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Abstract

Thi s docunent defines the Opus interactive speech and audi o codec.
Qpus is designed to handle a wi de range of interactive audio
applications, including Voice over |IP, videoconferencing, in-ganme
chat, and even live, distributed nusic performances. It scales from
| ow bitrate narrowband speech at 6 kbit/s to very high quality stereo
nmusi ¢ at 510 kbit/s. Opus uses both Linear Prediction (LP) and the
Modi fi ed Di screte Cosine Transform (MDCT) to achi eve good conpression
of both speech and nusi c.

Status of This Meno
This is an Internet Standards Track docunent.

This docunment is a product of the Internet Engi neering Task Force
(ITETF). It represents the consensus of the I ETF comunity. |t has
recei ved public review and has been approved for publication by the
I nternet Engineering Steering Goup (IESG. Further information on
Internet Standards is available in Section 2 of RFC 5741.

I nformation about the current status of this docunent, any errata,

and how to provide feedback on it nmay be obtai ned at
http://ww. rfc-editor.org/info/rfc6716
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1

I ntroduction

The Opus codec is a real-tinme interactive audio codec designed to
meet the requirements described in [REQU REMENTS]. It is conposed of
a |l ayer based on Linear Prediction (LP) [LPC] and a | ayer based on
the Modified Discrete Cosine Transform (MDCT) [MDCT]. The nmin idea
behind using two layers is as follows: in speech, linear prediction
techni ques (such as Code-Excited Linear Prediction, or CELP) code | ow
frequencies nore efficiently than transform(e.g., MDCT) domain
techni ques, while the situation is reversed for nusic and hi gher
speech frequencies. Thus, a codec with both |ayers avail abl e can
operate over a wider range than either one al one and can achieve
better quality by conbining themthan by using either one

i ndi vidually.

The primary normative part of this specification is provided by the
source code in Appendix A. Only the decoder portion of this software
is normative, though a significant anount of code is shared by both
the encoder and decoder. Section 6 provides a decoder confornance
test. The decoder contains a great deal of integer and fixed-point
arithmetic that needs to be perforned exactly, including all rounding
consi derations, so any useful specification requires domain-specific
synbol i c | anguage to adequately define these operations.

Additionally, any conflict between the synbolic representation and
the included reference inplenentation nust be resolved. For the
practical reasons of conpatibility and testability, it would be
advant ageous to give the reference inplenmentation priority in any

di sagreenment. The C language is also one of the nbost widely
under st ood, human-readabl e synbolic representations for machine
behavior. For these reasons, this RFC uses the reference

i mpl enentation as the sole synbolic representation of the codec.

Whil e the synbolic representation is unanbi guous and conplete, it is
not always the easiest way to understand the codec’ s operation. For
this reason, this docunent al so describes significant parts of the
codec in prose and takes the opportunity to explain the rationale
behi nd many of the nore surprising elenents of the design. These
descriptions are intended to be accurate and informative, but the
limtations of comon English sonmetines result in anmbiguity, so it is
expected that the reader will always read them al ongsi de the synbolic
representation. Nunerous references to the inplenentation are
provided for this purpose. The descriptions sonmetines differ from
the reference in ordering or through nmathematical sinplification

wher ever such devi ati on nakes an expl anati on easier to understand.

For exanple, the right shift and left shift operations in the
reference inplenentation are often described using division and
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multiplication in the text. |In general, the text is focused on the
"what" and "why" while the synbolic representation nost clearly
provides the "how'.

1.1. Not ati on and Conventi ons

The key words "MJST", "MJST NOT", "REQU RED', "SHALL", "SHALL NOT",
"SHOULD', "SHOULD NOT", "RECOMMENDED', "MAY", and "OPTIONAL" in this
docunment are to be interpreted as described in RFC 2119 [ RFC2119].

Various operations in the codec require bit-exact fixed-point

behavi or, even when witing a floating point inplenentation. The
notation "Q<n>", where n is an integer, denotes the nunber of binary
digits to the right of the decimal point in a fixed-point nunber.

