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1. Introduction

Thi s docunent provides requirenents for an audi o codec designed

11

specifically for use over the Internet. The requirements attenpt to

address the needs of the npst common Internet interactive audio
transm ssi on applications and ensure good quality when operating in
conditions that are typical for the Internet. These requirenments

al so address the quality, sampling rate, delay, bit-rate, and packet-
| oss robustness. O her desirable codec properties are considered as

wel | .
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2. Definitions

Thr oughout this document, the foll owi ng conventions refer to the
sanpling rate of a signal

Narrowband: 8 kil ohertz (kHz)

W deband: 16 kHz

Super - wi deband: 24/ 32 kHz

Ful | - band: 44.1/48 kHz
Codec bit-rates in bits per second (bit/s) will be considered w thout
counting any overhead ((IP/ UDP/ RTP) headers, padding, etc.). The
codec delay is the total algorithm c delay when one adds the codec
frame size to the "l ook-ahead". Thus, it is the m ninum
theoretically achi evabl e end-to-end delay of a transm ssion system
that uses the codec.

3. Applications

The foll owi ng applications should be considered for Internet audio
codecs, along with their requirements:

0 Point-to-point calls
o0 Conferencing
0 Tel epresence
0 Tel eoperation
o0 In-ganme voice chat
0 Live distributed music performances / Internet nusic | essons
0 Delay-tol erant networking or push-to-talk services
0 Oher applications
3.1. Point-to-Point Calls
Point-to-point calls are voice over IP (VolP) calls fromtwo
"standard" (fixed or nobile) phones, and inplenented in hardware or
software. For these applications, a wi deband codec is required,

al ong wi th narrowband support for conpatibility with a public
swi tched tel ephone network (PSTN). It is expected for the range of
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useful bit-rates to be 12 - 32 kilobits per second (kbit/s) for

wi deband speech and 8 - 16 kbit/s for narrowband speech. The codec
del ay nust be less than 40 m|liseconds (ms), but no nore than 25 ns
is desirable. Support for encoding nusic is not required, but it is
desirabl e for the codec not to nake background (on-hold) nusic
excessively unpl easant to hear. Al so, the codec should be robust to
noi se (produce intelligible speech and no annoying artifacts) even at
| ower bit-rates.

3.2. Conferencing

Conf erenci ng applications (that support multi-party calls) have
additional requirenments on top of the requirenents for point-to-point
calls. Conferencing systens often have higher-fidelity audio

equi prent and have greater network bandw dth available -- especially
when video transm ssion is involved. Therefore, support for super-
wi deband audi o becones inportant, with useful bit-rates in the 32 -
64 kbit/s range. The ability to vary the bit-rate, according to the
"difficulty" of the audio signal, is a desirable feature for the
codec. This not only saves bandw dth "on average", but it can al so
hel p conference servers make nore efficient use of the available
bandwi dt h, by using nore bandw dth for inportant audi o streans and

| ess bandwidth for |less inportant ones (e.g., background noise).

Conf erenci ng end-points often operate in hands-free conditions, which
creates acoustic echo problems. Therefore, |lower delay is inmportant,
as it reduces the quality degradation due to any residual echo after

acoustic echo cancellation (AEC). Consequently, the codec del ay nust
be less than 30 ns for this application. An optional |ow delay node

with less than 10 nms delay is desirable, but not required.

Most conferencing systens operate with a bridge that mixes some (or
all) of the audio streanms and sends them back to all the
participants. In that case, it is inportant that the codec not
produce annoying artifacts when two voices are present at the sane
time. Also, this mxing operation should be as easy as possible to
perform To make it easier to deternine which streans have to be

m xed (and whi ch are noise/silence), it nmust be possible to measure
(or estimate) the voice activity in a packet wi thout having to fully
decode the packet (saving nost of the conplexity when the packet need
not be decoded). Also, the ability to save on the conputationa
conplexity when mixing is also desirable, but not required. For
exanpl e, a transform codec nay nmeke it possible to nix the streans in
the transform domain, w thout having to go back to tine-domain. Low
compl exi ty up-sanpling and down-sanpling within the codec is also a
desirabl e feature when mxing streans with different sanpling rates
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3.3. Tel epresence

Most tel epresence applications can be considered to be essentially
very high-quality video-conferencing environnents, so all of the
conferencing requirenments also apply to telepresence. |n addition,
tel epresence applications require super-w deband and full-band audi o
capability with useful bit-rates in the 32 - 80 kbit/s range. Wile
voice is still the nost inmportant signal to be encoded, it nust be
possible to obtain good quality (even if not transparent) rmusic.

