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Abstract

Thi s docunent defines a Session Description Protocol (SDP) Transport
| ndependent Application Specific Maxi num (Tl AS) bandwi dth nodifier
that does not include transport overhead; instead an additional
packet rate attribute is defined. The transport independent bit-rate
val ue together with the maxi mum packet rate can then be used to
calculate the real bit-rate over the transport actually used.

The existing SDP bandwi dth nodifiers and their values include the
bandwi dt h needed for the transport and IP layers. \When using SDP
with protocols like the Session Announcenent Protocol (SAP), the
Session Initiation Protocol (SIP), and the Real -Tinme Stream ng
Protocol (RTSP), and when the involved hosts has different transport
overhead, for exanple due to different |IP versions, the
interpretation of what |ower |ayer bandwi dths are included is not

cl ear.

Westerl und St andards Track [ Page 1]



RFC 3890

Bandwi dt h Modifier for SDP Sept ember 2004

Tabl e of Contents

1. Introduction . . 3

1.1. The Bandmndth Attrlbute 3

1.1.1. Conference Total . . . 3

1.1.2. Application Specific NBX|nun1 3

1.1.3. RTCP Report Bandwi dth. 4

1. 2. | Pv6 and | Pv4. . . . 4
1.3. Further Mechanisns that Change the Bandmndth

Utilization. . .o 5

1.3.1. |Psec. . 5

1.3.2. Header CbnpreSS|on . 5

2. Definitions. .o Coe 6

2.1. dossary . 6

2.2. Terminology. . . . 6

3. The Bandwi dt h Slgnallng Problens . 6

3.1. What IP Version is Used. 6

3.2 Taki ng Ot her Mechanisns into Account 7

3.3 Converting Bandw dth Val ues. 8

3.4 RTCP Probl ens. .o 8

3.5. Future Devel opnent 9

3.6. Probl em Concl usi on . e e e e oo

4. Problem Scope. . . . . . . . . . . . . . . . . . . .. ... .10

5. Requirenments . . . . . . . . . . . . . . . . . . . ... ... 1

6. Solution . . . Pt

6.1. Introductlon . e

6.2. The TIAS Bandmndth Nbdlfler e

6.2.1. Usage. . . . . . . . . . . . . . . ...

6.2.2. Definition . . . . . . . . . . . . . . . ... .12

6.2.3. Usage Rules. . . . . . . . . . . . . . . . . . .13

6.3 Packet Rate Paraneter. . . .. . . . . . . 13

6.4 Converting to Transport- Dependent Values e

6.5 Deriving RTCP bandwi dth. . . T

6.5.1. Motivation for this Solutlon B <)

6.6. ABNF Definitions . . . . . . . . . . . . . . . . . . . . 16

6.7. Exanple. . . . . . . . . . . . . . . . . . . ... ... 16

7. Protocol Interaction . . . . . . . . . . . . . . . . . . . .. 17

7. 1. RTSP . . . . . . . . . . . . ..

7.2. SIP. . . . ..

7.3. SAP. . . . . T K -

8. Security CbnS|derat|ons e R

9. | ANA Considerations. . . . . . . . . . . . . . . . . . .. .. 18

10. Acknowl edgrents. . . . . . . . . . . . . . . . . . . . . ... 1

11. References . . . e )

11.1. Normative References e )

11.2. Infornmative References . . . . . . . . . . . . . . . . . 19

12. Author’s Address . . . - |

13. Full Copyri ght Statenent e e e e e s s s 22

Westerl und St andards Track [ Page 2]



RFC 3890 Bandwi dt h Modifier for SDP Sept ember 2004

1. Introduction

This specification is structured in the following way: In this
section, some information regardi ng SDP bandw dth nodi fiers, and

di fferent mechani snms that affect transport overhead are asserted. In
section 3, the problens found are described, including problens that
are not solved by this specification. |In section 4 the scope of the

probl ens this specification solves is presented. Section 5 contains
the requirenments applicable to the problem scope. Section 6 defines
the solution, which is a new bandwi dth nodi fier, and a new maxi num
packet rate attribute. Section 7 |ooks at the protocol interaction
for SIP, RTSP, and SAP. The security considerations are discussed in
section 8. The renmining sections are the necessary | ANA

consi derati ons, acknow edgenents, reference list, author’s address,
and copyright and | PR noti ces.