For exanple, a signed QL4 value in a 16-bit word can represent val ues
from-2.0 to 1.99993896484375, inclusive. This notation is for

i nformati onal purposes only. Arithnmetic, when described, always
operates on the underlying integer. For exanple, the text wll
explicitly indicate any shifts required after a nultiplication

Expressions, where included in the text, follow C operator rules and
precedence, with the exception that the syntax "x**y" indicates x
raised to the power y. The text also makes use of the follow ng
functions.

1.1.1. nin(x,y)
The small est of two values x and vy.

1.1.2. max(x,y)
The largest of two values x and vy.

1.1.3. clanmp(lo,x,hi)

clamp(lo, x,hi) = max(lo, mn(x,hi))

Wth this definition, if lo > hi, then lo is returned.

1.1.4. sign(x)

The sign of x, i.e.
(-1, x <0
sign(x) =< 0, x ==
( 1, x>0
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1.1.5. abs(x)

The absol ute value of x, i.e.

abs(x) = sign(x)*x

1.1.6. floor(f)

The | argest integer z such that z <= f.
1.1.7. ceil(f)

The smallest integer z such that z >= f.
1.1.8. round(f)

The integer z nearest to f, with ties rounded towards negative
infinity, i.e.

round(f) = ceil (f - 0.5)
1.1.9. log2(f)
The base-two | ogarithm of f
1.1.10. ilog(n)

The m ni mum nunber of bits required to store a positive integer nin
binary, or 0 for a non-positive integer n

(0, n<=0
ilog(n) =<
( floor(log2(n))+1, n >0
Exanpl es:
o ilog(-1) =0
o ilog(0) =0
o ilog(l) =1
o ilog(2) =2
o ilog(3) =2
o ilog(4) =3
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2.

o ilog(7) =3
Qpus Codec Overvi ew

The Qpus codec scales from 6 kbit/s narrowband nmono speech to

510 kbit/s fullband stereo nusic, with algorithnmc delays ranging
from5 ns to 65.2 ms. At any given tinme, either the LP layer, the
MDCT | ayer, or both, nay be active. 1t can seanm essly switch between
all of its various operating nodes, giving it a great deal of
flexibility to adapt to varying content and network conditions

wi t hout renegotiating the current session. The codec allows input
and out put of various audi o bandw dths, defined as foll ows:

| mbbreviation | Audi o Bandwi dth | Sample Rate (Effective) |
| N8 (narrowband) g s T 8 kit |
I MB (nedi um band) I 6 kHz I 12 kHz I
I VB (w deband) I 8 kHz I 16 kHz I
I SWB (super -w deband) I 12 kHz I 24 kHz I
I FB (ful | band) I 20 kHz (*) I 48 kHz I
i e e e e e e e +
Table 1

(*) Although the sanpling theoremallows a bandwidth as |large as hal f
the sanpling rate, Opus never codes audi o above 20 kHz, as that is
the generally accepted upper linmt of hunman hearing.

Qpus defines super-w deband (SWB) with an effective sanple rate of

24 kHz, unlike sone other audio coding standards that use 32 kHz.
This was chosen for a nunber of reasons. The band |ayout in the MDCT
| ayer naturally allows skipping coefficients for frequencies over

12 kHz, but does not allow cleanly dropping just those frequencies
over 16 kHz. A sanple rate of 24 kHz al so nakes resanpling in the
MDCT | ayer easier, as 24 evenly divides 48, and when 24 kHz is
sufficient, it can save conputation in other processing, such as
Acoustic Echo Cancellation (AEC). Experinental changes to the band

| ayout to allow a 16 kHz cutoff (32 kHz effective sanple rate) showed
potential quality degradations at other sanple rates, and, at typica
bitrates, the nunmber of bits saved by using such a cutoff instead of
coding in fullband (FB) node is very small. Therefore, if an
application wishes to process a signal sanmpled at 32 kHz, it should
just use FB.
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The LP layer is based on the SILK codec [SILK]. It supports NB, M
or WB audio and frame sizes from10 ns to 60 ns, and requires an
additional 5 nms | ook-ahead for noise shaping estimation. A smal
additional delay (up to 1.5 ns) may be required for sanpling rate
conversion. Like Vorbis [VORBI S-VEBSI TE] and many ot her nodern
codecs, SILK is inherently designed for variable bitrate (VBR)

codi ng, though the encoder can al so produce constant bitrate (CBR)
streans. The version of SILK used in OQpus is substantially nodified
from and not conpatible with, the stand-al one SILK codec previously
depl oyed by Skype. This docunment does not serve to define that
format, but those interested in the original SILK codec should see

[ SI LK] instead.

