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Abst r act

This meno describes how to carry dual -tone multifrequency (DTM)
signal ling, other tone signals, and tel ephony events in RTP packets.
It obsol etes RFC 2833.

This menpo captures and expands upon the basic framework defined in
RFC 2833, but retains only the npst basic event codes. It sets up an
| ANA registry to which other event code assignments may be added.
Conpani on docunents add event codes to this registry relating to
nodem fax, text tel ephony, and channel -associ ated signalling events.
The remai nder of the event codes defined in RFC 2833 are
conditionally reserved in case other docunents revive their use.

Thi s docunent provides a nunber of clarifications to the origina
document. However, it specifically differs from RFC 2833 by renoving
the requirenent that all conpliant inplenentations support the DITM
events. Instead, conpliant inplenentations taking part in

out - of - band negoti ati ons of nedia stream content indicate what events
they support. This nmenp adds three new procedures to the RFC 2833
framewor k: subdivision of |1ong events into segments, reporting of

mul tiple events in a single packet, and the concept and reporting of
state events.
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1. Introduction
1.1. Termi nol ogy

In this document, the key words "MJST", "MJST NOT", "REQU RED",
"SHALL", "SHALL NOT*, "SHOULD', "SHOULD NOT", "RECOWMENDED', "NAY",
and "OPTIONAL" are to be interpreted as described in RFC 2119 [1].

Thi s docunent uses the follow ng abbreviations:
ANSam  Answer tone (anplitude nodul ated) [24]
DTMF Dual - Tone Multifrequency [ 10]
| VR Interactive Voi ce Response unit
PBX Private branch exchange (tel ephone system
PSTN Public Switched (circuit) Tel ephone Network
RTP Real -tinme Transport Protocol [5]
SDP Sessi on Description Protocol [9]

1.2. COverview

This menmo defines two RTP [5] payl oad formats, one for carrying

dual -tone multifrequency (DTMF) digits and other |ine and trunk
signals as events (Section 2), and a second one to describe genera
mul tifrequency tones in terns only of their frequency and cadence
(Section 4). Separate RTP payload formats for tel ephony tone signals
are desirable since lowrate voice codecs cannot be guaranteed to
reproduce these tone signals accurately enough for automatic
recognition. |In addition, tone properties such as the phase
reversals in the ANSamtone will not survive speech coding. Defining
separate payload formats al so permts higher redundancy while
maintaining a low bit rate. Finally, sone tel ephony events such as
"on-hook" occur out-of-band and cannot be transmtted as tones.

The renmai nder of this section provides the notivation for defining
the payl oad types described in this docunent. Section 2 defines the
payl oad format and associ ated procedures for use of named events.
Section 3 describes the events for which event codes are defined in
this docunment. Section 4 describes the payload format and associ at ed
procedures for tone representations. Section 5 provides sone
exanpl es of encoded events, tones, and conbi ned payl oads. Section 6
deals with security considerations. Section 7 defines the | ANA
requirenents for registration of event codes for naned tel ephone
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events, establishes the initial content of that registry, and

provi des the nedia type registrations for the two payl oad formats.
Appendi x A describes the changes from RFC 2833 [12] and in particul ar
i ndi cates the disposition of the event codes defined in [12].

1.3. Potential Applications

The payl oad formats descri bed here may be useful in a nunber of
di fferent scenari os.

On the sending side, there are two basic possibilities: either the
sending side is an end systemthat originates the signals itself, or
it is a gateway with the task of propagating i ncom ng tel ephone
signals into the Internet.

On the receiving side, there are nore possibilities. The first is
that the receiver nmust propagate tone signalling accurately into the
PSTN for machi ne consunption. One exanple of this is a gateway
passing DTM- tones to an IVR In this scenario, frequencies,
anplitudes, tone durations, and the durations of pauses between tones
are all significant, and individual tone signals nmust be delivered
reliably and in order.

