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and status of this protocol. Distribution of this meno is unlimnited.
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ABSTRACT

Thi s docunent describes the RTP payl oad fornmat for PureVoice(tn)

Audi 0. The packet fornmat supports variable interleaving to reduce
the effect of packet l|oss on audio quality.

=

nt roducti on

Thi s docunent descri bes how conpressed PureVoi ce audi o as produced by
the Qual comm PureVoi ce CODEC [1] may be fornmatted for use as an RTP
payl oad type. A nmethod is provided to interleave the output of the
conpressor to reduce quality degradation due to | ost packets.
Furthernmore, the sender may choose various interleave settings based
on the inportance of |ow end-to-end delay versus greater tolerance
for lost packets.

The key words "MJST", "MJST NOT", "REQUI RED', "SHALL", "SHALL NOT",
"SHOULD', "SHOULD NOT", "RECOMMVENDED', "MAY", and "OPTIONAL" in this
docunent are to be interpreted as described in RFC 2119 [3].

2 Background

The El ectronic Industries Association (EIA) & Tel econmuni cati ons

I ndustry Association (TIA) standard |S-733 [1] defines an audio
conpression algorithmfor use in COVA applications. |In addition to
bei ng the standard CODEC for all wireless CDOVA termi nals, the

Qual comm Pur eVoi ce CODEC (a.k.a. Qelp) is used in several |nternet
applications nost notably JFax(tm, Apple(r) QuickTine(tn), and
Eudora(r).
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The Qcel p CODEC [1] conpresses each 20 nilliseconds of 8000 Hz, 16-
bit sanpl ed i nput speech into one of four different size output
franmes: Rate 1 (266 bits), Rate 1/2 (124 bits), Rate 1/4 (54 bits)
or Rate 1/8 (20 bits). The CODEC chooses the output frame rate based
on analysis of the input speech and the current operating node
(either normal or reduced rate). For typical speech patterns, this
results in an average output of 6.8 k bits/sec for normal node and
4.7 k bits/sec for reduced rate node.

3 RTP/ Qcel p Packet For mat

The RTP timestanp is in 1/8000 of a second units. The RTP payl oad
data for the Qcel p CODEC has the follow ng format:

0 1 2 3
01234567890123456789012345678901
il s T T S S S S S i N T i ST S S S S S e e L T 2

RTP Header [ 2] |
e A R R R R R R R T e e R e R R
| NNN | I
+- -+ 4+ one or nore codec data frames |

T T S e T S S S T o S i S e i Tk S S S

The RTP header has the expected values as described in [2]. The
extension bit is not set and this payload type never sets the marker
bit. The codec data frames are aligned on octet boundaries. Wen
interleaving is in use and/or multiple codec data franmes are present
in a single RTP packet, the tinmestanmp is, as always, that of the

ol dest data represented in the RTP packet. The other fields have the
foll owm ng neani ng:

Reserved (RR): 2 bits
MJUST be set to zero by sender, SHOULD be ignored by receiver.

Interleave (LLL): 3 bits
MUST have a val ue between 0 and 5 inclusive. The remaining two
values (6 and 7) MJUST not be used by senders. |If this fieldis
non-zero, interleaving is enabled. Al receivers MJST support
interleaving. Senders MAY support interleaving. Senders that do
not support interleaving MIUST set field LLL and NNN to zero.

Interl eave Index (NNN): 3 bits

MUST have a value less than or equal to the value of LLL. Values
of NNN greater than the value of LLL are invalid.

K. MKay St andar ds Track [ Page 2]



RFC 2658 RTP Payl oad Fornat for PureVoice(tn) Audio August 1999

3.1 Receiving Invalid Val ues
On receipt of an RTP packet with an invalid value of the LLL or NNN
field, the RTP packet MJST be treated as |ost by the receiver for the
pur pose of generating erasure franmes as described in section 4.