The MDCT | ayer is based on the Constrai ned-Energy Lapped Transform
(CELT) codec [CELT]. It supports NB, WB, SWB, or FB audio and frame
sizes from2.5 ms to 20 ms, and requires an additional 2.5 ns | ook-
ahead due to the overlapping MDCT wi ndows. The CELT codec is

i nherently designed for CBR coding, but unlike nmany CBR codecs, it is
not limted to a set of predeternined rates. It internally allocates
bits to exactly fill any given target budget, and an encoder can
produce a VBR stream by varying the target on a per-frame basis. The
MDCT | ayer is not used for speech when the audi o bandwi dth is WB or
less, as it is not useful there. On the other hand, non-speech
signals are not always adequately coded using |inear prediction
Therefore, the MDCT | ayer should be used for nusic signals.

A "Hybrid" node allows the use of both |layers sinultaneously with a
frane size of 10 or 20 nms and an SWB or FB audi o bandwi dth. The LP
| ayer codes the | ow frequencies by resanpling the signal down to WB.
The MDCT | ayer follows, coding the high frequency portion of the
signal. The cutoff between the two lies at 8 kHz, the nmaxi num \\B
audi o bandwi dth. |In the MDCT | ayer, all bands bel ow 8 kHz are

di scarded, so there is no codi ng redundancy between the two | ayers.

The sanple rate (in contrast to the actual audi o bandw dth) can be
chosen i ndependently on the encoder and decoder side, e.g., a

full band signal can be decoded as wi deband, or vice versa. This
approach ensures a sender and receiver can always interoperate,
regardl ess of the capabilities of their actual audi o hardware.
Internally, the LP |l ayer always operates at a sanple rate of twce
the audi o bandwi dth, up to a maxi mum of 16 kHz, which it continues to
use for SWB and FB. The decoder sinply resanples its output to
support different sanple rates. The MDCT | ayer always operates
internally at a sanple rate of 48 kHz. Since all the supported
sanple rates evenly divide this rate, and since the decoder may
easily zero out the high frequency portion of the spectrumin the
frequency domain, it can sinply decimate the MDCT | ayer output to
achi eve the other supported sanple rates very cheaply.
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After conversion to the comon, desired output sanple rate, the
decoder sinply adds the output fromthe two |ayers together. To
conpensate for the different |ook-ahead required by each | ayer, the
CELT encoder input is delayed by an additional 2.7 ns. This ensures
that | ow frequencies and high frequencies arrive at the sane tine.
This extra delay may be reduced by an encoder by using |ess | ook-
ahead for noise shaping or using a sinpler resanpler in the LP |ayer,
but this will reduce quality. However, the base 2.5 nms | ook-ahead in
the CELT | ayer cannot be reduced in the encoder because it is needed
for the MDCT overl ap, whose size is fixed by the decoder.

Both | ayers use the sane entropy coder, avoiding any waste from
"paddi ng bits" between them The hybrid approach nmakes it easy to
support both CBR and VBR coding. Although the LP layer is VBR, the
bit allocation of the MDCT |ayer can produce a final streamthat is
CBR by using all the bits left unused by the LP | ayer.

