

Content Splicing for RTP Sessions

The RTP specification [ RFC3550] defines two types of m ddl eboxes: RTP
translators and RTP mixers. Splicing is best viewed as a nixing
operation. The splicer generates a new RTP streamthat is a m x of
the main RTP stream and the substitutive RTP stream An RTP m xer is
therefore an appropriate nodel for a content splicer. In the next
four subsections (from Section 4.1 to Section 4.4), the docunent

anal yzes how the m xer handl es RTP splicing and how it satisfies the
general requirenents listed in Section 3. In Section 4.5, the
docunent | ooks at REQ 7 in order to hide the fact that splicing takes
pl ace.

1. RTP Processing in RTP M xer

A splicer could be inplenented as a mxer that receives the main RTP
stream and the substitutive content (possibly via a substitutive RTP
stream, and sends a single output RTP streamto the receiver(s).
That output RTP streamw ||l contain either the main content or the
substitutive content. The output RTP streamwill conme fromthe m xer
and wi Il have the synchroni zati on source (SSRC) of the m xer rather
than the main RTP sender or the substitutive RTP sender

The m xer uses its own SSRC, sequence nunber space, and tim ng nodel
when generating the output stream Moreover, the m xer may insert
the SSRC of the main RTP streaminto the contributing source (CSRC)
l[ist in the output nmedia stream
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At the splicing-in point, when the substitutive content becones
active, the m xer chooses the substitutive RTP stream as the input
stream and extracts the payload data (i.e., substitutive content).

If the substitutive content comes fromlocal nedia file storage, the
m xer directly fetches the substitutive content. After that, the

m xer encapsul ates substitutive content instead of main content as
the payl oad of the output nedia stream and then sends the output RTP
nedia streamto the receiver. The mixer may insert the SSRC of the
substitutive RTP streaminto the CSRC list in the output media
stream |If the substitutive content comes fromlocal media file
storage, the mxer should |l eave the CSRC |list bl ank

At the splicing-out point, when the substitutive content ends, the
m xer retrieves the main RTP stream as the input streamand extracts
the payload data (i.e., nain content). After that, the m xer
encapsul ates main content instead of substitutive content as the
payl oad of the output nmedia stream and then sends the output media
streamto the receivers. Mreover, the m xer may insert the SSRC of
the main RTP streaminto the CSRC |ist in the output nedia stream as
bef ore.

Note that if the content is too large to fit into RTP packets sent to
the RTP receiver, the m xer needs to transcode or perform
application-layer fragnentation. Usually the m xer is deployed as
part of a nanaged system and MIU will be carefully managed by this
system This docunent does not raise any new MIU rel ated i ssues
conpared to a standard ni xer described in [ RFC3550].

Splicing may occur nore than once during the lifetine of the main RTP
stream This neans the m xer needs to send main content and
substitutive content in turn with its own SSRC identifier. From
recei ver point of view, the only source of the output streamis the

m xer regardl ess of where the content is conming from

4.2. RTCP Processing in RTP M xer

By nonitoring avail abl e bandwi dth and buffer |evels and by conputing
network netrics such as packet |oss, network jitter, and delay, an
RTP receiver can learn the network performance and comruni cate this
to the RTP sender via RTCP reception reports.

According to the description in Section 7.3 of [RFC3550], the m xer
splits the RTCP fl ow between the sender and receiver into two
separate RTCP | oops; the RTP sender has no idea about the situation
on the receiver. But splicing is a process where the nixer selects
one nedia streamfrommultiple streans rather than m xing them so
the m xer can leave the SSRC identifier in the RTCP report intact
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(i.e., the SSRC of the downstreamreceiver). This enables the main
RTP sender or the substitutive RTP sender to learn the situation on
the receiver.

If the RTCP report corresponds to a time interval that is entirely
main content or entirely substitutive content, the nunber of output
RTP packets containing substitutive content is equal to the nunber of
i nput substitutive RTP packets (fromthe substitutive RTP stream
during splicing. |In the same nmanner, the nunber of output RTP
packets containing main content is equal to the nunmber of input main
RTP packets (fromthe main RTP strean) during non-splicing unless the
m xer fragnents the input RTP packets. This nmeans that the m xer
does not need to nodify the | oss packet fields in reception report

bl ocks in RTCP reports. But, if the mixer fragments the input RTP
packets, it may need to nodify the | oss packet fields to conpensate
for the fragmentation. Wether the input RTP packets are fragmented
or not, the mxer still needs to change the SSRC field in the report
bl ock to the SSRC identifier of the main RTP sender or the
substitutive RTP sender and rewrite the extended hi ghest sequence
nunber field to the correspondi ng original extended hi ghest sequence
nunber before forwarding the RTCP report to the main RTP sender or
the substitutive RTP sender

If the RTCP report spans the splicing-in point or the splicing-out
point, it reflects the characteristics of the conbination of main RTP
packets and substitutive RTP packets. In this case, the m xer needs
to divide the RTCP report into two separate RTCP reports and send
themto their original RTP senders, respectively. For each RTCP
report, the mxer also needs to make the correspondi ng changes to the
packet loss fields in the report block besides the SSRC field and the
ext ended hi ghest sequence nunber field.