3.2 CODEC data frame format

The output of the Qcel p CODEC nust be converted into CODEC data
frames for inclusion in the RTP payl oad as foll ows:

a. Cctet 0 of the CODEC data frane indicates the rate and total size
of the CODEC data frane as indicated in this table:

CCTET O RATE TOTAL CODEC data frane size (in octets)
0 Bl ank 1
1 1/8 4
2 1/4 8
3 1/2 17
4 1 35
5 reserved 8 (SHOULD be treated as a reserved val ue)
14 Erasure 1 (SHOULD NOT be transmitted by sender)

ot her n/a reserved

Recei pt of a CODEC data frane with a reserved value in octet O
MJUST be considered invalid data as described in 3.1.

b. The bits as nunbered in the standard [1] from hi ghest to | owest
are packed into octets. The highest nunbered bit (265 for Rate 1,
123 for Rate 1/2, 53 for Rate 1/4 and 19 for Rate 1/8) is placed
in the nost significant bit (Internet bit 0) of octet 1 of the
CODEC data frane. The second hi ghest nunbered bit (264 for Rate
1, etc.) is placed in the second nost significant bit (Internet
bit 1) of octet 1 of the data frame. This continues so that bit
258 fromthe standard Rate 1 frame is placed in the | east
significant bit of octet 1. Bit 257 fromthe standard is pl aced
in the nost significant bit of octet 2 and so on until bit O from
the standard Rate 1 frame is placed in Internet bit 1 of octet 34
of the CODEC data frame. The remaining unused bits of the |ast
octet of the CODEC data frame MJST be set to zero
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Here is a detail of howa Rate 1/8 frame is converted into a CODEC
data frane:
CODEC data frane

0 1 2
01234567890123456789012345672829
B i S S e
I |11 1] 1] 1
| 1 (Rate 1/8) ]9|8]|7|6
B i S S e
OCctet O of the data frame has value 1 (see table above) indicating
the total data frame length (including octet 0) is 4 octets. Bits
19 through O fromthe standard Rate 1/8 frane are placed as

indicated with bits marked with "Z" being set to zero. The Rate
1, 1/4 and 1/2 standard franes are converted sinilarly.

3.3 Bundling CODEC data franes

As indicated in section 3, nore than one CODEC data frame MAY be
included in a single RTP packet by a sender. Receivers MJST handl e
bundl es of up to 10 CODEC data franes in a single RTP packet.

Furthernore, senders have the follow ng additional restrictions:

o MJST not bundl e nore CODEC data franmes in a single RTP packet than
will fit in the MIU of the RTP transport protocol. For the
pur pose of conmputing the nmaxi mum bundling value, all CODEC data
frames should be assuned to have the Rate 1 size.

o MJIST never bundle nore than 10 CODEC data franes in a single RTP
packet .

0 Once beginning transm ssion with a given SSRC and gi ven bundling
val ue, MUST NOT increase the bundling value. |f the bundling
val ue needs to be increased, a new SSRC nunmber MJST be used.

0 MAY decrease the bundling value only between interleave groups
(see section 3.4). |If the bundling value is decreased, it MJST
NOT be increased (even to the original value), although it may be
decreased again at a later tine.
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3.3.1 Determining the nunber of bundl ed CODEC data franes

Since no count is transnitted as part of the RTP payload and the
CODEC data franes have differing lengths, the only way to determ ne
how many CODEC data franes are present in the RTP packet is to

exam ne octet 0 of each CODEC data frame in sequence until the end of
the RTP packet is reached.

3.4 Interl eaving CODEC data franes

Interleaving is nmeani ngful only when nore than one CODEC data frane
is bundled into a single RTP packet.

Al'l receivers MJST support interleaving. Senders MAY support
i nterl eaving.

G ven a tine-ordered sequence of output frames fromthe Qcel p CODEC
nunbered 0..n, a bundling value B, and an interl eave value L where n
=B* (L+1) - 1, the output franmes are placed into RTP packets as
follows (the values of the fields LLL and NNN are indicated for each
RTP packet):

First RTP Packet in Interleave group:
LLL=L, NNN=O
Frame 0, Frame L+1, Franme 2(L+1), Frame 3(L+1), ... for a total of
B franes

Second RTP Packet in Interleave group:
LLL=L, NNN=1
Frame 1, Frane 1+L+1, Frame 1+2(L+1), Frane 1+3(L+1), ... for a
total of B franes

This continues to the |ast RTP packet in the interl eave group:

L+1 RTP Packet in Interleave group
LLL=L, NNN=L
Frame L, Frane L+L+1, Frame L+2(L+1), Frane L+3(L+1), ... for a
total of B franes

Senders MUST transmt in tinmestanp-increasing order. Furthernore,
within each interl eave group, the RTP packets making up the

interl eave group MJST be transmitted in val ue-increasing order of the
NNN field. While this does not guarantee reduced end-to-end delay on
the receiving end, when packets are delivered in order by the
underlying transport, delay will be reduced to the m ni mum possi bl e.
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Addi tionally, senders have the follow ng restrictions:

0 Once beginning transm ssion with a given SSRC and given interl eave
val ue, MUST NOT increase the interleave value. |If the interleave
val ue needs to be increased, a new SSRC nunber MJST be used.

o MAY decrease the interleave value only between interleave groups.
If the interleave value is decreased, it MJUST NOT be increased
(even to the original value), although it may be decreased again
at a later tine.

3.5 Finding Interl eave G oup Boundaries

G ven an RTP packet with sequence nunmber S, interleave value (field
LLL) L, and interleave index value (field NNN) N, the interleave
group consi sts of RTP packets with sequence nunbers fromS N to S N+L
inclusive. In other words, the Interleave group always consists of
L+1 RTP packets with sequential sequence nunmbers. The bundling val ue
for all RTP packets in an interl eave group MJST be the sane.

The receiver determni nes the expected bundling value for all RTP
packets in an interleave group by the nunber of CODEC data frames
bundled in the first RTP packet of the interleave group received.
Note that this may not be the first RTP packet of the interleave
group sent if packets are delivered out of order by the underlying
transport.

On recei pt of an RTP packet in an interleave group with other than

t he expected bundling value, the receiver MAY di scard CODEC data
frames off the end of the RTP packet or add erasure CODEC data franes
to the end of the packet in order to manufacture a substitute packet
with the expected bundling value. The receiver MAY instead choose to
di scard the whole interl eave group and play silence.

3.6 Reconstructing Interleaved Audio

G ven an RTP sequence nunber ordered set of RTP packets in an

interl eave group nunbered 0..L, where L is the interleave value and B
is the bundling value, and CODEC data frames within each RTP packet
that are nunbered in order fromfirst to last with the nunmbers 1..B,
the original, tinme-ordered sequence of output franmes fromthe CODEC
may be reconstructed as foll ows:

First L+1 franes:
Frame O from packet 0 of interleave group
Frame O from packet 1 of interleave group
And so on up to..
Frame O from packet L of interleave group
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Second L+1 franes:
Frame 1 from packet
Frame 1 from packet
And so on up to..
Frame 1 from packet L of

of
of

nterl eave group
nterl eave group

= O

nterl eave group
And so on up to..

Bth L+1 franes:
Frame B from packet O of
Frame B from packet 1 of
And so on up to..
Frame B from packet L of

nterl eave group
nterl eave group

nterl eave group
3.6.1 Additional Receiver Responsibility

Assune that the receiver has begun playing frames froman interleave
group. The tine has conme to play frane x from packet n of the
interl eave group. Further assune that packet n of the interleave
group has not been received. As described in section 4, an erasure
frame will be sent to the Qcel p CODEC.

Now, assune that packet n of the interleave group arrives before
frame x+1 of that packet is needed. Receivers SHOULD use franme x+1
of the newWy received packet n rather than substituting an erasure
frame. |In other words, just because packet n wasn’'t available the
first time it was needed to reconstruct the interl eaved audio, the
recei ver SHOULD NOT assune it’s not avail able when it’s subsequently
needed for interleaved audi o reconstruction.

4 Handling | ost RTP packets

The Qcel p CODEC supports the notion of erasure franmes. These are
frames that for whatever reason are not available. \Wen
reconstructing interleaved audi o or playing back non-interl eaved
audi o, erasure frames MJST be fed to the Qcelp CODEC for all of the
m ssi ng packets.

Recei vers MJUST use the tinestanp clock to deterni ne how many CODEC
data frames are nissing. Each CODEC data frame advances the
ti mestanp cl ock EXACTLY 160 counts.