Today the Session Description Protocol (SDP) [1] is used in severa
types of applications. The original application is session

i nformati on and configuration for multicast sessions announced wth
Sessi on Announcenent Protocol (SAP) [5]. SDP is also a vita
conmponent in nmedia negotiation for the Session Initiation Protoco
(SIP) [6] by using the offer answer nodel [7]. The Real -Tine
Stream ng Protocol (RTSP) [8] also nakes use of SDP to declare to the
client what nedia and codec(s) conprise a nulti-nedia presentation

1.1. The Bandwidth Attribute
In SDP [1] there exists a bandwidth attribute, which has a nodifier
used to specify what type of bit-rate the value refers to. The
attribute has the following form
b=<nodi fi er>: <val ue>
Today there are four defined nodifiers used for different purposes.
1.1.1. Conference Tot al
The Conference Total is indicated by giving the nodifier "CT"
Conference total gives a nmaxi mum bandwi dth that a conference session
will use. Its purpose is to decide if this session can co-exist with
any ot her sessions, defined in RFC 2327 [1].
1.1.2. Application Specific Maxi nrum
The Application Specific nmaxi num bandwi dth is indicated by the
nmodi fier "AS'. The interpretation of this attribute is dependent on

the application’s notion of maxi num bandwi dth. For an RTP
application, this attribute is the RTP session bandw dth as defi ned
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in RFC 3550 [4]. The session bandw dth includes the bandw dth that
the RTP data traffic will consunme, including the [ower |ayers, down
to the IP layer. Therefore, the bandwidth is in nost cases
cal cul ated over RTP payl oad, RTP header, UDP, and IP, defined in RFC
2327 [1].

1.1.3. RTCP Report Bandwi dth

In RFC 3556 [9], two bandwi dth nodifiers are defined. These

nmodi fiers, "RS'" and "RR', define the anpunt of bandwi dth that is
assigned for RTCP reports by active data senders and RTCP reports by
other participants (receivers), respectively.

1.2. IPv6 and I Pv4

Today there are two I P versions, 4 [14] and 6 [13], used in parallel
on the Internet, creating problens. However, there exist a nunber of
possi bl e transiti on nechani sns.

- The nodes which wish to comuni cate nust share the I P version
typically this is done by depl oyi ng dual -stack nodes. For
exanpl e, an IPv4 only host cannot communicate with an IPv6 only
host .

- | f comunication between nodes which do not share a protoco
version is required, use of a translation or proxying nmechani sm
woul d be required. Wirk is underway to specify such a nmechani sm
for this purpose.

I
I
| =--------- | -] Translator |-| ----------
| | Server A | | or proxy | | | dient B |

I

Figure 1. Translation or proxying between | Pv6 and | Pv4 addresses.

- |1 Pv6 nodes belonging to different domains running | Pv6, but

| acki ng 1 Pv6 connectivity between them solve this by tunneling
over the IPv4 net, see Figure 2. Basically, the I Pv6 packets are
sent as payload in | Pv4 packets between the tunneling end-points
at the edge of each | Pv6 domain. The bandwi dth required over the
| Pv4 domain will be different fromIPv6 donmains. However, as the
tunneling is normally not perforned by the application end-point,
this scenario can not usually be taken into consideration
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Figure 2. Tunneling through a | Pv4 domain

| Pv4 has a mini mum header size of 20 bytes, while the fixed part of
the 1 Pv6 header is 40 bytes.

The difference in header sizes nmeans that the bit-rate required for
the two IP versions is different. The significance of the difference
depends on the packet rate and payl oad size of each packet.

1.3. Further Mechani snms that Change the Bandwi dth Utilization

There exi st a nunber of other mechani snms that al so may change the
overhead at | ayers below nedia transport. W will briefly cover a
few of these here.

1.3.1. | Psec

| Psec [19] can be used between end points to provide confidentiality
through the application of the | P Encapsul ating Security Payl oad
(ESP) [21] or integrity protection using the |IP Authentication Header
(AH) [20] of the nedia stream The addition of the ESP and AH
headers increases each packet’'s size

To provide virtual private networks, conplete |IP packets nmay be
encapsul at ed between an end node and the private networks security
gateway, thus providing a secure tunnel that ensures confidentiality,
integrity, and authentication of the packet stream |In this case,
the extra | P and ESP header will significantly increase the packet

si ze.