2.1. Control Paraneters

The Qpus codec includes a nunber of control paraneters that can be
changed dynamically during regul ar operation of the codec, w thout
interrupting the audio streamfromthe encoder to the decoder. These
paraneters only affect the encoder since any inpact they have on the
bitstreamis signaled in-band such that a decoder can decode any Opus
stream wi t hout any out-of-band signaling. Any Qpus inplenentation
can add or nodify these control paraneters wi thout affecting
interoperability. The nost inportant encoder control paraneters in
the reference encoder are |listed bel ow

2.1.1. Bitrate
Qpus supports all bitrates from6 kbit/s to 510 kbit/s. Al other
paraneters being equal, higher bitrate results in higher quality.
For a frame size of 20 nms, these are the bitrate "sweet spots" for
Qpus in various configurations:
0 8-12 kbit/s for NB speech
0 16-20 kbit/s for WB speech
0 28-40 kbit/s for FB speech

0 48-64 kbit/s for FB npbno nusic, and

0O 64-128 kbit/s for FB stereo nusic.
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2.1.2. Nunber of Channels (Mono/ Stereo)

Qpus can transnit either nmono or stereo frames within a single
stream \Wen decoding a nono frame in a stereo decoder, the left and
right channels are identical, and when decoding a stereo frame in a
nono decoder, the nono output is the average of the left and right
channels. |In sone cases, it is desirable to encode a stereo input
streamin nono (e.g., because the bitrate is too |low to encode stereo
with sufficient quality). The nunber of channels encoded can be
selected in real-tine, but by default the reference encoder attenpts
to make the best decision possible given the current bitrate.

2.1.3. Audi o Bandwi dth

The audi o bandwi dt hs supported by Cpus are listed in Table 1. Just
like for the nunber of channels, any decoder can decode audio that is
encoded at any bandwi dth. For exanple, any Qpus decoder operating at
8 kHz can decode an FB Qpus frane, and any Opus decoder operating at
48 kHz can decode an NB frane. Similarly, the reference encoder can
take a 48 kHz input signal and encode it as NB. The higher the audio
bandwi dth, the higher the required bitrate to achi eve acceptabl e
quality. The audio bandwi dth can be explicitly specified in real -
time, but, by default, the reference encoder attenpts to make the
best bandwi dth deci sion possible given the current bitrate.

2.1.4. Frane Duration

Qpus can encode frames of 2.5, 5, 10, 20, 40, or 60 ms. It can also
conmbine multiple frames into packets of up to 120 ns. For real-tine
applications, sending fewer packets per second reduces the bitrate,
since it reduces the overhead fromI|P, UDP, and RTP headers.

However, it increases |latency and sensitivity to packet |osses, as

| osi ng one packet constitutes a |oss of a bigger chunk of audio.
Increasing the frane duration also slightly inproves coding
efficiency, but the gain beconmes snmall for frame sizes above 20 ns.
For this reason, 20 ns franes are a good choice for nost
applications.

2.1.5. Complexity
There are various aspects of the Qpus encodi ng process where trade-
of fs can be nade between CPU conplexity and quality/bitrate. 1In the
ref erence encoder, the conplexity is selected using an integer fromO
to 10, where 0 is the I owest conplexity and 10 is the highest.
Exanpl es of computations for which such trade-offs may occur are:

0 The order of the pitch analysis whitening filter [WH TEN NG,
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2.

2.

2.

0 The order of the short-term noise shaping filter

o The nunber of states in delayed decision quantization of the
resi dual signal, and

o0 The use of certain bitstream features such as variable time-
frequency resolution and the pitch post-filter.

1.6. Packet Loss Resilience

Audi o codecs often exploit inter-frame correlations to reduce the
bitrate at a cost in error propagation: after |osing one packet,
several packets need to be received before the decoder is able to
accurately reconstruct the speech signal. The extent to which Opus
exploits inter-frame dependencies can be adjusted on the fly to
choose a trade-off between bitrate and amount of error propagation

1.7. Forward Error Correction (FEC

Anot her nechani sm provi di ng robust ness agai nst packet loss is the in-
band Forward Error Correction (FEC). Packets that are determined to
contain perceptually inportant speech information, such as onsets or
transients, are encoded again at a lower bitrate and this re-encoded
information is added to a subsequent packet.

1.8. Constant/Variable Bitrate

Qous is nore efficient when operating with variable bitrate (VBR)
which is the default. When |low |l atency transm ssion is required over
a relatively slow connection, then constrai ned VBR can al so be used.
This uses VBRin a way that sinmulates a "bit reservoir"” and is

equi val ent to what MP3 (MPEG 1, Layer 3) and AAC (Advanced Audi o
Coding) call CBR (i.e., not true CBR due to the bit reservoir). In
sonme (rare) applications, constant bitrate (CBR) is required. There
are two nmain reasons to operate in CBR node

0 Wien the transport only supports a fixed size for each conpressed
frane, or

0 \When encryption is used for an audio streamthat is either highly
constrained (e.g., yes/no, recorded pronpts) or highly sensitive
[ SRTP- VBR] .

Bitrate may still be allowed to vary, even with sensitive data, as
long as the variation is not driven by the input signal (for exanple,
to match changi ng network conditions). To achieve this, an
application should still run Opus in CBR node, but change the target
rate before each packet.
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2.1.9. Discontinuous Transm ssion (DTX)

Di sconti nuous Transm ssion (DTX) reduces the bitrate during silence
or background noise. Wen DIX is enabled, only one frame is encoded
every 400 mlliseconds.

3. Internal Fram ng

The Qpus encoder produces "packets", which are each a contiguous set
of bytes neant to be transnmitted as a single unit. The packets
descri bed here do not include such things as IP, UDP, or RTP headers,
which are normally found in a transport-layer packet. A single
packet may contain nmultiple audio franes, so long as they share a
common set of paranmeters, including the operating node, audio
bandwi dt h, frame size, and channel count (mono vs. stereo). This
section describes the possible conbinations of these paraneters and
the internal fram ng used to pack multiple frames into a single
packet. This framing is not self-delimting. Instead, it assunes
that a |l ower layer (such as UDP or RTP [ RFC3550] or (Ogg [ RFC3533] or
Mat r oska [ MATROSKA- VEEBSI TE]) will comruni cate the I ength, in bytes,
of the packet, and it uses this information to reduce the framng
overhead in the packet itself. A decoder inplenmentation MJST support
the fram ng described in this section. An alternative, self-
delimting variant of the framng is described in Appendi x B

Support for that variant is OPTI ONAL.

Al bit diagrams in this docunent number the bits so that bit 0 is
the nmost significant bit of the first byte, and bit 7 is the |east
significant. Bit 8 is thus the nost significant bit of the second
byte, etc. Well-fornmed Qpus packets obey certain requirenents,

mar ked [ Rl] through [ R7] below. These are summarized in Section 3.4
along with appropriate neans of handling mal forned packets.

3.1. The TOC Byte

A well -formed OQpus packet MJUST contain at |east one byte [R1]. This
byte fornms a tabl e-of-contents (TOC) header that signals which of the
various nodes and configurations a given packet uses. It is conposed
of a configuration nunber, "config", a stereo flag, "s", and a franme
count code, "c", arranged as illustrated in Figure 1. A description

of each of these fields foll ows.
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0
01234567
R ok
| config |s| c
B i S S S

Figure 1: The TOC Byte

The top five bits of the TOC byte, |abeled "config", encode one of 32
possi bl e configurations of operating node, audi o bandw dth, and frane
size. As described, the LP (SILK) |ayer and MDCT (CELT) |ayer can be
conbined in three possible operating nodes:

1. A SILK-only node for use in low bitrate connections with an audio
bandwi dth of WB or |ess,

2. A Hybrid (SILK+CELT) node for SWB or FB speech at medi um
bitrates, and

3. A CELT-only node for very |ow del ay speech transni ssion as well
as nusic transmi ssion (NB to FB)

The 32 possible configurations each identify which one of these

operating nodes the packet uses, as well as the audi o bandw dth and
the frane size. Table 2 lists the paraneters for each configuration
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Fom e e i aaa o S S e e e e +
| Configuration | Mode | Bandwi dth | Franme Sizes |
| Nunber (s) | | | |
o e e e e e e e e oo S S o m e e e e e e me o oo +
| 0...3 | SILK-only | NB | 10, 20, 40, 60 ms

| | | | |
| 4...7 | SILK-only | MB | 10, 20, 40, 60 ns |
| | | | |
| 8...11 | SILK-only | WB | 10, 20, 40, 60 ns

| | | | |
| 12...13 | Hybrid | SwB | 10, 20 ms |
| | | | |
| 14...15 | Hybrid | FB | 10, 20 ms |
| | | | |
| 16...19 | CELT-only | NB | 2.5, 5, 10, 20 ns

| | | | |
| 20...23 | CELT-only | WB | 2.5, 5, 10, 20 ms

| | | | |
| 24...27 | CELT-only | SWB | 2.5, 5, 10, 20 ns |
| | | | |
| 28...31 | CELT-only | FB | 2.5, 5, 10, 20 ns

o e e e e e e e e oo S S o m e e e e e e me o oo +

Tabl e 2: TOC Byte Configuration Paraneters

The configuration nunbers in each range (e.g., 0...3 for NB SILK-
only) correspond to the various choices of frane size, in the sane
order. For example, configuration O has a 10 ns franme size and
configuration 3 has a 60 ns frame size

One additional bit, labeled "s", signals nono vs. stereo, with 0
i ndi cating nono and 1 indicating stereo.

The remaining two bits of the TOCC byte, |abeled "c", code the nunber

of franes per packet (codes 0 to 3) as follows:

o 0: 1 frane in the packet

o 1: 2 frames in the packet, each with equal conpressed size
o 2: 2 frames in the packet, with different conpressed sizes
o 3: an arbitrary nunber of franes in the packet

This docunent refers to a packet as a code 0 packet, code 1 packet,
etc., based on the value of "

c .
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3.2. Frane Packing

This section describes how frames are packed according to each
possi bl e value of "c¢" in the TCC byte.

3.2.1. Frane Length Codi ng

Wien a packet contains multiple VBR frames (i.e., code 2 or 3), the
conpressed |l ength of one or nore of these frames is indicated with a
one- or two-byte sequence, with the neaning of the first byte as
fol | ows:

0 0: No frane (Discontinuous Transm ssion (DTX) or |ost packet)
o 1...251: Length of the frame in bytes

0 252...255: A second byte is needed. The total length is
(second_byte*4)+first_byte

The special length O indicates that no frame is avail able, either
because it was dropped during transm ssion by sone intermediary or
because the encoder chose not to transmit it. Any Qpus frane in any
nmode MAY have a |l ength of O.

The maxi mum representable length is 255*4+255=1275 bytes. For 20 ns
franes, this represents a bitrate of 510 kbit/s, which is

approxi mately the highest useful rate for lossily conpressed full band
stereo nmusic. Beyond this point, |ossless codecs are nore
appropriate. It is also roughly the maxi mumuseful rate of the NMDCT
| ayer as, shortly thereafter, quality no | onger inproves wth
additional bits due to limtations on the codebook sizes.

No length is transmitted for the last frame in a VBR packet, or for
any of the franes in a CBR packet, as it can be inferred fromthe
total size of the packet and the size of all other data in the
packet. However, the length of any individual frame MJST NOT exceed
1275 bytes [R2] to all ow for repacketization by gateways, conference
bridges, or other software.

3.2.2. Code 0: One Frane in the Packet
For code 0 packets, the TOC byte is inmrediately followed by N1 bytes

of conpressed data for a single frane (where Nis the size of the
packet), as illustrated in Figure 2.
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0 1 2 3
01234567890123456789012345678901
T i i S i i S S e b s
| config |[s]|O]O] |
B i S S S |
| Conpressed frane 1 (N-1 bytes)... :
|

B e e i o e S e e i S S T e R i ik T TR o S S S e
Figure 2: A Code 0 Packet

3.2.3. Code 1: Two Franmes in the Packet, Each with Equal Conpressed
Si ze

For code 1 packets, the TOC byte is immediately foll owed by the
(N-1)/2 bytes of conpressed data for the first frame, foll owed by
(N-1)/2 bytes of conpressed data for the second frane, as illustrated
in Figure 3. The nunber of payl oad bytes avail able for conpressed
data, N1, MJST be even for all code 1 packets [R3].

0 1 2 3
01234567890123456789012345678901
B T S S e s e i s S i S S S S S S T S SR S S S i S S S

| config |s]|O]1]

B i ST NI :
| Conpressed frane 1 ((N-1)/2 bytes)...

: B o o i i i ik S S R SR
|+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-L l
| Conpressed frane 2 ((N-1)/2 bytes)...

: B i ST NI
| |

B s s i S S S o il S S S S
Figure 3: A Code 1 Packet

3.2.4. Code 2: Two Franmes in the Packet, with Different Conpressed
Si zes

For code 2 packets, the TOC byte is foll owed by a one- or two-byte
sequence indicating the length of the first frane (narked N1 in
Figure 4), followed by N1 bytes of conpressed data for the first
frane. The remaining N-N1-2 or N-N1-3 bytes are the conpressed data
for the second frame. This is illustrated in Figure 4. A code 2
packet MUST contain enough bytes to represent a valid length. For
exanple, a 1-byte code 2 packet is always invalid, and a 2-byte code
2 packet whose second byte is in the range 252...255 is also invalid.
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The length of the first frame, N1, MJIST also be no |arger than the
size of the payload renmaining after decoding that length for all code
2 packets [R4]. This nakes, for exanple, a 2-byte code 2 packet with
a second byte in the range 1...251 invalid as well (the only valid
2-byte code 2 packet is one where the length of both franes is zero).

0 1 2 3
01234567890123456789012345678901
i T o T e e e et o S s S R R SR
| config |s|1]0] Nl (1-2 bytes): |
B il i S S S S S T S S :
| Conpressed franme 1 (N1 bytes)...
: i T S e TR TR o E
| | |
e e i Sl T S R SR |
| Conpressed frane 2... :
: |
| |
e e i i e T S i S e e e R
Figure 4: A Code 2 Packet
3.2.5. Code 3: A Signaled Nunber of Franes in the Packet

Code 3 packets signal the nunber of frames, as well as additional
paddi ng, called "Opus padding" to indicate that this padding is added
at the Qpus layer rather than at the transport layer. Code 3 packets
MUST have at |east 2 bytes [R6,R7]. The TOC byte is followed by a
byte encodi ng the nunber of frames in the packet in bits 2 to 7
(marked "M in Figure 5), with bit 1 indicating whether or not Qpus
padding is inserted (marked "p" in Figure 5), and bit O indicating
VBR (marked "v" in Figure 5). M MJST NOT be zero, and the audio
duration contained within a packet MUST NOT exceed 120 ms [R5]. This
limts the maxi num frame count for any frame size to 48 (for 2.5 ns
franes), with lower limts for longer frame sizes. Figure 5
illustrates the layout of the franme count byte.

0
01234567
B
| v| pl M |
B e S S T

Figure 5: The franme count byte
When Opus padding is used, the number of bytes of padding is encoded

in the bytes following the frame count byte. Values fromO...254
indicate that 0...254 bytes of padding are included, in addition to
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the byte(s) used to indicate the size of the padding. |If the value
is 255, then the size of the additional padding is 254 bytes, plus

t he paddi ng val ue encoded in the next byte. There MJST be at | east
one nore byte in the packet in this case [R6,R7]. The additiona
paddi ng bytes appear at the end of the packet and MJST be set to zero
by the encoder to avoid creating a covert channel. The decoder MJST
accept any value for the paddi ng bytes, however.

Al t hough this encoding provides nmultiple ways to indicate a given
nunber of paddi ng bytes, each uses a different nunber of bytes to

i ndi cate the padding size and thus will increase the total packet
size by a different anount. For exanple, to add 255 bytes to a
packet, set the padding bit, p, to 1, insert a single byte after the
franme count byte with a value of 254, and append 254 paddi ng bytes
with the value zero to the end of the packet. To add 256 bytes to a
packet, set the padding bit to 1, insert two bytes after the frame
count byte with the values 255 and 0, respectively, and append 254
paddi ng bytes with the value zero to the end of the packet. By using
the value 255 nultiple times, it is possible to create a packet of
any specific, desired size. Let P be the nunber of header bytes used
to indicate the padding size plus the nunber of paddi ng bytes
thenselves (i.e., Pis the total nunber of bytes added to the
packet). Then, P MJST be no nore than N-2 [R6, R7].

In the CBR case, let R=N-2-P be the nunber of bytes remaining in the
packet after subtracting the (optional) padding. Then, the
conpressed length of each frame in bytes is equal 