In a second receiving scenario, the receiver nust play out tones for
human consunption. Typically, rather than a series of tone signals
each with its own neaning, the content will consist of a single tone
pl ayed out continuously or a single sequence of tones and possibly
silence, repeated cyclically for sone period of tine. Oten the end
of the tone playout will be triggered by an event fed back in the
other direction, using either in- or out-of-band neans. Exanples of
this are dial tone or busy tone.

The rel ati onship between position in the network and the tones to be
pl ayed out is a conplicating factor in this scenario. |In the phone
network, tones are generated at different places, depending on the
swi tching technol ogy and the nature of the tone. This determnes,
for exanpl e, whether a person nmaking a call to a foreign country
hears her local tones she is famliar with or the tones as used in
the country called.

For analog lines, dial tone is always generated by the | ocal swtch.
Integrated Services Digital Network (I1SDN) termnals may generate
dial tone locally and then send a Q 931 [22] SETUP nessage contai ni ng
the dialed digits. |If the termnal just sends a SETUP nessage

wi thout any Called Party digits, then the switch does digit
collection (provided by the term nal as KEYPAD key press digit
information within Called Party or Keypad Facility Information

El ements (1 Es) of | NFORMATI ON nessages), and provides dial tone over
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the B-channel. The terminal can either use the audi o signal on the
B-channel or use the Q 931 nessages to trigger locally generated dia
t one.

Ri nging tone (also called ringback tone) is generated by the |oca
switch at the callee, with a one-way voice path opened up as soon as
the callee’s phone rings. (This reduces the chance of clipping the
called party’'s response just after answer. It also pernits pre-
answer announcenents or in-band call-progress indications to reach
the caller before or in lieu of a ringing tone.) Congestion tone and
special information tones can be generated by any of the switches

al ong the way, and may be generated by the caller’s switch based on
| SDN User Part (I1SUP) messages received. Busy tone is generated by
the caller’s switch, triggered by the appropriate | SUP nessage, for
anal og instruments, or the | SDN term nal

In the third scenario, an end systemis directly connected to the
Internet and processes the incomng nedia streamdirectly. There is
no need to regenerate tone signals, so that tine alignnent and power
| evel s are not relevant. These systens rely on sending systens to
generate events in place of tones and do not performtheir own audio
wavef orm anal ysis. An exanple of such a systemis an Internet

i nteractive voice response (IVR) system

In circunstances where exact timng alignnment between the audio
stream and the DTMF digits or other events is not inportant and data
is sent unicast, as in the VR exanple, it may be preferable to use a
reliable control protocol rather than RTP packets. 1In those

ci rcunmst ances, this payload format woul d not be used.

Note that in a number of these cases it is possible that the gateway

or end systemwi |l be both a sender and receiver of tel ephone
signals. Sonetinmes the sane class of signals will be sent as
received -- in the case of "RTP trunking" or voice-band data, for
instance. |In other cases, such as that of an end system serving
anal ogue lines, the signals sent will be in a different class from

t hose received.
1.4. Events, States, Tone Patterns, and Voi ce- Encoded Tones

Thi s docunent provides the neans for in-band transport over the
Internet of two broad classes of signalling information: in-band
tones or tone sequences, and signals sent out-of-band in the PSTN
Tone signals can be carried using any of the three nethods |isted
bel ow. Depending on the application, it my be desirable to carry
the signalling information in nore than one format once.

Schul zri nne & Tayl or St andards Track [ Page 6]



RFC 4733 Tel ephony Events and Tones December 2006

1. The gateway or end system can change to a hi gher-bandw dth codec
such as G 711 [19] when tone signals are to be conveyed. See new
| TUT Recormendation V.152 [26] for a formal treatnent of this
approach. Alternatively, for fax, text, or nodem signals
respectively, a specialized transport such as T.38 [23], RFC 4103
[15], or V.150.1 nodemrelay [25] nay be used. Finally, 64
kbit/s channels may be carried transparently using the RFC 4040
Cl earnode payl oad type [14]. These nethods are out of scope of
the present docunent, but may be used along with the payl oad
types defined here.