Since the bundling value nay vary (it can only decrease), the

timestanp clock is the only reliable way to cal cul ate exactly how
many CODEC data frames are nmissing when a packet is dropped.
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Specifically when reconstructing interleaved audio, a mssing RTP
packet in the interl eave group should be treated as containing B
erasure CODEC data franes where B is the bundling value for that

i nterl eave group.

5 Di scussi on

The Qcel p CODEC interpolates the nissing audi o content when given an
erasure frame. However, the best quality is perceived by the

i stener when erasure franes are not consecutive. This makes
interleaving desirable as it increases audio quality when dropped
packets are nore |ikely.

On the other hand, interleaving can greatly increase the end-to-end
delay. Were an interactive session is desired, an interleave (field
LLL) value of O or 1 and a bundling factor of 4 or less is
recommended.

When end-to-end delay is not a concern, a bundling value of at | east
4 and an interleave (field LLL) value of 4 or 5 is recomended
subject to MIU linitations.

The restrictions on senders set forth in sections 3.3 and 3.4
guarantee that after receipt of the first payl oad packet fromthe
sender, the receiver can allocate a well-known anount of buffer space
that will be sufficient for all future reception fromthe sane SSRC
val ue. Less buffer space nay be required at sone point in the future
if the sender decreases the bundling value or interleave, but never
nore buffer space. This prevents the possibility of the receiver
needing to allocate nore buffer space (with the possible result that
none is avail able) should the bundling value or interleave val ue be

i ncreased by the sender. Also, were the interleave or bundling val ue
to increase, the receiver could be forced to pause playback while it
receives the additional packets necessary for playback at an

i ncreased bundling value or increased interleave.

6 Security Considerations

RTP packets using the payload format defined in this specification
are subject to the security considerations discussed in the RTP
specification [2], and any appropriate profile (for exanple [4]).
This inplies that confidentiality of the nedia streans is achi eved by
encryption. Because the data conpression used with this payl oad
format is applied end-to-end, encryption nay be perforned after
conpression so there is no conflict between the two operations.
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A potential denial-of-service threat exists for data encodi ngs using
conpressi on techni ques that have non-uniformreceiver-end
conmput ati onal |oad. The attacker can inject pathol ogical datagrans
into the streamwhich are conplex to decode and cause the receiver to
be overl oaded. However, this encodi ng does not exhibit any
significant non-uniformty.

As with any | P-based protocol, in some circunstances, a receiver nay
be overl oaded sinply by the recei pt of too many packets, either
desired or undesired. Network-Ilayer authentication nay be used to

di scard packets from undesired sources, but the processing cost of
the authentication itself nay be too high. In a nmulticast

envi ronnment, pruning of specific sources nmay be inplenmented in future
versions of 1GW [5] and in nulticast routing protocols to allow a
receiver to select which sources are allowed to reach it.
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9 Full Copyright Statenent
Copyright (C) The Internet Society (1999). Al Rights Reserved.

Thi s docunent and translations of it nmay be copied and furnished to
ot hers, and derivative works that comment on or otherw se explain it
or assist inits inplenentation may be prepared, copied, published
and distributed, in whole or in part, without restriction of any

ki nd, provided that the above copyright notice and this paragraph are
i ncluded on all such copies and derivative works. However, this
docunent itself may not be nodified in any way, such as by renoving
the copyright notice or references to the Internet Society or other
I nternet organi zati ons, except as needed for the purpose of
devel opi ng I nternet standards in which case the procedures for
copyrights defined in the Internet Standards process nust be
followed, or as required to translate it into |Ianguages other than
Engli sh.

The limted perm ssions granted above are perpetual and will not be
revoked by the Internet Society or its successors or assigns.

Thi s docunent and the information contained herein is provided on an
"AS | S" basis and THE | NTERNET SOCI ETY AND THE | NTERNET ENG NEERI NG
TASK FORCE DI SCLAI M5 ALL WARRANTI ES, EXPRESS OR | MPLI ED, | NCLUDI NG
BUT NOT LI M TED TO ANY WARRANTY THAT THE USE OF THE | NFORMATI ON
HEREI N W LL NOT | NFRI NGE ANY RI GHTS OR ANY | MPLI ED WARRANTI ES OF
MERCHANTABI LI TY OR FI TNESS FOR A PARTI CULAR PURPCSE.
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