1.3.2. Header Conpression

Anot her nechanismthat alters the actual overhead over links is
header conpression. Header conpression uses the fact that nost
networ k protocol headers have either static or predictable values in
their fields within a packet stream Conpression is normally only
done on a per hop basis, i.e., on a single link. The normal reason
for doing header conpression is that the link has fairly limted
bandwi dth and significant gain in throughput is achieved.
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2.

2.

3.

There exi st several different header conpression standards. For
conpressing | P headers only, there is RFC 2507 [10]. For conpressing
packets with | P/ UDP/ RTP headers, CRTP [11] was created at the same
time. More recently, the Robust Header Conpression (ROHC) wor ki ng
group has been devel oping a framework and profiles [12] for
conpressing certain conbinations of protocols, like | P/UDP, and

| P/ UDP/ RTP.

Definitions
1. dossary

ALG - Application Level Gateway.

bps - bits per second.

RTSP - Real -Tinme Streaning Protocol, see [8].
SDP - Session Description Protocol, see [1].
SAP - Session Announcenent Protocol, see [5].
SIP - Session Initiation Protocol, see [6].

TIAS - Transport | ndependent Application Specific naxi num a
bandwi dt h nodifier.

2. Term nol ogy

The key words "MJST", "MJST NOT", "REQU RED', "SHALL", "SHALL NOT",
"SHOULD', "SHOULD NOT", "RECOMMENDED', "MAY", and "OPTIONAL" in this
document are to be interpreted as described in BCP 14, RFC 2119 [3].

The Bandwi dth Si gnali ng Probl ens

When an application wants to use SDP to signal the bandw dth required
for this application, sone problens becone evident due to the
inclusion of the lower layers in the bandw dth val ues.

1. Wat IP Version is Used

If one signals the bandwidth in SDP, for exanple, using "b=AS:" as an
RTP based application, one cannot know if the overhead is cal cul ated
for 1Pv4 or IPv6. An indication of which protocol has been used when
calculating the bandwi dth values is given by the "c=" connection
address line. This line contains either a nulticast group address or
a uni cast address of the data source or sink. The "c=" line's
address type nmay be assuned to be of the sane type as the one used in
t he bandwi dth cal cul ati on, although no document specifying this point
seens to exist.

In cases of SDP transported by RTSP, this is even less clear. The
normal usage for a unicast on-demand streami ng session is to set the
connection data address to a null address. This null address does
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3. 2.

Wes

have an address type, which could be used as an indication. However,
this is also not clarified anywhere.

Figure 1, illustrates a connection scenario between a strean ng
server A and a client B over a translator. Wen B receives the SDP
fromA over RTSP, it will be very difficult for B to know what the
bandwi dth values in the SDP represent. The followi ng possibilities
exi st :

1. The SDP is unchanged and the "c=" null address is of type |Pv4.
The bandwi dth val ue represents the bandw dth needed in an | Pv4
net wor K.

2. The SDP has been changed by an Application Level Gateway (ALG.
The "c=" address is changed to an IPv6 type. The bandw dth val ue
i s unchanged.

3. The SDP is changed and both "c=" address type and bandw dth val ue
is converted. Unfortunately, this can sel dom be done, see 3.3.

In case 1, the client can understand that the server is located in an
| Pv4 network and that it uses |Pv4 overhead when cal cul ating the
bandw dt h value. The client can al nbst never convert the bandw dth
val ue, see section 3.3.

In case 2, the client does not know that the server is in an | Pv4
network and that the bandwi dth value is not calculated with | Pv6
over head. In cases where a client uses this value to determne if
its end of the network has sufficient resources the client wll
underestimate the required bit-rate, potentially resulting in bad
appl i cation perfornmance.

In case 3, everything works correctly. However, this case will be
very rare. |If one tries to convert the bandw dth val ue w thout
further information about the packet rate, significant errors may be
introduced into the val ue.

Taki ng Ot her Mechani sns into Account
Section 1.2 and 1.3 lists a nunber of reasons, |ike header
conpression and tunnels, that would change | ower |ayer header sizes.

For these nechanisns there exist different possibilities to take them
into account.
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Using | Psec directly between end-points should definitely be known to
the application, thus enabling it to take the extra headers into
account. However the same problemalso exists with the current SDP
bandwi dt h nodifiers where a receiver is not able to convert these

val ues taking the | Psec headers into account.

It is less likely that an application would be aware of the existence
of a virtual private network. Thus the generality of the nechani sm
to tunnel all traffic nmay prevent the application fromeven

consi dering whether it would be possible to convert the val ues.

When usi ng header conpression, the actual overhead will be |ess
determnistic, but in nbost cases an average overhead can be
deternmined for a certain application. |f a network node knows that
sonme type of header conpression is enployed, this can be taken into
consi deration. For RSVP [15], there exists an extension, RFC 3006
[16], that allows the data sender to inform network nodes about the
conpressibility of the data flow. To be able to do this with any
accuracy, the conpression factor and packet rate or size is needed,
as RFC 3006 provides.

3.3. Converting Bandw dt h Val ues

If one would like to convert a bandw dth val ue cal cul ated using | Pv4
overhead to I Pv6 overhead, the packet rate is required. The new
bandwi dth value for IPv6 is nornally "IPv4 bandw dth" + "packet rate"
* 20 bytes, where 20 bytes is the usual difference between |IPv6 and

| Pv4 headers. The overhead difference nay be sonme other value in
cases when | Pv4 options [14] or |Pv6 extension headers [13] are used.

As converting requires the packet rate of the stream this is not
possible in the general case. Many codecs have either nmultiple
possi bl e packet/franme rates or can perform payl oad for mat

aggregation, resulting in many possible rates. Therefore, sone extra
information in the SDP will be required. The "a=ptine:" paraneter
may be a possible candidate. However, this paraneter is nornally

only used for audio codecs. |Its definition [1] is that it is only a
recommendati on, which the sender may di sregard. A better paraneter
i s needed.

3. 4. RTCP Probl ens

When RTCP is used between hosts in | Pv4 and | Pv6 networks over
translator, sinmilar problens exist. The RTCP traffic going fromthe
| Pv4 domain will result in a higher RTCP bit-rate than intended in
the 1Pv6 donmain due to the larger headers. This may result in up to
a 25%increase in required bandwi dth for the RTCP traffic. The

| argest increase will be for small RTCP packets when the nunber of
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| Pv4 hosts is nmuch | arger than the nunber of |1Pv6 hosts.

Fortunately, as RTCP has a linited bandwi dth conpared to RTP, it will
only result in a maxi mum of 1.75%increase of the total session
bandwi dt h when RTCP bandwi dth is 5% of RTP bandwi dth. The RTCP
randonmi zation may easily result in short termeffects of the same
magni tude, so this increase nay be considered tolerable. The
increase in bandwidth will in nost cases be |ess.

At the sane time, this results in unfairness in the reporting between
an | Pv4 and 1 Pv6 node. In the worst case scenario, the | Pv6 node may
report with 25% 1 onger intervals.

These probl ens have been considered insignificant enough to not be
worth any conplex solutions. Therefore, only a sinple algorithm for
deriving RTCP bandwi dth is defined in this specification

3.5. Future Devel opnent

Today there is work in the | ETF to design a new datagramtransport
protocol suitable for real-time media. This protocol is called the
Dat agr am Congesti on Control Protocol (DCCP). It will nost probably
have a different header size than UDP, which is the protocol nost
often used for real-tine nedia today. This results in even nore
possi bl e transport conbinations. This nay becone a problemif one
has the possibility of using different protocols, which will not be
determined prior to actual protocol SETUP. Thus, pre-calculating
this value will not be possible, which is one further notivation why
a transport independent bandw dth nodifier is needed.

DCCP' s congestion control algorithns will control how rmuch bandwi dt h
can really be utilized. This may require further work with

speci fying SDP bandwi dth nodifiers to declare the dynanic
possibilities of an application’'s nmedia stream For exanple, mn and
max nmedi a bandwi dth the application is capable of producing at all

or for nmedia codecs only capabl e of producing certain bit-rates,
enunerating possible rates. However, this is for future study and
out side the scope of the present solution

3.6. Probl em Concl usi on

A shortcomi ng of the current SDP bandwi dth nodifiers is that they
al so i nclude the bandw dth needed for lower layers. It is in nmany
cases difficult to determ ne which |ower |ayers and their versions
were included in the calculation, especially in the presence of
translation or proxying between different domains. This prevents a
receiver fromdeternmning if given bandwi dth needs to be converted
based on the actual |ower |ayers being used.
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Secondly, an attribute to give the receiver an explicit determ nation
of the maxi mum packet rate that will be used does not exist. This
val ue is necessary for accurate conversion of any bandw dth values if
the difference in overhead is known.

4. Probl em Scope

The probl ens described in section 3 are conmon and effect application
| evel signaling using SDP, other signaling protocols, and al so
resource reservation protocols. However, this docunent targets the
specific problemof signaling the bit-rate in SDP. The probl ens need
to be considered in other affected protocols and in new protocols
being designed. In the MMUSIC W there is work on a repl acenent of
SDP called SDP-NG It is reconmended that the problenms outlined in

t hi s docunent be consi dered when designing solutions for specifying
bandwi dth in the SDP-NG [17].

As this specification only targets carrying the bit-rate information
within SDP, it will have a limted applicability. As SDP infornation
is normally transported end-to-end by an application protocol, nodes
bet ween the end-points will not have access to the bit-rate
information. It will normally only be the end points that are able
to take this information into account. An interior node will need to
receive the information through a nmeans other than SDP, and that is
out side the scope of this specification

Nevert hel ess, the bit-rate information provided in this specification
is sufficient for cases such as first-hop resource reservation and
adm ssion control. 1t also provide information about the maxi num
codec rate, which is independent of |ower-1level protocols.

This specification does NOT try to solve the problem of detecting
NATs or other niddl eboxes.

5. Requirenents

The problens outlined in the preceding sections and with the above
applicability, should neet the follow ng requirenents:

- The bandwi dth value SHALL be given in a way such that it can be
calcul ated for all possible conbinations of transport overhead.
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6. Solution
6.1. Introduction

This chapter describes a solution for the problens outlined in this
docunent for the Application Specific (AS) bandw dth nodifier, thus
enabling the derivation of the required bit-rate for an application
or RTP session’s data and RTCP traffic. The solution is based upon
the definition of a new Transport |ndependent Application Specific
(TIAS) bandwi dth nodifier and a new SDP attribute for the maxi num
packet rate (maxprate).

The CT is a session level nodifier and cannot easily be dealt with.
To address the problenms with different overhead, it is RECOMVENDED
that the CT val ue be cal cul ated usi ng reasonabl e worst case overhead.
An exanpl e of how to cal cul ate a reasonabl e worst case overhead is:
Take the overhead of the l|argest transport protocol (using average
size if variable), add that to the largest I P overhead that is
expected for use, plus the data traffic rate. Do this for every

i ndi vidual nedia streamused in the conference and add them t oget her

The RR and RS nodifiers [9] will be used as defined and incl ude
transport overhead. The small unfairness between hosts is deened
accept abl e.

6.2. The TIAS Bandw dth Modifier
6.2.1. Usage

A new bandwi dth nodifier is defined to be used for the follow ng
pur poses:

- Resource reservation. A single bit-rate can be enough for use as
a resource reservation. Sone characteristics can be derived from
the stream codec type, etc. In cases where nore information is
needed, another SDP paraneter will be required.

- Maxi mum nedi a codec rate. Wth the definition bel ow of "TIAS"
the given bit-rate will nostly be fromthe nedi a codec.
Therefore, it gives a good indication of the nmaxi mum codec bit-
rate required to be supported by the decoder.

- Communication bit-rate required for the stream The "TlIAS" val ue
together with "maxprate" can be used to deternine the maxi num
conmuni cation bit-rate the streamwi |l require. Using session
| evel values or by adding all maximumbit-rates fromthe streans
in a session together, a receiver can determne if its
comuni cation resources are sufficient to handle the stream For
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exanpl e, a nodem user can deternine if the session fits his
nmodem s capabilities and the established connection

- Determine the RTP session bandw dth and derive the RTCP bandwi dt h.
The derived transport dependent attribute will be the RTP session
bandwi dth in case of RTP based transport. The TIAS value can al so
be used to deternine the RTCP bandwi dth to use when using inplicit
allocation. RTP [4] specifies that if not explicitly stated,
addi ti onal bandwi dth, equal to 5% of the RTP session bandw dth
shal |l be used by RTCP. The RTCP bandw dth can be explicitly
al l ocated by using the RR and RS nodifiers defined in [9].

6.2.2. Definition
A new session and nedia | evel bandwi dth nodifier is defined:
b=TI AS: <bandw dt h-val ue> ; see section 6.6 for ABNF definition

The Transport |ndependent Application Specific Maxi nrum (Tl AS)

bandwi dth nodifier has an integer bit-rate value in bits per second.
A fractional bandwi dth value SHALL al ways be rounded up to the next
i nteger. The bandwi dth value is the maxi num needed by the
application (SDP session level) or nedia stream (SDP nedi a | evel)

wi t hout counting IP or other transport |ayers |like TCP or UDP

At the SDP session level, the TIAS value is the maxi mal anobunt of
bandwi dt h needed when all declared nedia streans are used. This MAY
be |l ess than the sumof all the individual nedia streans val ues.
This is due to the possibility that not all streans have their

maxi mum at the sane point in time. This can normally only be
verified for stored nedia streans.

For RTP transported nedia streams, TIAS at the SDP nedia | evel can be
used to derive the RTP "session bandw dth", defined in section 6.2 of
[4]. In the context of RTP transport, the TIAS value is defined as:

Only the RTP payload as defined in [4] SHALL be used in the
calculation of the bit-rate, i.e., excluding the |ower |ayers

(1 P/UDP) and RTP headers including RTP header, RTP header
extensions, CSRC list, and other RTP profile specific fields.
Note that the RTP payl oad includes both the payl oad fornmat header
and the data. This nmay allow one to use the sane val ue for RTP-
based nedi a transport, non-RTP transport, and stored nedi a.
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Note 1. The usage of bps is not in accordance with RFC 2327 [1].
This change has no inplications on the parser, only the interpreter
of the value nust be aware. The change is done to allow for better
resolution, and has al so been used for the RR and RS bandwi dth

nmodi fiers, see [9].

Note 2: RTCP bandwidth is not included in the bandwi dth value. In
applications using RTCP, the bandwi dth used by RTCP is either 5% of
the RTP session bandwi dth including | ower |ayers or as specified by
the RR and RS nodifiers [9]. A specification of howto derive the
RTCP bit-rate when using TIAS is presented in chapter 6.5.

6.2.3. Usage Rules

"TIAS" is primarily intended to be used at the SDP nedia | evel. The
"TI AS" bandwi dth attribute MAY be present at the session level in
SDP, if all nedia streams use the same transport. |In cases where the
sum of the nedia |evel values for all nedia streans is larger than

t he actual maxi mum bandwi dth need for all streams, it SHOULD be

i ncluded at session level. However, if present at the session |eve
it SHOULD be present also at the nmedia level. "TIAS" SHALL NOT be
present at the session |evel unless the same transport protocols is
used for all nmedia streans. The sanme transport is used as |long as
the sane conbi nation of protocols is used, |ike |Pv6/UDP/ RTP

To allow for backwards conpatibility with applications of SDP that do
not inplement "TIAS', it is RECOWENDED to al so include the "AS"
nmodi fi er when using "TIAS'. The presence of a val ue including

| ower -1 ayer overhead, even with its problens, is better than none.
However, an SDP application inplenmenting TIAS SHOULD i gnore the "AS"
val ue and use "TIAS" instead when both are present.

When using TIAS for an RTP-transported stream the "maxprate"
attribute, if possible to calculate, defined next, SHALL be incl uded
at the correspondi ng SDP | evel

6. 3. Packet Rate Paraneter

To be able to cal cul ate the bandw dth val ue including the | ower
| ayers actually used, a packet rate attribute is al so defined.

The SDP session and nedi a | evel naxi num packet rate attribute is
defined as:

a=maxprat e: <packet-rate> ; see section 6.6 for ABNF definition

Westerl und St andards Track [ Page 13]



RFC 3890 Bandwi dt h Modifier for SDP Sept ember 2004

The <packet-rate> is a floating-point value for the stream s nmaxi num
packet rate in packets per second. |If the nunber of packets is

vari abl e, the given value SHALL be the maxi nrumthe application can
produce in case of a live stream or for stored on-demand streans,
has produced. The packet rate is cal cul ated by addi ng the nunber of
packets sent within a 1 second window. The naxprate is the | argest
val ue produced when the wi ndow slides over the entire nedia stream
In cases that this can't be calculated, i.e., alive stream a

esti mated val ue of the maxi num packet rate the codec can produce for
the given configuration and content SHALL be used.

Not e: The sliding window calculation will always yield an integer
nunber. However the attributes field is a floating-point val ue
because the estimated or known naxi mum packet rate per second nay be
fractional

At the SDP session level, the "maxprate" value is the maxi num packet
rate cal cul ated over all the declared nedia streans. |f this can't
be neasured (stored nedia) or estimated (live), the sumof all nedia
| evel values provides a ceiling value. Note: the value at session

| evel can be less then the sum of the individual nmedia streans due to
tenporal distribution of media streanmi s maxi munms. The "maxprate"
attribute MJUST NOT be present at the session level if the nedia
streans use different transport. The attribute MAY be present if the
medi a streans use the sane transport. |If the attribute is present at
the session level, it SHOULD al so be present at the nedia | evel for
all media streans.