Most tel epresence applications require nore than one audi o channel,
so support for stereo and multi-channel is inportant. While this can
al ways be acconplished by encoding nultiple single-channel streans,

it is preferable to take advantage of the redundancy that exists

bet ween channel s.

3.4. Tel eoperation and Renote Software Services

Tel eoperation applications are simlar to tel epresence, with the
exception that they involve renote physical interactions. For
exanpl e, the user may be controlling a robot while receiving real -
time audio feedback fromthat robot. For these applications, the
delay has to be less than 10 ns. The other requirenents of

tel epresence (quality, bit-rate, nulti-channel) apply to

tel eoperation as well. The only exception is that mixing is not an
i mportant issue for tel eoperation

The requirenents for renpte software services are simlar to those of
tel eoperation. These applications include renote desktop
applications, renote virtualization, and interactive nedia
application being rendered renotely (e.g., video ganes rendered on
central servers). For all these applications, full-band audio with
an algorithm c delay below 10 ns are inportant.

3.5. In-Gne Voice Chat

An increasi ng nunber of conputer/consol e games nake use of VolP to
all ow pl ayers to communicate in real time. The requirenments for
gaming are simlar to those of conferencing, with the main difference
bei ng that narrowband conpatibility is not necessary. Wile for nobst
applications a codec delay up to 30 nms is acceptable, a |lowdelay (<
10 nms) option is highly desirable, especially for ganes with rapid
interactions. The ability to use variable bit-rate (VBR) (with a
maxi mum al l owed bit-rate) is also highly desirable because it can
significantly reduce the bandw dth requirenment for a game server

Valin & Vos I nf or mat i onal [ Page 5]



RFC 6366 Audi o Codec Requirenents August 2011

3.6. Live Distributed Music Performances / |Internet Misic Lessons

Li ve nusic over the Internet requires extrenely | ow end-to-end del ay
and is one of the nost demandi ng applications for interactive audio
transm ssion. |t has been observed that for nobst scenarios, total
end-to-end delays up to 25 ns could be tolerated by nusicians, with
the absolute linit (where none of the scenarios are possible) being
around 50 ms [carot09]. 1In order to achieve this |ow delay on the
Internet -- either in the sane city or in a nearby city -- the
networ k propagation tine nust be taken into account. Wen also
subtracting the delay of the audio buffer, jitter buffer, and
acoustic path, that |eaves around 2 ns to 10 ns for the total delay
of the codec. Considering the speed of light in fiber, every 1 ns
reduction in the codec del ay increases the range over which
synchroni zati on is possible by approxi mtely 200 km

Acoustic echo is expected to be an even nore inportant issue for
network nmusic than it is in conferencing, especially considering that
the music quality requirements essentially forbid the use of a "non-
i near processor” (NLP) with AEC. This is another reason why very

| ow delay is essential

Considering that the application is nusic, the full audi o bandw dth
(44.1 or 48 kHz sanpling rate) nust be transmitted with a bit-rate
that is sufficient to provide near-transparent to transparent
quality. Wth the current audio coding technol ogy, this corresponds
to approximately 64 kbit/s to 128 kbit/s per channel. As for

tel epresence, support for two or nore channels is often desired, so
it would be useful for a codec to be able to take advantage of the
redundancy that is often present between audi o channels.

3.7. Delay-Tol erant Networking or Push-to-Tal k Services

Internet transm ssions are subjected to interruptions of connectivity
that severely disturb a phone call. This nay happen in cases of
route changes, handovers, slow fading, or device failures. To
overcone this distortion, the phone call can be halted and resuned
after the connectivity has been reestablished again.

Also, if transm ssion capacity is lower than the mninal coding rate,
switching to a push-to-talk node still allows for effective

comuni cation. In this situation, voice is transmitted at slower-
than-real -time bit-rate and conversations are interrupted until the
speech has been transmtted.

These nodes require interrupting the audi o playout and conti nuing
after a pause of arbitrary duration.
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3.8. Oher Applications

The above list is by no nmeans a conplete list of all applications
involving interactive audio transm ssion on the Internet. However,
it is believed that neeting the needs of all these different
applications should be sufficient to ensure that the needs of other
applications not listed will also be net.

4. Constraints Inposed by the Internet on the Codec

Packet | osses are inevitable on the Internet, and dealing with them
is one of the nost fundanental requirenents for an Internet audio
codec. While any audi o codec can be conbined with a good packet-1o0ss
conceal ment (PLC) algorithm the inportant aspect is what happens on
the first packets received _after_the loss. Mre specifically, this
means t hat:

0 it should be possible to interpret the contents of any received
packet, irrespective of previous |osses as specified in BCP 36
[ PAYLOADS] ; and

o the decoder should re-synchronize as quickly as possible (i.e.,
the out put should quickly converge to the output that woul d have
been obtained if no | oss had occurred).

The constraint of being able to decode any packet inplies the
foll owi ng considerations for an audi o codec:

0 The size of a conpressed frane nust be kept snaller than the MIu
to avoid fragnentation

o The interpretation of any paranmeter encoded in the bit-stream nust
not depend on information contained in other packets. For
exanple, it is not acceptable for a codec to allow signaling a
node change in one packet and assune that subsequent franes wll
be decoded according to that node

Al though the interpretation of paraneters cannot depend on ot her
packets, it is still reasonable to use sone anount of prediction
across franmes, provided that the predictors can resynchroni ze quickly
in case of a |lost packet. In this case, it is inportant to use the
best conpromni se between the gain in coding efficiency and the loss in
packet | oss robustness due to the use of inter-frame prediction. It
is a desirable property for the codec to allow sone real-tine contro
of that trade-off, so that it can take advantage of nore prediction
when the loss rate is small, while being nore robust to | osses when
the loss rate is high.
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To i nprove the robustness to packet loss, it would be desirable for
the codec to allow an adaptive (data- and network-dependent) anount
of side information to help inprove audio quality when | osses occur
For exanple, side information nmay include the retransm ssion of
certain paraneters encoded in the previous frane(s).

To ensure freedom of inplenentation, decoder-side-only error

conceal ment does not need to be specified, although a functional PLC
algorithmis desirable as part of the codec reference inplenmentation
Qovi ously, any information signaled in the bit-streamintended to aid
PLC needs to be specified.

Anot her inportant property of the Internet is that it is nostly a
best-effort network, with no guaranteed bandwi dth. This neans that
the codec has to be able to vary its output bit-rate dynamcally (in
real tine), without requiring an out-of-band signaling nechanism and
wi t hout causing audible artifacts at the bit-rate change boundari es.
Addi tional desirable features are:

0 Having the possibility to use snmooth bit-rate changes with one
byte/frame resol ution;

o Mking it possible for a codec to adapt its bit-rate based on the
source signal being encoded (source-controlled VBR) to maxim ze
the quality for a certain _average_ bit-rate.

Because the Internet transmits data in bytes, a codec shoul d produce
conpressed data in integer nunbers of bytes. |In general, the codec
desi gn should take into consideration explicit congestion
notification (ECN) and may include features that woul d inprove the
quality of an ECN i npl enmentati on.

The | ETF has defined a set of application-layer protocols to be used
for transmtting real-tine transport of nultinedia data, including
voice. Thus, it is inportant for the resulting codec to be easy to
use with these protocols. For exanple, it nust be possible to create
an [ RTP] payload format that conforns to BCP 36 [ PAYLOADS]. |If any
codec parameters need to be negoti ated between end-points, the
negoti ati on should be as easy as possible to carry over session
initiation protocol (SIP) [RFC3261]/ session description protoco
(SDP) [ RFC4566] or alternatively over extensible nessagi ng and
presence protocol (XMPP) [RFC6120] / Jingle [ XEP-0167].

5. Detailed Basic Requirements
This section summarizes all the constraints inposed by the target

applications and by the Internet into a set of actual requirenents
for codec devel opnent.
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5.1. Operating Space
The operating space for the target applications can be divided in
terns of delay: nobst applications require a "nedi umdel ay" (20-30
nme), while a fewrequire a "very low delay" (< 10 nms). It nakes
sense to divide the space based on del ay because | owering the del ay
has a cost in ternms of quality versus bit-rate.

For medi um del ay, the resulting codec nmust be able to efficiently
operate within the followi ng range of bit-rates (per channel):

o Narrowband: 8 kbit/s to 16 kbit/s
0 Wdeband: 12 to 32 kbit/s

0 Super-wi deband: 24 to 64 kbit/s

o Full-band: 32 to 80 kbit/s

Qovi ously, a | ower-del ay codec that can operate in the above range is
al so accept abl e.

For very low delay, the resulting codec will need to operate within
the followi ng range of bit-rates (per channel):

0 Super-wi deband: 32 to 80 kbit/s
o Full-band: 48 to 128 kbit/s
0 (Narrowband and wi deband not required)

5.2. Quality and Bit-Rate
The quality of a codec is directly linked to the bit-rate, so these
two nmust be considered jointly. Wen conparing the bit-rate of
codecs, the overhead of | P/ UDP/ RTP headers shoul d not be consi dered,
but any additional bits required in the RTP payl oad format, after the
header (e.g., required signaling), should be considered. 1In ternms of
quality versus bit-rate, the codec to be devel oped nust be better
than the followi ng codecs, that are generally considered royalty-
free:

o For narrowband: Speex (NB) [Speex], and internet low bit-rate
codec (iLBC)(*) [RFC3951]

o For wi deband: Speex (WB) [Speex], G 722.1(*) [ITU. Gr22.1]

o0 For super-wi deband/fullband: G 722.1C(*) [ITU. Gr22. 1]
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The codecs marked with (*) have additional |icensing restrictions,
but the codec to be devel oped should still not performsignificantly
worse. In addition to the quality targets |isted above, a desirable

objective is for the codec quality to be no worse than Adaptive
Multi-Rate (AVMR-NB) and Adaptive Milti-Rate Wdeband (AVR-VB)

Qual ity should be measured for multiple |anguages, including tona
| anguages. The case of multiple sinultaneous voices (as sonetines
happens in conferencing) should be evaluated as well.

The conparison with the above codecs assunmes that the codecs being
conpared have simlar delay characteristics. The bit-rate required,
for a certain level of quality, nmay be higher than the referenced

codecs in cases where a nmuch lower delay is required. |In that case,
the increase in bit-rate nust be less than the ratio between the
del ays.

It is desirable for the codecs to support source-controlled variable
bit-rate (VBR) to take advantage of different inputs, that require a
different bit-rate, to achieve the sane quality. However, it should

still be possible to use the codec at a truly constant bit-rate to
ensure that no information | eak is possible when using an encrypted
channel

5.3. Packet-Loss Robustness

Robust ness to packet loss is a very inportant aspect of any codec to
be used on the Internet. Codecs nust maintain acceptable quality at
|l oss rates up to 5% and nmaintain good intelligibility up to 15%1 oss
rate. At any sanpling rate, bit-rate, and packet-1loss rate, the
quality rmust be no less than the quality obtained with the Speex
codec or the d obal System for Mbile Comrunications - Full Rate
(GSM FR) codec in the same conditions. The actual packet-1o0ss
"patterns” to be used in testing nust be obtained fromreal packet-

| oss traces collected on the Internet, rather than froml oss nodels.
These traces should be representative of the typical environments in
whi ch the applications of Section 3 operate. For exanple, traces
related to Vol P calls should consider the |oss patterns observed for
typi cal home broadband and corporate connections.

5.4. Conputational Resources

The resulting codec should be inplenentabl e on a wi de range of

devi ces, so there should be a fixed-point inplenmentation or at |east
assurance that a reasonable fixed-point is possible. The

comput ational resources figures |listed bel ow are nmeant to be upper
bounds. Even bel ow these bounds, resources should still be

m nimzed. Any proposed increase in conputational resources
consunption (e.g., to increase quality) should be carefully eval uated
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even if the resulting resource consunption is bel ow the upper bound.
Havi ng vari able conplexity would be useful (but not required) in
achieving that goal as it would allowtrading quality/bit-rate for

| ower conplexity.

The conputational requirenents for real-tine encodi ng and decodi ng of
a mono signal on one core of a recent x86 CPU (as nmeasured with the
Unix "time" utility or equivalent) are as foll ows:

o0 Narrowband: 40 negahertz (MHz) (2% of a 2 gigahertz (GHz) CPU
core)

0 Wdeband: 80 MHz (4% of a 2 GHz CPU core)
0 Super-w deband/ful | band: 200 MHz (10% of a 2 GHz CPU core)

It is desirable that the M1z values |isted above al so be achievabl e
on fixed-point digital signal processors that are capable of single-
cycle multiply-accunul ate operations (16x16 multiplication

accunul ated into 32 bits).

For applications that require mxing (e.g., conferencing), it should
be possible to estimate the energy and/or the voice activity status
of the decoded signal with | ess than 10% of the conplexity figures
listed above.

It is the intent to maxim ze the range of devices on which a codec
can be inplemented. Therefore, the reference inplenentati on nust not
depend on special hardware features or instructions to be present in
order to neet the conplexity requirement. However, it may be
desirabl e to take advantage of such hardware when avail able, (e.g.
hardware accel erators for operations |ike Fast Fourier Transforns
(FFT) and convolutions). A codec should also minimze the use of
saturating arithnmetic so as to be inplenentable on architectures that
do not provide hardware saturation (e.g., ARW4).

The conbi ned codec size and data read-only nenory (ROM should be
smal | enough not to cause significant inplenentation problens on

typi cal enmbedded devices. The codec context/state size required
shoul d be no nore than 2*R*C bytes in floating-point, where Ris the
sanpling rate and C is the nunber of channels. For fixed-point, that
size should be less than R*C. The scratch space required should al so
be less than 2*R*C bytes for floating point or |less than R*C bytes
for fixed-point.
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6

6

6

Addi ti onal Consi derations

There are additional features or characteristics that may be
desirabl e under sone circunstances, but should not be part of the
strict requirenents. The benefit of neeting these considerations
shoul d be wei ghted agai nst the associ ated cost.

1. Low Conplexity Audio M xing

In many applications that require a mxing server (e.g.,
conferencing, ganes), it is inportant to mnimze the conputationa
cost of the mixing. As nmuch as possible, it should be possible to
performthe mxing with fewer conputations than it would take to
decode all the streams, mix them and re-encode the result.
Properties that reduce the conplexity of the m xi ng process incl ude:

o0 The ability to derive sufficient paraneters, such as |oudness
and/ or spectral envel ope, for estimating voice activity of a
conmpressed frane without fully decoding that frane;

o The ability to mx the streans in an internediate representation
(e.g., transformdomain), rather than having to fully decode the
signals before the m xing;

0 The use of bit-streamlayers (Section 6.3) by aggregating a snall
nunber of active streams at |ower quality.

For conferencing applications, the total conplexity of the decoding,
voice activity detection (VAD), and m xi ng shoul d be consi dered when
eval uati ng proposal s.

2. Encoder Side Potential for |nprovenent

In many codecs, it is possible to inprove the quality by inproving
the encoder wi thout breaking conpatibility (i.e., wthout changing
the decoder). Potential for inprovenent varies fromone codec to
another. It is generally low for pul se code nodul ation (PCM or
adaptive differential pulse code nodul ati on (ADPCM codecs and hi gher
for perceptual transform codecs. Al things being equal, being able
to inprove a codec after the bit-streamis a desirable property.
However, this should not be done at the expense of quality in the

ref erence encoder. Qher potential inprovenents include signal-
adaptive frame size selection and inproved di sconti nuous transmni ssion
(DTX) algorithms that take advantage of predicting the decoder sides
packet | oss conceal nent (PLC) al gorithns.
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6.3. Layered Bit-Stream

A |l ayered codec nakes it possible to transmt only a certain subset
of the bits and still obtain a valid bit-streamwith a quality that
is equivalent to the quality that would be obtai ned from encodi ng at
the corresponding rate. Wile this is not a necessary feature for
nmost applications, it can be desirable for cases where a "nmixing
server" needs to handle a | arge nunber of streams with limted
comput ati onal resources

6.4. Partial Redundancy

One possi bl e way of increasing robustness to packet loss is to

i nclude partial redundancy wi thin packets. This can be achieved
either by including the base |ayer of the previous frame (for a

| ayered codec) or by transmtting other paranmeters fromthe previous
frane(s) to assist the PLC algorithmin case of loss. The ability to
i nclude partial redundancy for high-loss scenarios is desirable,
provided that the feature can be dynamically turned on or off (so
that no bandwi dth is wasted in case of |oss-free transm ssion).

6.5. Stereo Support

It is highly desirable for the codec to have stereo support. At a

m ni mum the codec should be able to encode two channel s

i ndependently without causing significant stereo image artifacts. It
is also desirable for the codec to take advantage of the inter-
channel redundancy in stereo audio to reduce the bit-rate (for an
equi val ent quality) of stereo audio conpared to coding channel s

i ndependent | y.

6. 6. Bit Error Robustness

The vast nmpjority of Internet-based applications do not need to be
robust to bit errors because packets either arrive unaltered or do
not arrive at all. Therefore, the enphasis should be on packet-I|oss
robust ness and packet-1|oss conceal nent. That being said, often, the
extra robustness to bit errors can be achieved at no cost at al
(i.e., noincrease in size, conplexity, or bit-rate; no decrease in
quality, or packet-loss robustness, etc.). |In those cases, it is
useful to nmake a change that increases the robustness to bit errors.
This can be useful for applications that use UDP Lite transni ssion
(e.g., over a wireless LAN). Robustness to packet |oss should
*never* be sacrificed to achieve higher bit error robustness.
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6.7. Time Stretching and Shortening

When adaptive jitter buffers are used, it is often necessary to
stretch or shorten the audio signal to allow changes in buffering.
Wil e this operation can be perforned directly on the decoder’s
output, it is often nore conputationally efficient to stretch or
shorten the signal directly within the decoder. It is desirable for
the reference inplenentation to provide a time stretching/shortening
i npl ement ation, although it should not be normative.

6.8. | nput Robustness

The systens providing input to the encoder and receiving output from
the decoder may be far fromideal in actual use. Input and out put
audi o streans may be corrupted by compoundi ng non-linear artifacts
from anal og hardware and digital processing. The codecs to be

devel oped should be tested to ensure that they degrade gracefully
under adverse audio input conditions. Types of digital corruption
that may be tested include tandening, transcoding, lowquality
resanpling, and digital clipping. Types of analog corruption that
may be tested include m crophones with substantial background noi se,
anal og clipping, and | oudspeaker distortion. No specific end-to-end
quality requirements are nandated for use with the proposed codec.

It is advisable, however, that several typical in situ environnents/
processi ng chai ns be specified for the purpose of benchmarking end-
to-end quality with the proposed codec.

6.9. Support of Audio Forensics

Emergency calls can be analyzed using audio forensics if the context
and situation of the caller has to be identified. Thus, it is
inmportant to transmt not only the voice of the callers well, but
also to transmt background noise at high quality. In these
situations, sounds or noises of |ow volunme should al so not be
conpressed or dropped. Therefore, the encoder nust allow DTX to be
di sabl ed when required (e.g., for emergency calls).

6.10. Legacy Conpatibility

In order to create the best possible codec for the Internet, there is
no requirenent for conpatibility with | egacy Internet codecs.

7. Security Considerations

Al t hough this docunment itself does not have security considerations,
this section describes the security requirenents for the codec.
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As for any protocol to be used over the Internet, security is a very
i mportant aspect to consider. This goes beyond the obvious

consi derations of preventing buffer overflows and simlar attacks
that can |l ead to denial-of-service (DoS) or renpte code execution
One very inportant security aspect is to nake sure that the decoders
have a bounded and reasonabl e worst-case conplexity. This prevents
an attacker from causing a DoS by sending packets that are specially
crafted to take a very long (or infinite) time to decode.

A nore subtle aspect is the information |eak that can occur when the
codec is used over an encrypted channel (e.g., [SRTP]). For exanple,
it was suggested [wight08] [whitell] that use of source-controlled
VBR may reveal sone infornmation about a conversation through the size
of the conpressed packets. Therefore, it should be possible to use
the codec at a truly constant bit-rate, if needed.

8. Acknow edgnents

We would like to thank all the people who contributed directly or
indirectly to this docunent, including Slava Borilin, Christopher
Mont gomrery, Raynond (Jui n- Hmey) Chen, Jason Fischl, G egory Maxwell,
Al an Duric, Jonathan Christensen, Julian Spittka, M chael Knappe,
Christian Hoene, and Henry Sinnreich. W would also like to thank
Cul I en Jenni ngs, Jonathan Rosenberg, and Gregory Lebovitz for their

advi ce.
9. Informative References

[ RFC3261] Rosenberg, J., Schul zrinne, H, Canmarillo, G, Johnston,
A., Peterson, J., Sparks, R, Handley, M, and E
School er, "SIP: Session Initiation Protocol", RFC 3261
June 2002.

[ RFC4566] Handl ey, M, Jacobson, V., and C Perkins, "SDP:. Session
Description Protocol", RFC 4566, July 2006

[ RFC6120] Sai nt-Andre, P., "Extensible Messagi ng and Presence

Protocol (XMPP): Core", RFC 6120, March 2011.

[ XEP- 0167] Ludwig, S., Saint-Andre, P., Egan, S., MQueen, R, and
D. Conoiu, "Jingle RTP Sessions", XSF XEP 0167,
Decenber 2009.

[ RFC3951] Andersen, S., Duric, A, Astrom H., Hagen, R, Kleijn,

W, and J. Linden, "Internet Low Bit Rate Codec (iLBQC)",
RFC 3951, Decenber 2004.

Valin & Vos I nf or mat i onal [ Page 15]



RFC 6366 Audi o Codec Requirenents August 2011

[1TU Gr22.1] International Tel ecommuni cations Union, "Low conplexity
coding at 24 and 32 kbit/s for hands-free operation in
systens with low frame | oss”", | TU T Reconmrendati on
G 722.1, May 2005.

[ Speex] Xi ph. Org Foundation, "Speex: http://ww.speex.org/",
2003.
[ carot 09] Carot, A, Werner, C., and T. Fischinger, "Towards a

Conpr ehensi ve Cognitive Anal ysis of Del ay-Infl uenced
Rhyt hm cal Interaction:
http://ww. carot.de/icnc2009. pdf", 20009.

[ PAYLOQADS] Handl ey, M and C. Perkins, "Quidelines for Witers of
RTP Payl oad Format Specifications”, BCP 36, RFC 2736,
Decenber 1999.

[ RTP] Schul zrinne, H, Casner, S., Frederick, R, and V.
Jacobson, "RTP: A Transport Protocol for Real-Tine
Applications", STD 64, RFC 3550, July 2003.

[ SRTP] Baugher, M, MGew, D., Naslund, M, Carrara, E, and
K. Norrman, "The Secure Real -tine Transport Protocol
(SRTP)", RFC 3711, March 2004.

[ wight 08] Wight, C, Ballard, L., Coull, S., Mnrose, F., and G
Masson, "Spot me if you can: Uncovering spoken phrases
in encrypted Vol P conversations:
http://ww. cs. j hu. edu/ ~cw i ght/ oakl and08. pdf ", 2008.

[ whitell] Wiite, A, Matthews, A, Snow, K, and F. Monrose,
"Phonot acti ¢ Reconstruction of Encrypted Vol P
Conversations: Hookt on fon-iks
http://ww. cs. unc. edu/ ~f abi an/ paper s/ f oni ks- oak11. pdf ",
2011.

Valin & Vos I nf or mat i onal [ Page 16]



RFC 6366 Audi o Codec Requirenents August 2011

Aut hors’ Addresses

Jean-Marc Valin

Mzilla

650 Castro Street
Mountain View, CA 94041
USA

EMail: jnvalin@nvalin.ca
Koen Vos

Skype Technol ogi es, S. A
St adsgarden 6

St ockhol m 11645

Sweden

EMai | : koen. vos@kype. net

Valin & Vos I nf or mat i onal [ Page 17]