2. The sending gateway can sinply neasure the frequency conponents
of the voice-band signals and transmt this information to the
RTP receiver using the tone representation defined in this
docunent (Section 4). 1In this node, the gateway nmakes no attenpt
to discern the meaning of the tones, but sinply distinguishes
tones from speech signals. An end system nay use the same
approach using configured rather than neasured frequenci es.

Al'l tone signals in use in the PSTN and neant for hunman
consunpti on are sequences of sinple conbinations of sine waves,
ei t her added or nodul ated. (However, sone nodem signals such as
the ANSam tone [24] or systens dependent on phase shift keying
cannot be conveyed so sinply.)

3. As athird option, a sending gateway can recogni ze tones such as
ringing or busy tone or DTMF digit 0, and transnit a code that
identifies themusing the tel ephone-event payl oad defined in this
docunent (Section 2). The receiver then produces a tone signa
or other indication appropriate to the signal. GCenerally, since
the recognition of signals at the sender often depends on their
on/of f pattern or the sequence of several tones, this recognition
can take several seconds. On the other hand, the gateway may
have access to the actual signalling information that generates
the tones and thus can generate the RTP packet imredi ately,
wi t hout the detour through acoustic signals.

The third option (use of named events) is the only feasible nethod

for transmtting out-of-band PSTN signals as content within RTP
sessi ons.
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2. RTP Payl oad Format for Naned Tel ephone Events
2.1. Introduction

The RTP payl oad format for naned tel ephone events is designated as

"t el ephone-event"”, the nedia type as "audi o/tel ephone-event”. In
accordance with current practice, this payl oad fornmat does not have a
static payl oad type nunber, but uses an RTP payl oad type nunber
establ i shed dynami cally and out-of-band. The default clock frequency
is 8000 Hz, but the clock frequency can be redefi ned when assigni ng
the dynam c payl oad type.

Naned tel ephone events are carried as part of the audi o stream and
MJST use the sane sequence nunber and tinestanp base as the regul ar
audi o channel to sinmplify the generation of audio wavefornms at a
gateway. The naned tel ephone-event payl oad type can be considered to
be a very highly-conmpressed audio codec and is treated the same as

ot her codecs.

2.2. Use of RTP Header Fields
2.2.1. Tinestanp

The event duration described in Section 2.5 begins at the tinme given
by the RTP tinestanp. For events that span nultiple RTP packets, the
RTP tinmestanp identifies the beginning of the event, i.e., severa

RTP packets may carry the sane tinmestanp. For long-lasting events
that have to be split into segments (see below, Section 2.5.1.3), the
ti mestanp indicates the beginning of the segnent.

2.2.2. Marker Bit

The RTP marker bit indicates the beginning of a new event. For |ong-
| asting events that have to be split into segments (see bel ow,
Section 2.5.1.3), only the first segment will have the marker bit
set.

2.3. Payl oad For mat
The payl oad format for naned tel ephone events is shown in Figure 1
0 1 2 3
01234567890123456789012345678901
R e L i e e i i SR S e e C s
| event | E| R vol une | duration

T S o i S S Tl Sl S S S S S S ik e S gt

Figure 1. Payload Fornat for Naned Events
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2.3.1. Event Field

The event field is a nunmber between 0 and 255 identifying a specific
tel ephony event. An | ANA registry of event codes for this field has
been establi shed (see | ANA Consi derations, Section 7). The initia

content of this registry consists of the events defined in Section 3.

2.3.2. E ("End") Bit

If set to a value of one, the "end" bit indicates that this packet
contains the end of the event. For long-lasting events that have to
be split into segnments (see below, Section 2.5.1.3), only the fina
packet for the final segment will have the E bit set.

2.3.3. RBit

This field is reserved for future use. The sender MJUST set it to
zero, and the receiver MJST ignore it.

2.3.4. Volume Field

For DTMF digits and other events representable as tones, this field
descri bes the power |evel of the tone, expressed in dBnD after
dropping the sign. Power |levels range fromO to -63 dBnD. Thus,

| arger val ues denote |ower volune. This value is defined only for
events for which the docunentation indicates that volume is
appl i cable. For other events, the sender MJST set volume to zero and
the receiver MJST ignore the val ue.

2.3.5. Duration Field

The duration field indicates the duration of the event or segnent
being reported, in tinestanp units, expressed as an unsi gned integer
in network byte order. For a non-zero value, the event or segnent
began at the instant identified by the RTP timestanp and has so far
|asted as long as indicated by this paraneter. The event may or nay
not have ended. |If the event duration exceeds the maxi mum
representabl e by the duration field, the event is split into severa
conti guous segnents as described bel ow (Section 2.5.1.3).

The special duration value of zero is reserved to indicate that the
event |asts "forever", i.e., is a state and is considered to be
effective until updated. A sender MJUST NOT transnit a zero duration
for events other than those defined as states. The receiver SHOULD
ignore an event report with zero duration if the event is not a
state.
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Events defined as states MAY contain a non-zero duration, indicating
that the sender intends to refresh the state before the tinme duration
has el apsed ("soft state").

For a sanpling rate of 8000 Hz, the duration field is sufficient
to express event durations of up to approximately 8 seconds.

2.4. Optional Media Type Paraneters

As indicated in the media type registration for naned events in
Section 7.1.1, the tel ephone-event nedia type supports two optiona
paraneters: the "events" parameter and the "rate" paraneter.

The "events" paraneter lists the events supported by the

i mpl ementation. Events are listed as one or nore conma-separ at ed

el ements. Each el ement can be either a single integer providing the
val ue of an event code or an integer followed by a hyphen and a

| arger integer, presenting a range of consecutive event code val ues.
The |ist does not have to be sorted. No white space is allowed in
the argument. The union of all of the individual event codes and
event code ranges designates the conplete set of event nunbers
supported by the inplenentation.

The "rate" paraneter describes the sanpling rate, in Hertz, and hence
the units for the RTP tinestanp and event duration fields. The
nunber is witten as an integer. |If omtted, the default value is
8000 Hz.

2.4.1. Relationship to SDP
The recomended mappi ng of nedia type optional parameters to SDP is
given in Section 3 of RFC 3555 [6]. The "rate" nedia type paraneter
for the named event payload type follows this convention: it is
expressed as usual as the <clock rate> conponent of the a=rtpmap
attribute Iine.
The "events" nedia type paraneter deviates fromthe convention
suggested in RFC 3555 because it omits the string "events=" before
the list of supported events.

a=fmtp: <format> <list of val ues>

The list of values has the format and neani ng descri bed above.
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For exanple, if the payload format uses the payl oad type nunber 100,
and the inplenmentation can handl e the DITM- tones (events 0 through
15) and the dial and ringing tones (assuming as an exanple that these
were defined as events with codes 66 and 70, respectively), it would
i nclude the follow ng description in its SDP message:

mraudi 0 12346 RTP/ AVP 100
a=rt pmap: 100 tel ephone-event/ 8000
a=fnt p: 100 0-15, 66, 70

The foll owi ng sanple nmedia type definition corresponds to the SDP
exanpl e above:

audi o/ t el ephone-event; event s="0-15, 66, 70" ; r at e="8000"
2.5. Procedures

This section defines the procedures associated with the naned event
payl oad type. Additional procedures may be specified in the
docunent ati on associated with specific event codes.

2.5.1. Sending Procedures
2.5.1.1. Negotiation of Payl oads

Events are usually sent in conmbination with or alternating with other
payl oad types. Payl oad negotiati on nmay specify separate event and

ot her payload streans, or it may specify a conbi ned streamthat m xes
ot her payl oad types with events using RFC 2198 [2] redundancy
headers. The purpose of using a conbined stream may be for debuggi ng
or to ease the transition between general audi o and events.

Negoti ati on of payl oads between sender and receiver is achieved by
out - of - band neans, using SDP, for exanple.

The sender SHOULD i ndicate what events it supports, using the
optional "events" paraneter associated with the tel ephone-event nedia
type. |f the sender receives an "events" paraneter fromthe
receiver, it MJIST restrict the set of events it sends to those listed
in the received "events" paranmeter. For backward conpatibility, if
no "events" parameter is received, the sender SHOULD assune support
for the DTM- events 0-15 but for no other events.

Events MAY be sent in conbination with ol der events using RFC 2198
[2] redundancy. Section 2.5.1.4 describes how this can be used to
avoi d packet and RTP header overheads when retransmitting final event
reports. Section 2.6 discusses the use of additional |evels of RFC
2198 redundancy to increase the probability that at |east one copy of
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the report of the end of an event reaches the receiver. The
foll owi ng SDP shows an exanple of such usage, where G 711 audio
appears in a separate stream and the primary conponent of the
redundant payload is events.

mraudi o 12344 RTP/ AVP 99

a=rt pmap: 99 pcnu/ 8000

mraudi o 12346 RTP/ AVP 100 101
a=rt pmap: 100 red/ 8000/ 1
a=fnt p: 100 101/ 101/ 101

a=rt pmap: 101 t el ephone-event/ 8000
a=fnt p: 101 0-15

When used in accordance with the of fer-answer nodel (RFC 3264 [4]),
the SDP a=ptine: attribute indicates the packetization period that
the aut hor of the session description expects when receiving nedia.
Thi s val ue does not have to be the sane in both directions. The

appropriate period may vary with the application, since increased

packeti zation periods inply increased end-to-end response tines in
i nstances where one end responds to events reported fromthe ot her

Negoti ati on of tel ephone-events sessions using SDP MAY specify such
di fferences by separating events corresponding to different
applications into different streans. In the exanple bel ow, events
0-15 are DIMF events, which have a fairly wi de tol erance on timng.
Events 32-49 and 52-60 are events related to data transm ssion and
are subject to end-to-end response time considerations. As a result,
they are assigned a snaller packetization period than the DTM
events.

mraudi o 12344 RTP/ AVP 99

a=rt pmap: 99 tel ephone-event/ 8000
a=fmtp: 99 0-15

a=ptime: 50

mraudi 0 12346 RTP/ AVP 100

a=rt pmap: 100 t el ephone-event/ 8000
a=f nt p: 100 32-49, 52-60

a=ptine: 30

For further discussion of packetization periods see Section 2.6. 3.
2.5.1.2. Transm ssion of Event Packets

DTMF digits and ot her named tel ephone events are carried as part of

the audio stream and they MJST use the sane sequence number and

ti mestanp base as the regul ar audio channel to sinmplify the
generation of audio wavefornms at a gateway.
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An audi o source SHOULD start transmtting event packets as soon as it
recogni zes an event and continue to send updates until the event has
ended. The update packets MJST have the sane RTP tinestanp val ue as
the initial packet for the event, but the duration MJST be increased
to reflect the total curulative duration since the beginning of the
event.

The first packet for an event MJST have the Mbit set. The fina
packet for an event MUST have the E bit set, but setting of the "E'
bit MAY be deferred until the final packet is retransmitted (see
Section 2.5.1.4). Internedi ate packets for an event MJST NOT have
either the Mbit or the E bit set.

Sendi ng of a packet with the E bit set is OPTIONAL if the packet
reports two events that are defined as nutually exclusive states, or
if the final packet for one state is imediately foll owed by a packet
reporting a mutually exclusive state. (For events defined as states,
the appearance of a mutually exclusive state inplies the end of the
previous state.)

A source has wide latitude as to how often it sends event updates. A
natural interval is the spacing between non-event audi o packets.
(Recall that a single RTP packet can contain multiple audio franes
for frame-based codecs and that the packet interval can vary during a
session.) Alternatively, a source MAY decide to use a different
spaci ng for event updates, with a value of 50 nms RECOVMENDED

Timng information is contained in the RTP tinestanp, allow ng
preci se recovery of inter-event tines. