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RTP Profile for Audio and Video Conferences with Mnimal Contro
Status of this Meno

Thi s docunent specifies an Internet standards track protocol for the
Internet conmunity, and requests discussion and suggestions for

i mprovenents. Please refer to the current edition of the "Internet
O ficial Protocol Standards" (STD 1) for the standardization state
and status of this protocol. Distribution of this nemo is unlimted.

Abst ract

This meno describes a profile for the use of the real-tine transport
protocol (RTP), version 2, and the associated control protocol, RTCP
wi thin audio and video multiparticipant conferences with mnim
control. It provides interpretations of generic fields within the RTP
specification suitable for audio and video conferences. In
particular, this document defines a set of default nappings from

payl oad type nunbers to encodi ngs.

The docunent al so descri bes how audi o and vi deo data nmay be carried
within RTP. It defines a set of standard encodi ngs and their nanes
when used within RTP. However, the encoding definitions are

i ndependent of the particular transport nechani smused. The
descriptions provide pointers to reference inplenmentations and the
detail ed standards. This document is nmeant as an aid for inplenentors
of audi o, video and other real-tinme multinedi a applications.

1. Introduction

This profile defines aspects of RTP left unspecified in the RTP
Version 2 protocol definition (RFC 1889). This profile is intended
for the use within audio and video conferences with mnimal session
control. In particular, no support for the negotiation of paraneters
or nmenbership control is provided. The profile is expected to be
useful in sessions where no negotiation or nmenbership control are
used (e.g., using the static payl oad types and the menbership

i ndi cations provided by RTCP), but this profile may al so be useful in
conjunction with a higher-level control protocol
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Use of this profile occurs by use of the appropriate applications;
there is no explicit indication by port nunber, protocol identifier
or the like.

O her profiles may make different choices for the itens specified
her e.

2. RTP and RTCP Packet Forns and Protocol Behavi or

The section "RTP Profiles and Payl oad Format Specification”

enuner ates a nunber of items that can be specified or nodified in a
profile. This section addresses these itens. Generally, this profile
follows the default and/or recomended aspects of the RTP

speci fication.

RTP data header: The standard format of the fixed RTP data header is
used (one marker bit).

Payl oad types: Static payload types are defined in Section 6.

RTP data header additions: No additional fixed fields are appended to
the RTP data header.

RTP data header extensions: No RTP header extensions are defined, but
applications operating under this profile may use such
ext ensi ons. Thus, applications should not assune that the RTP
header X bit is always zero and should be prepared to ignore the
header extension. |If a header extension is defined in the
future, that definition nust specify the contents of the first
16 bits in such a way that nultiple different extensions can be
i dentified.

RTCP packet types: No additional RTCP packet types are defined by
this profile specification.

RTCP report interval: The suggested constants are to be used for the
RTCP report interval calculation

SR/ RR extension: No extension section is defined for the RTCP SR or
RR packet .

SDES use: Applications may use any of the SDES itens descri bed.
While CNAME information is sent every reporting interval, other
items should be sent only every fifth reporting interval.

Security: The RTP default security services are also the default
under this profile.
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String-to-key mapping: A user-provided string ("pass phrase") is
hashed with the MD5 algorithmto a 16-octet digest. An n-bit key
is extracted fromthe digest by taking the first n bits fromthe
digest. If several keys are needed with a total |length of 128
bits or less (as for triple DES), they are extracted in order
fromthat digest. The octet ordering is specified in RFC 1423,
Section 2.2. (Note that sonme DES i npl enentations require that
the 56-bit key be expanded into 8 octets by inserting an odd
parity bit in the nost significant bit of the octet to go with
each 7 bits of the key.)

It is suggested that pass phrases are restricted to ASCI| letters,
digits, the hyphen, and white space to reduce the the chance of
transcription errors when conveyi ng keys by phone, fax, telex or
emai |

The pass phrase may be preceded by a specification of the encryption
algorithm Any characters up to the first slash (ASCI|I 0x2f) are
taken as the nanme of the encryption algorithm The encryption fornat
specifiers should be drawn from RFC 1423 or any additiona
identifiers registered with IANA. If no slash is present, DES-CBCis
assuned as default. The encryption algorithmspecifier is case
sensitive

The pass phrase typed by the user is transforned to a canonical form
bef ore applying the hash algorithm For that purpose, we define
return, tab, or vertical tab as well as all characters contained in
the Uni code space characters table. The transformati on consists of
the follow ng steps: (1) convert the input string to the | SO 10646
character set, using the UTF-8 encoding as specified in Annex P to

| SO' | EC 10646-1: 1993 (ASCI|I characters require no napping, but 1SO
8859-1 characters do); (2) renove |leading and trailing white space
characters; (3) replace one or nore contiguous white space characters
by a single space (ASCII or UTF-8 0x20); (4) convert all letters to

| ower case and repl ace sequences of characters and non-spaci ng
accents with a single character, where possible. A mninmmlength of
16 key characters (after applying the transformation) shoul d be
enforced by the application, while applications nmust allow up to 256
characters of input.

Under | yi ng protocol: The profile specifies the use of RTP over
uni cast and nulticast UDP. (This does not preclude the use of
these definitions when RTP is carried by other |ower-I|ayer
protocol s.)

Transport mapping: The standard nmappi ng of RTP and RTCP to
transport-level addresses is used.
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3.

Encapsul ation: No encapsul ati on of RTP packets is specified.
Regi st eri ng Payl oad Types

This profile defines a set of standard encodi ngs and their payl oad
types when used within RTP. O her encodings and their payl oad types
are to be registered with the Internet Assigned Nunbers Authority
(I'ANA). When registering a new encodi ng/ payl oad type, the follow ng
i nformation should be provided:

o nane and description of encoding, in particular the RTP
timestanp clock rate; the names defined here are 3 or 4
characters long to allow a conpact representation if needed,;

o indication of who has change control over the encoding (for
exanple, 1SO, CC TT/ITU, other international standardization
bodi es, a consortiumor a particul ar conpany or group of
conpani es) ;

0 any operating paraneters or profiles;

o a reference to a further description, if available, for
exanple (in order of preference) an RFC, a published paper, a
patent filing, a technical report, docunented source code or a
conput er manual

o for proprietary encodings, contact information (postal and
emai | address);

o the payload type value for this profile, if necessary (see
bel ow) .

Note that not all encodings to be used by RTP need to be assigned a
static payl oad type. Non-RTP nmeans beyond the scope of this meno
(such as directory services or invitation protocols) may be used to
establ i sh a dynam c nappi ng between a payl oad type drawn fromthe
range 96-127 and an encodi ng. For inpl enentor convenience, this
profile contains descriptions of encodi ngs which do not currently
have a static payload type assigned to them

The avail abl e payl oad type space is relatively small. Thus, new
static payl oad types are assigned only if the follow ng conditions
are met:

o The encoding is of interest to the Internet community at
| ar ge.
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4.

oIt offers benefits conpared to existing encodings and/or is
required for interoperation with existing, w dely deployed
conferencing or multinmedia systens.

o The description is sufficient to build a decoder

Audi o

4.1 Encodi ng- | ndependent Recommendati ons

For applications which send no packets during silence, the first
packet of a tal kspurt (first packet after a silence period) is
di stingui shed by setting the marker bit in the RTP data header
Applications without silence suppression set the bit to zero.

The RTP clock rate used for generating the RTP tinmestanmp is

i ndependent of the nunber of channels and the encoding; it equals the
nunber of sanpling periods per second. For N-channel encodings, each
sanpling period (say, 1/8000 of a second) generates N sanples. (This
term nology is standard, but sonmewhat confusing, as the total nunber
of sampl es generated per second is then the sanpling rate tinmes the
channel count.)

If nultiple audio channels are used, channels are nunbered |l eft-to-
right, starting at one. In RTP audi o packets, information from

| ower - nunber ed channel s precedes that from higher-nunbered channel s.
For nmore than two channels, the convention followed by the Al FF-C
audi o i nterchange format should be followed [1], using the follow ng
not ati on:

I | eft
r ri ght
c center
S surround
F front
R rear
channel s description channe
1 2 3 4 5 6
2 stereo I r
3 I r C
4 guadr ophoni ¢ Fl Fr R Rr
4 I c r S
5 Fl Fr Fc Sl Sr
6 I I c c r rc S
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Sanpl es for all channels belonging to a single sanpling instant nust
be within the sane packet. The interleaving of sanmples fromdifferent
channel s depends on the encodi ng. General guidelines are given in
Section 4.2 and 4. 3.

The sanpling frequency should be drawn fromthe set: 8000, 11025,
16000, 22050, 24000, 32000, 44100 and 48000 Hz. (The Apple Macintosh
conput ers have native sanple rates of 22254.54 and 11127.27, which
can be converted to 22050 and 11025 with acceptable quality by
dropping 4 or 2 samples in a 20 nms frane.) However, mnpst audio
encodi ngs are defined for a nore restricted set of sanpling
frequenci es. Receivers should be prepared to accept nmulti-channe
audi o, but may choose to only play a single channel

The foll owi ng recormmendati ons are default operating paraneters.
Applications should be prepared to handl e other values. The ranges
given are neant to give guidance to application witers, allow ng a
set of applications conformng to these guidelines to interoperate
wi t hout additional negotiation. These guidelines are not intended to
restrict operating paraneters for applications that can negotiate a
set of interoperable paraneters, e.g., through a conference contro
pr ot ocol

For packetized audio, the default packetization interval should have
a duration of 20 ns, unless otherw se noted when describing the
encodi ng. The packetization interval determ nes the m nimum end-to-
end del ay; |onger packets introduce | ess header overhead but higher
del ay and nmake packet |oss nmore noticeable. For non-interactive
applications such as lectures or links with severe bandw dth
constraints, a higher packetization delay may be appropriate. A
recei ver shoul d accept packets representing between 0 and 200 ns of
audio data. This restriction allows reasonable buffer sizing for the
receiver.

4.2 Guidelines for Sanpl e-Based Audi o Encodi ngs

I n sanpl e-based encodi ngs, each audio sanple is represented by a
fixed nunber of bits. Wthin the conpressed audi o data, codes for

i ndi vi dual sanples may span octet boundaries. An RTP audi o packet may
contai n any number of audi o sanples, subject to the constraint that
the nunber of bits per sanple tinmes the nunber of sanples per packet
yields an integral octet count. Fractional encodings produce |ess
than one octet per sanple.

The duration of an audi o packet is deternined by the number of
sampl es in the packet.
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For sanpl e-based encodi ngs produci ng one or nore octets per sanple,
sanpl es fromdifferent channels sanpled at the sane sanpling instant
are packed in consecutive octets. For exanple, for a two-channe
encodi ng, the octet sequence is (left channel, first sanmple), (right
channel, first sanple), (left channel, second sanple), (right
channel , second sanmple), .... For nmulti-octet encodings, octets are
transmtted in network byte order (i.e., nost significant octet
first).

The packi ng of sanpl e-based encodi ngs produci ng | ess than one octet
per sample is encodi ng-specific.

4.3 CGuidelines for Frane-Based Audi o Encodi ngs

Frame- based encodi ngs encode a fixed-1ength bl ock of audio into

anot her bl ock of conpressed data, typically also of fixed |length. For
franme- based encodi ngs, the sender may choose to conbi ne several such
franes into a single nessage. The receiver can tell the nunber of
franes contained in a nessage since the frane duration is defined as
part of the encoding.

For frane-based codecs, the channel order is defined for the whole
bl ock. That is, for two-channel audio, right and |l eft sanples are
coded i ndependently, with the encoded frane for the | eft channe
precedi ng that for the right channel

Al'l frame-oriented audi o codecs should be able to encode and decode
several consecutive frames within a single packet. Since the frane
size for the frame-oriented codecs is given, there is no need to use
a separate designation for the sane encoding, but with different
nunber of franes per packet.
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4.4 Audi o Encodi ngs

encodi ng sampl e/ frame bi t s/ sanmpl e nms/ f rame
1016 franme N A 30
DVI 4 sanpl e 4

Gr21 sanpl e 4

Gr22 sanpl e 8

Gr28 franme N A 2.5
GSM frame N A 20
L8 sampl e 8

L16 sanpl e 16

LPC frame N A 20
MPA franme N A

PCVA sampl e 8

PCWVU sampl e 8

VDVI sampl e var.

Table 1. Properties of Audi o Encodi ngs

The characteristics of standard audi o encodi ngs are shown in Table 1
and their payl oad types are listed in Table 2.

4.4.1 1016

Encodi ng 1016 is a franme based encodi ng usi ng code-excited |inear
prediction (CELP) and is specified in Federal Standard FED STD 1016
[2,3,4,5].

The U. S. DoD s Federal - Standard- 1016 based 4800 bps code excited

i near prediction voice coder version 3.2 (CELP 3.2) Fortran and C
simul ati on source codes are avail able for worldw de distribution at
no charge (on DOS di skettes, but configured to conmpile on Sun SPARC
stations) from Bob Fenichel, National Comrunications System

Washi ngton, D.C. 20305, phone +1-703-692-2124, fax +1-703-746-4960.

4.4.2 DVI4

DVI4 is specified, with pseudo-code, in [6] as the | MA ADPCM wave
type. A specification titled "DVI ADPCM Wave Type" can al so be found
in the Mcrosoft Devel oper Network Devel opment Library CD ROM
publ i shed quarterly by Mcrosoft. The rel evant section is found under
Product Docurentation, SDKs, Muiltinedia Standards Update, New

Mul tinedia Data Types and Data Techni ques, Revision 3.0, April 15,
1994. However, the encoding defined here as DVI4 differs in two
respects fromthese recomrendati ons:
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o0 The header contains the predicted value rather than the first
sanmpl e val ue

o | MA ADPCM bl ocks contain odd nunber of sanples, since the
first sanple of a block is contained just in the header
(unconmpressed), followed by an even nunber of conpressed
sanpl es. DVI4 has an even nunber of conpressed sanples only,
using the "predict’ word fromthe header to decode the first
sanpl e.

Each packet contains a single DVI block. The profile only defines the
4-bit-per-sanple version, while I MA al so specifies a 3-bit-per-sanple
encodi ng.

The "header" word for each channel has the foll owi ng structure:
intlé predict; /* predicted value of first sanple
fromthe previous block (L16 fornmat) */
u_int8 index; /* current index into stepsize table */
uint8 reserved; /* set to zero by sender, ignored by receiver */

Packi ng of sanples for nultiple channels is for further study.

The docurent, "I MA Recommended Practices for Enhancing Digital Audio
Conpatibility in Miltinedia Systens (version 3.0)", contains the
al gorithmdescription. It is available from

Interactive Multinmedia Associ ation
48 Maryl and Avenue, Suite 202
Annapolis, MD 21401-8011

USA

phone: +1 410 626-1380

4.4.3 G721
Gr21 is specified in I TU recommendati on G 721. Reference
i mpl enentations for G 721 are available as part of the COATT/ITU T
Software Tool Library (STL) fromthe | TU General Secretariat, Sales
Service, Place du Nations, CH 1211 Geneve 20, Switzerland. The
library is covered by a |license.

4.4.4 G722

Gr22 is specified in I TUT reconmendation G 722, "7 kHz audi o-codi ng
within 64 kbit/s".

Gr28 is specified in ITU T recommendati on G 728, "Codi ng of speech at
16 kbit/s using | owdelay code excited |inear prediction".
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4.4.6 GSM

GSM (group special e mobil e) denotes the European GSM 06. 10

provi sional standard for full-rate speech transcodi ng, prl-ETS 300
036, which is based on RPE/LTP (residual pulse excitation/long term
prediction) coding at a rate of 13 kb/s [7,8,9]. The standard can be
obt ai ned from

ETSI (European Tel ecommuni cati ons Standards Institute)
ETSI Secretariat: B.P.152

F- 06561 Val bonne Cedex

France

Phone: +33 92 94 42 00

Fax: +33 93 65 47 16

4.4.7 L8

L8 denotes |inear audio data, using 8-bits of precision with an
of fset of 128, that is, the nbst negative signal is encoded as zero.

4.4.8 L16

L16 denotes unconpressed audi o data, using 16-bit signed
representation with 65535 equal |y divided steps between m ni num and
maxi mum si gnal |evel, ranging from-32768 to 32767. The value is
represented in two’'s conpl ement notation and network byte order

4.4.9 LPC

LPC desi gnates an experinmental |inear predictive encoding contributed
by Ron Frederick, Xerox PARC, which is based on an inplenmentation
witten by Ron Zuckernman, Mtorola, posted to the Usenet group

conp. dsp on June 26, 1992.

4.4.10 MPA

MPA denotes MPEG | or MPEG || audi o encapsul ated as el enentary
streanms. The encoding is defined in | SO standards | SO | EC 11172-3 and
13818-3. The encapsul ation is specified in work in progress [10],
Section 3. The authors can be contacted at

Don Hof f man

Sun M crosystens, |nc.

Mai | - st op UMPK14- 305

2550 Garci a Avenue

Mountain View, California 94043-1100

USA

el ectronic mail: don. hof f nan@ng. sun. com
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Sanpling rate and channel count are contained in the payl oad. MPEG I
audi o supports sanpling rates of 32000, 44100, and 48000 Hz (ISQ I EC
11172-3, section 1.1; "Scope"). MPEG Il additionally supports ISQIEC
11172-3 Audio...").

4.4.11 PCNVA

PCMA is specified in COTT/ITU- T recommendation G 711. Audio data is
encoded as eight bits per sanple, after logarithm c scaling. Code to
convert between linear and A-law conpanded data is available in [6].
A detailed description is given by Jayant and Noll [11].

4.4.12 PCMJ

PCMJ is specified in COTT/ITU T recommendation G 711. Audio data is

encoded as eight bits per sanple, after logarithm c scaling. Code to

convert between linear and mu-|aw conpanded data is available in [6].
PCMU is the encoding used for the Internet nmedia type audio/basic. A
detail ed description is given by Jayant and Noll [11].

4.4.13 VDVI
VDVl is a variable-rate version of DVI4, yielding speech bit rates of
between 10 and 25 kb/s. It is specified for single-channel operation
only. It uses the foll ow ng encoding:

DVI 4 codewor d VDVl bit pattern

00

010

1100
11100
111100
1111100
11111100
11111110
10

011

1101
11101
111101
1111101
11111101
11111111

OCO~NOOUTA~AWNEO

RPRRRRE
GOAWNRO

Schul zri nne St andards Track [ Page 11]



RFC 1890 AV Profile January 1996

5. Video

The foll owi ng video encodings are currently defined, with their
abbrevi ated nanes used for identification:

5.1 Cel B

The CELL-B encoding is a proprietary encodi ng proposed by Sun
M crosystens. The byte streamformat is described in work in
progress [12]. The author can be contacted at

M chael F. Speer

Sun M crosystenms Computer Corporation

2550 Garcia Ave Mail St op UMPK14- 305
Mount ai n View, CA 94043

United States

el ectronic mail: m chael. speer @ng. sun. com

5.2 JPEG

The encoding is specified in | SO Standards 10918-1 and 10918-2. The
RTP payl oad format is as specified in work in progress [13]. Further
i nformati on can be obtained from

St even McCanne

Law ence Berkel ey National Laboratory
M S 46A- 1123

One Cycl otron Road

Ber kel ey, CA 94720

United States

Phone: +1 510 486 7520

el ectronic mail: nctcanne@e. | bl . gov

5.3 H261

The encoding is specified in COTT/ITUT standard H. 261. The
packeti zati on and RTP-specific properties are described in work in
progress [14]. Further information can be obtained from

Thierry Turletti

O fice NE 43-505

Tel enedi a, Networks and Systens

Laboratory for Conmputer Science
Massachusetts Institute of Technol ogy

545 Technol ogy Square

Canbri dge, MA 02139

United States

electronic mail: turletti @love.lcs.mt.edu

Schul zri nne St andards Track [ Page 12]



RFC 1890 AV Profile January 1996

5.4 WV

MPV desi gnates the use MPEG | and MPEG 1| video encodi ng el enentary
streans as specified in I SO Standards |1 SO | EC 11172 and 13818-2,
respectively. The RTP payload format is as specified in work in
progress [10], Section 3. See the description of the MPA audio
encodi ng for contact information.

5.5 MP2T

MP2T desi gnates the use of MPEG || transport streams, for either
audi o or video. The encapsulation is described in work in progress,
[10], Section 2. See the description of the MPA audi o encoding for
contact information.

5.6 nv

The encoding is inplemented in the program’'nv’', version 4, devel oped
at Xerox PARC by Ron Frederick. Further information is available from
the aut hor:

Ron Frederick

Xerox Palo Alto Research Center

3333 Coyote H Il Road

Pal o Alto, CA 94304

United States

electronic mail: frederic@arc.xerox.com

6. Payload Type Definitions

Table 2 defines this profile s static payl oad type values for the PT
field of the RTP data header. A new RTP payl oad format specification
may be registered with the | ANA by nanme, and may al so be assigned a

static payl oad type value fromthe range marked in Section 3.

In addition, payload type values in the range 96-127 nay be defined
dynam cal |y through a conference control protocol, which is beyond
the scope of this docunment. For exanple, a session directory could
specify that for a given session, payload type 96 indicates PCMJ
encodi ng, 8,000 Hz sanmpling rate, 2 channels. The payl oad type range
mar ked ’reserved’ has been set aside so that RTCP and RTP packets can
be reliably distinguished (see Section "Sunmary of Protoco

Constants" of the RTP protocol specification).

An RTP source emts a single RTP payload type at any given tine; the
i nterl eaving of several RTP payload types in a single RTP session is
not allowed, but multiple RTP sessions nmay be used in parallel to
send multiple nedia. The payl oad types currently defined in this
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profile carry either audio or video, but not both. However, it is
allowed to define payl oad types that conbine several nedia, e.g.
audi o and video, with appropriate separation in the payl oad format.
Session participants agree through mechani sms beyond the scope of
this specification on the set of payload types allowed in a given
session. This set may, for exanple, be defined by the capabilities
of the applications used, negotiated by a conference control protoco
or established by agreenent between the human partici pants.

Audi o applications operating under this profile should, at m ninum
be able to send and receive payload types 0 (PCMJ) and 5 (Dvl4).
This allows interoperability without format negotiation and
successful negotation with a conference control protocol

Al current video encodings use a timestanp frequency of 90,000 Hz,
the sane as the MPEG presentation time stanp frequency. This
frequency yields exact integer timestanmp increments for the typica
24 (HDTV), 25 (PAL), and 29.97 (NTSC) and 30 Hz (HDTV) frame rates
and 50, 59.94 and 60 Hz field rates. Wile 90 kHz is the recomended
rate for future video encodings used within this profile, other rates
are possible. However, it is not sufficient to use the video frane
rate (typically between 15 and 30 Hz) because that does not provide
adequate resolution for typical synchronization requirements when
calculating the RTP tinestanp corresponding to the NTP tinmestanp in
an RTCP SR packet [15]. The tinestanp resolution nmust also be
sufficient for the jitter estinate contained in the receiver reports.

The standard vi deo encodi ngs and their payload types are listed in
Tabl e 2.

7. Port Assignnent

As specified in the RTP protocol definition, RTP data is to be
carried on an even UDP port nunber and the correspondi ng RTCP packets
are to be carried on the next higher (odd) port nunber.

Applications operating under this profile may use any such UDP port
pair. For exanple, the port pair may be allocated randomy by a
sessi on managenent program A single fixed port nunber pair cannot be
requi red because multiple applications using this profile are likely
to run on the sane host, and there are sone operating systens that do
not allow nmultiple processes to use the sane UDP port with different
mul ticast addresses.
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PT encodi ng audi o/ vi deo clock rate channel s
name (AV) (Hz) (‘audi o)
0 PCWJ A 8000 1
1 1016 A 8000 1
2 Gr21 A 8000 1
3 GSM A 8000 1
4 unassi gned A 8000 1
5 DVI 4 A 8000 1
6 DVI 4 A 16000 1
7 LPC A 8000 1
8 PCVA A 8000 1
9 Gr22 A 8000 1
10 L16 A 44100 2
11 L16 A 44100 1
12 unassi gned A
13 unassi gned A
14 MPA A 90000 (see text)
15 Gr28 A 8000 1
16--23 unassi gned A
24 unassi gned \%
25 Cel B Y, 90000
26 JPEG \Y, 90000
27 unassi gned \%
28 nv Y, 90000
29 unassi gned \%
30 unassi gned \Y,
31 H261 Y, 90000
32 MPV \Y, 90000
33 MP2T AV 90000
34--71 unassi gned ?
72--76 reserved N A N A N A
77--95 unassi gned ?
?

96- - 127 dynam c
Tabl e 2: Payl oad types (PT) for standard audi o and vi deo encodi ngs

However, port nunbers 5004 and 5005 have been registered for use with
this profile for those applications that choose to use themas the
default pair. Applications that operate under nultiple profiles nmay
use this port pair as an indication to select this profile if they
are not subject to the constraint of the previous paragraph
Applications need not have a default and may require that the port
pair be explicitly specified. The particular port nunbers were chosen
tolie in the range above 5000 to acconpdate port number all ocation
practice within the Uni x operating system where port numbers bel ow
1024 can only be used by privileged processes and port nunbers

bet ween 1024 and 5000 are automatically assigned by the operating
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system
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9. Security Considerations
Security issues are discussed in section 2.
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Current Locations of Rel ated Resources

UTF- 8
Information on the UCS Transformation Format 8 (UTF-8) is avail able
at
http://ww. st onehand. com uni code/ st andar d/ ut f 8. ht n
1016

An inplenentation is avail able at
ftp://ftp.super.org/pub/speech/celp_3.2a.tar.Z

DVl 4

An inplenmentation is available from Jack Jansen at

ftp://ftp.cw .nl/local/pub/audi o/ adpcm shar

Gr21
An inplementation is available at

ftp://gaia.cs.umass. edu/ pub/ hgschul z/ccitt/ccitt_tools.tar.Z

GSM

A reference inplementation was witten by Carsten Bornan and Jutta
Degener (TU Berlin, CGernmany). It is avail able at

ftp://ftp.cs.tu-berlin.de/pub/local/kbs/tubm k/gsm

LPC
An inplenentation is avail able at

ftp://parcftp.xerox.conf pub/net-research/lpc.tar.zZ
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