If the mixer receives an RTCP extended report (XR) block, it should
rewite the XR report block in a simlar way to the reception report
bl ock in the RTCP report.

Besi des forwarding the RTCP reports sent fromthe RTP receiver, the
m xer can al so generate its own RTCP reports to informthe main RTP
sender, or the substitutive RTP sender, of the reception quality of
content not sent to the RTP receiver when it reaches the m xer

These RTCP reports use the SSRC of the mixer. |If the substitutive
content comes fromlocal nedia file storage, the m xer does not need
to generate RTCP reports for the substitutive stream
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Based on the above RTCP operating nechani sm the RTP sender whose
content is being passed to a receiver will see the reception quality
of its streamas received by the nixer and the reception quality of
the spliced stream as received by the receiver. The RTP sender whose
content is not being passed to a receiver will only see the reception
quality of its streamas received by the m xer

The mi xer nmust forward RTCP source description (SDES) and BYE packets
fromthe receiver to the sender and may forward themin inverse
direction as defined in Section 7.3 of [RFC3550].

Once the mixer receives an RTP/ Audi o-Visual Profile with Feedback
(AVPF) [ RFC4585] transport-layer feedback packet, it nmust handle it
carefully, as the feedback packet may contain the information of the
content that cones fromdifferent RTP senders. |In this case, the

m xer needs to divide the feedback packet into two separate feedback
packets and process the information in the feedback contro
information (FCl) in the two feedback packets, just as in the RTCP
report process described above.

If the substitutive content comes fromlocal nedia file storage
(i.e., the mxer can be regarded as the substitutive RTP sender), any
RTCP packets received fromdownstreamrel ated to the substitutive
content nust be terminated on the m xer without any further
processi ng.

4.3. Considerations for Handling Media Cipping at the RTP Layer

This section provides informative guidelines on how to handle medi a
substitution at the RTP layer to mnimze nmedia inpact. Dealing well
with the nmedia substitution at the RTP | ayer is necessary for quality
i mpl enentations. To perfectly erase any nedia i npact needs nore
consi derations at the higher layers. How the nedia substitution is
erased at the higher layers is outside of the scope of this meno.

If the time duration for any substitutive content mi smatches, i.e.
shorter or longer than the duration of the nain content to be

repl aced, then nedi a degradati ons may occur at the splicing point and
thus inpact the user’s experience.

If the substitutive content has shorter duration fromthe main
content, then there could be a gap in the output RTP stream The RTP
sequence nunber will be contiguous across this gap, but there will be
an unexpected junmp in the RTP timestanp. Such a gap woul d cause the
receiver to have nothing to play. This may be unavoi dabl e, unless
the m xer can adjusts the splice in or splice out point to
conpensate. This assunmes the splicing mxer can send nore of the
main RTP streamin place of the shorter substitutive streamor vary

Xi a I nf or mati onal [ Page 10]



RFC 6828 RTP Splicing January 2013

the length of the substitutive content. It is the responsibility of
t he higher-layer protocols and the nedia providers to ensure that the
substitutive content is of very simlar duration as the nmain content
to be repl aced.

If the substitute content has | onger duration than the reserved gap
duration, there will be an overlap between the substitutive RTP
stream and the main RTP stream at the splicing-out point. A
straightforward approach is that the m xer performs an ungracefu
action and term nates the splicing and switches back to the main RTP
streameven if this may cause nedia stuttering on the receiver.

Al ternatively, the m xer may transcode the substitutive content to
play at a faster rate than normal, to adjust it to the I ength of the
gap in the main content and generate a new RTP stream for the
transcoded content. This is a conplex operation and very specific to
the content and nedia codec used. Additional approaches exist; these
types of issues should be taken into account in both m xer

i npl enentors and nmedi a generators to enabl e snooth substitutions.

4.4. Congestion Control Considerations

If the substitutive content has sonmewhat different characteristics
fromthe main content it replaces, or if the substitutive content is
encoded with a different codec or has different encoding bitrate, it
m ght overload the network and m ght cause network congestion on the
pat h between the m xer and the RTP receiver(s) that woul d not have
been caused by the main content.

To be robust to network congestion and packet |oss, a mxer that is
perform ng splicing nmust continuously nmonitor the status of a
downstream network by nonitoring any of the following RTCP reports
that are used:

1. RITCP receiver reports indicate packet |oss [ RFC3550].

2. RTCP NACKs for |ost packet recovery [RFC4585].

3. RITCP Explicit Congestion Notification (ECN) Feedback information
[ RFC6679] .
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Once the m xer detects congestion on its downstreamlink, it wll
treat these reports as foll ows:

1. If the mxer receives the RTCP receiver reports with packet |oss
indication, it will forward the reports to the substitutive RTP
sender or the main RTP sender as described in Section 4.2.

2. If mxer receives the RTCP NACK packets defined in [ RFC4585] from
the RTP receiver for packet |oss recovery, it first identifies
the content category of |ost packets to which the NACK
corresponds. Then, the mxer will generate new RTCP NACKs for
the | ost packets with its own SSRC and nmake correspondi ng changes
to their sequence nunbers to natch original, pre-spliced,

packets. |If the lost substitutive content conmes fromlocal nedia
file storage, the mixer acting as the substitutive RTP sender
will directly fetch the lost substitutive content and retransmt

it to the RTP receiver. The m xer may buffer the sent RTP
packets and do the retransni ssion

It is sonewhat conplex that the | ost packets requested in a
singl e RTCP NACK nmessage not only contain the main content but
al so the substitutive content. To address this, the m xer nust
di vide the RTCP NACK packet into two separate RTCP NACK packets:
one requests for the lost main content, and another requests for
the | ost substitutive content.

3. If an ECN-aware m xer receives RTCP ECN feedback (RTCP ECN
f eedback packets or RTCP XR summary reports) defined in [ RFC6679]
fromthe RTP receiver, it nmust process themin a simlar way to
the RTP/ AVPF feedback packet or RTCP XR process described in
Section 4.2 of this menv.

These three nethods require the nmixer to run a congestion contro

| oop and bitrate adaptati on between itself and the RTP receiver. The
m xer can thin or transcode the main RTP streamor the substitutive
RTP stream but such operations are very inefficient and difficult,
and they also bring undesirable delay. Fortunately, as noted in this
nmeno, the m xer acting as a splicer can rewite the RTCP packets sent
fromthe RTP receiver and forward themto the RTP sender, thus
letting the RTP sender knows that congestion is being experienced on
the path between the m xer and the RTP receiver. Then, the RTP
sender applies its congestion control algorithmand reduces the nedia
bitrate to a value that is in conpliance with congestion contro
principles for the slowest link. The congestion control algorithm
may be a TCP-friendly bitrate adaptation algorithmspecified in

[ RFC5348] or a Datagram Congestion Control Protocol (DCCP) congestion
control algorithmdefined in [ RFC5762].
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If the substitutive content comes fromlocal nedia file storage, the
m xer nmust directly reduce the bitrate as if it were the substitutive
RTP sender

From t he above analysis, to reduce the risk of congestion and

mai ntai n the bandw dth consunption stable over tine, the substitutive
RTP streamis reconmended to be encoded at an appropriate bitrate to
match that of the main RTP stream |If the substitutive RTP stream
comes fromthe substitutive RTP sender, this sender should have sone
know edge about the nedia encoding bitrate of the main content in
advance. Acquiring such know edge is out of scope in this docunent.

4.5. Considerations for |nplenenting Undetectable Splicing

If it is desirable to prevent receivers fromdetecting that splicing
is occurring at the RTP | ayer, the m xer must not include a CSRC |i st
i n outgoing RTP packets and nust not forward RTCP messages fromthe
main RTP sender or fromthe substitutive RTP sender. Due to the
absence of a CSRC list in the output RTP stream the RTP receiver
only initiates SDES, BYE, and Application-specific functions (APP)
packets to the m xer w thout any know edge of the main RTP sender and
the substitutive RTP sender

The CSRC list identifies the contributing sources; these SSRC
identifiers of contributing sources are kept globally unique for each
RTP session. The uniqueness of the SSRC identifier is used to
resol ve collisions and to detect RTP-Ievel forwarding |oops as
defined in Section 8.2 of [RFC3550]. A danger that | oops involving
those contributing sources will not be detected will be created by
the absence of a CSRC list in this case. The |oops could occur if
either the mxer is msconfigured to forma | oop or a second

m xer/transl ator is added, causing packets to |oop back to upstream
of the original mixer. An undetected RTP packet loop is a serious
deni al -of -service threat, which can consune all avail abl e bandw dth
or mxer processing resources until the |ooped packets are dropped as
a result of congestion. So, non-RTP neans nust be used to detect and
resolve loops if the m xer does not add a CSRC |ist.

5. Inplenentation Considerations
VWhen the m xer is used to handle RTP splicing, the RTP receiver does

not need any RTP/ RTCP extension for splicing. As a trade-off,
addi ti onal overhead could be i nduced on the m xer, which uses its own

sequence nunber space and timng nodel. So the mxer will rewite
the RTP sequence nunber and timestanp, whatever splicing is active or
not, and generate RTCP flows for both sides. In case the m xer

serves multiple main RTP streans sinultaneously, this may lead to
nore overhead on the m xer.
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I f an undetectable splicing requirenment is required, the CSRC list is
not included in the outgoing RTP packet; this brings a potentia
issue with | oop detection as briefly described in Section 4.5.

6. Security Considerations

The splicing application is subject to the general security
consi derations of the RTP specification [ RFC3550].

The mi xer acting as splicer replaces some content with other content
in RTP packets, thus breaking any RTP-level end-to-end security, such
as integrity protection and source authentication. Thus, any
RTP-1evel or outside security mechanism such as | Psec [ RFC4301] or
Dat agram Transport Layer Security [RFC6347], will use a security
associ ati on between the splicer and the receiver. Wen using the
Secure Real -Time Transport Protocol (SRTP) [RFC3711], the splicer
could be provisioned with the same security association as the main
RTP sender. Using a limtation in the SRTP security services
regardi ng source authentication, the splicer can nodify and
re-protect the RTP packets w thout enabling the receiver to detect if
the data conmes fromthe original source or fromthe splicer

Security goals to have source authentication all the way fromthe RTP
mai n sender to the receiver through the splicer is not possible with
splicing and any existing solutions. A new solution can
theoretically be devel oped that enables identifying the participating
entities and what each provides, i.e., the different nedia sources,
mai n and substituting, and the splicer providing the RTP-I|eve

i ntegration of the media payloads in a conmmon tineline and
synchroni zati on context. Such a solution would obviously not neet
REQ 7 and will be detectable on the RTP | evel

The nature of this RTP service offered by a network operator

enpl oying a content splicer is that the RTP-layer security

rel ati onship is between the receiver and the splicer, and between the
sender and the splicer, but is not end-to-end between the receiver
and the sender. This appears to invalidate the undetectability goal
but in the common case, the receiver will consider the splicer as the
mai n medi a source.

Sone RTP depl oynents use RTP payl oad security nechanisns (e.g.

| SMACryp [ISMACryp]). |If any payload internal security mechani sns
are used, only the RTP sender and the RTP receiver establish that
security context, in which case any niddl ebox (e.g., splicer) between
the RTP sender and the RTP receiver will not get such keying
material. This may inpact the splicer’s ability to perform splicing
if it is dependent on RTP payl oad-level hints for finding the splice
in and out points. However, other potential solutions exist to
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8.

8. 1.

8. 2.

X a

specify or mark where the splicing points exist in the nedia streans.
When using RTP payl oad security nechani sns, SRTP or other security
mechani sns at RTP or |ower |layers can be used to provide integrity
and source authentication between the splicer and the RTP receiver.
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Appendi x A. Wiy M xer |s Chosen

Both a translator and mixer can realize splicing by changing a set of
RTP paraneters.

A translator has no SSRC, hence it is transparent to the RTP sender
and receiver. Therefore, the RTP sender sees the full path to the
receiver when the translator is passing its content. Wen a
translator inserts the substitutive content, the RTP sender could get
a report on the path up to the translator itself. Additionally, if
splicing does not occur yet, the translator does not need to rewite
the RTP header, and the overhead on the translator can be avoided.

If a mxer is used to do splicing, it can also allow the RTP sender
to learn the situation of its content on the receiver or on the mixer
just like the translator does, which is specified in Section 4. 2.
Conpared to the translator, the mxer’s outstanding benefit is that
it is pretty straightforward to do with RTCP nessages, for exanple,
bit-rate adaptation to handl e varying network conditions. But the
transl ator needs nore considerations, and its inplenmentation is nore
conpl ex.

From t he above anal ysis, both the translator and m xer have their own
advant ages: | ess overhead or less conplexity on handling RTCP. After
| ong and sophisticated di scussions, the avtext WG nenbers deci ded
that they prefer less conplexity rather than | ess overhead and are
inclined to choose a nixer to do splicing.

If one chooses a m xer as splicer, the overhead on the m xer nust be
taken into account even if the splicing has not occurred yet.
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