"maxprate” SHALL be included for all transports where a packet rate
can be derived and TIAS is included. For exanple, if you use TIAS
and a transport like | P/UDP/ RTP, for which the max packet rate
(actual or estinated) can be derived, then "nmaxprate" SHALL be

i ncluded. However, if either (a) the packet rate for the transport
cannot be derived, or (b) TIAS is not included, then, "maxprate" is
not required to be included.

6.4. Converting to Transport-Dependent Val ues

When converting the transport-independent bandw dth val ue (bw val ue)
into a transport-dependent value including the | ower |ayers, the
foll owi ng MUST be done:

1. Determne which lower layers will be used and cal cul ate the sum of
the sizes of the headers in bits (h-size). |In cases of variable
header sizes, the average size SHALL be used. For RTP-transported
medi a, the lower layers SHALL include the RTP header wi th header
extensions, if used, the CSRC list, and any profile-specific
ext ensi ons.
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2. Retrieve the maxi nrum packet rate fromthe SDP (prate = naxprate).

3. Calculate the transport overhead by multiplying the header sizes
by the packet rate (t-over = h-size * prate).

4. Round the transport overhead up to nearest integer in bits
(t-over = CEIL(t-over)).

5. Add the transport overhead to the transport independent bandwi dth
value (total bit-rate = bwvalue + t-over)

When the above calculation is perfornmed using the "nmaxprate", the
bit-rate value will be the absolute naxi rumthe nedia stream may use
over the transport assuned in the cal cul ations.

6.5. Deriving RTCP Bandwi dth

This chapter does not solve the fairness and possible bit-rate change
i ntroduced by IPv4 to IPv6 translation. These differences are

consi dered small enough, and known sol utions introduce code changes
to the RTP/RTCP i npl enmentation. This section provides a consistent
way of calculating the bit-rate to assign to RTCP, if not explicitly
gi ven.

First the transport-dependent RTP session bit-rate is calculated, in
accordance with section 6.4, using the actual transport |ayers used
at the end point where the calculation is done. The RTCP bit-rate is
then derived as usual based on the RTP session bandw dth, i.e.
normal |y equal to 5% of the cal cul ated val ue.

6.5.1. Mdtivation for this Solution

G ving the exact same RTCP bit-rate value to both the I Pv4 and | Pv6
hosts will result in the IPv4 host having a higher RTCP sending rate.
The sending rate represents the nunber of RTCP packets sent during a
given tine interval. The sending of RTCP is linmted according to
rules defined in the RTP specification [4]. For a 100-byte RTCP
packet (including UDP/IPv4), the |IPv4 sender has an approxi mately 20%
hi gher sending rate. This rate falls with [arger RTCP packets. For
exanpl e, 300-byte packets will only give the IPv4 host a 7% hi gher
sendi ng rate.

The above rule for deriving RTCP bandwi dth gives the sane behavior as
fixed assi gnment when the RTP session has traffic paraneters giving a
| arge TIAS/ mexprate ratio. The two hosts will be fair when the

TI AS/ maxprate ratio is approxi mately 40 bytes/packet, given 100-byte

RTCP packets. For a TIAS/ naxprate ratio of 5 bytes/packet, the |IPv6

host will be allowed to send approxi nately 15-20% nore RTCP packets
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The | arger the RTCP packets becone, the nore it will favor the | Pv6
host in its sending rate.

The conclusions is that, within the normal useful conbination of
transport-independent bit rates and packet rates, the difference in
fai rness between hosts on different IP versions with different
overhead is acceptable. For the 20-byte difference in overhead
between |1 Pv4 and | Pv6 headers, the RTCP bandwi dth actually used in a
uni cast connection case will not be larger than approximately 1% of
the total session bandw dth.

6.6. ABNF Definitions

This chapter defines in ABNF from RFC 2234 [2] the bandw dth nodifier
and the packet rate attribute.

The bandwi dth nodifier:
Tl AS- bandwi dt h-def = "b" "=" "TIAS" ":" bandwi dt h-val ue CRLF
bandwi dt h-value = 1*DIA T

The maxi num packet rate attribute:
max-p-rate-def = "a" "=" "npaxprate" ":" packet-rate CRLF
packet-rate = 1*DIG T ["." 1*DIGA T]

6.7. Exanple

v=0

o=Exanpl e_SERVER 3413526809 0 I N I P4 server.exanpl e.com
s=Exanpl e of TIAS and naxprate in use

c=INI1P4 0.0.0.0

b=AS: 60

b=TI AS: 50780

t=0 0

a=control :rtsp://server. exanpl e. com medi a. 3gp
a=r ange: npt =0- 150. 0

a=maxprate: 28.0

mraudi o 0 RTP/ AVP 97

b=AS: 12

b=TI AS: 8480

a=maxprate: 10.0

a=rtpmap: 97 AMR/ 8000

a=fm p: 97 octet-align;

a=control :rtsp://server. exanpl e. com nedi a. 3gp/ trackl D=1
nrvi deo 0 RTP/ AVP 99
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b=AS: 48

b=TI AS: 42300

a=maxprate: 18.0

a=rtpmap: 99 MP4V- ES/ 90000

a=fmt p: 99 profile-Ilevel-id=8;

confi g=000001B008000001B509000001010000012000884006682C2090A21F
a=control :rtsp://server. exanpl e. conf nedi a. 3gp/ t rackl D=3

In this SDP exanple of a streaming session’s SDP, there are two nedia
streams, one audi o stream encoded with AMR and one vi deo stream
encoded with the MPEG 4 Video encoder. AMR is used here to produce a
constant rate nedia stream and uses a packetization resulting in 10
packets per second. This results in a TIAS bandwi dth rate of 8480
bits per second, and the clainmed 10 packets per second. The video
streamis nore variable. However, it has a nmeasured naxi mum payl oad
rate of 42,300 bits per second. The video stream also has a variable
packet rate, despite the fact that the video is 15 franes per second
where at | east one instance in a second | ong wi ndow contains 18
packets.

7. Protocol Interaction
7.1. RTSP

The "TI AS" and "naxprate" paranmeters can be used with RTSP as
currently specified. To be able to calculate the transport dependent
bandwi dth, some of the transport header paraneters will be required
There should be no problemfor a client to calculate the required
bandwi dt h(s) prior to an RTSP SETUP. The reason is that a client
supports a linmted nunber of transport setups. The one actually
offered to a server in a SETUP request will be dependent on the
contents of the SDP description. The "m=" line(s) will signal the
desired transport profile(s) to the client.

7.2. SIP

The usage of "TIAS" together with "maxprate" should not be different
fromthe handling of the "AS" nodifier currently in use. The needed
transport paraneters will be available in the transport field in the
"m=" line. The address class can be determined fromthe "c=" field

and the client’s connectivity.
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7.3. SAP

In the case of SAP, all available information to calculate the
transport dependent bit-rate should be present in the SDP. The "c="
i nformati on gives the address famly used for the nmulticast. The
transport layer, e.g., RTP/UDP, for each nedia is evident in the
media line ("m=") and its transport field.

8. Security Consideration

The bandwi dth value that is supplied by the paraneters defined here
can be altered, if not integrity protected. By altering the
bandwi dt h val ue, one can fool a receiver into reserving either nore
or less bandwi dth than actually needed. Reserving too nmuch nay
result in unwanted expenses on behal f of the user, while al so

bl ocki ng resources that other parties could have used. |If too little
bandwi dth is reserved, the receiving user’s quality may be effected.
Trusting a too-large TIAS value may al so result in the receiver
rejecting the session due to insufficient conmunication and decodi ng
resour ces

Due to these security risks, it is strongly RECOMVENDED t hat the SDP
be integrity protected and source authenticated so tanpering can not
be perfornmed, and the source can be trusted. It is al so RECOMVENDED
that any receiver of the SDP perform an analysis of the received
bandwi dth values to verify that they are reasonabl e expected val ues
for the application. For exanple, a single channel AMR- encoded voice
streamclaimng to use 1000 kbps is not reasonabl e.

Pl ease note that sone of the above security requirenents are in
conflict with that required to nmake signaling protocols using SDP
wor k through a m ddl ebox, as discussed in the security considerations
of RFC 3303 [18].

9. | ANA Consi derations

Thi s docunent registers one new SDP session and nedia |l evel attribute
"maxprate", see section 6.3.

A new SDP [1] bandwi dth nodifier (bwtype) "TIAS" is also registered

in accordance with the rules requiring a standards-track RFC. The
nodifier is defined in section 6. 2.
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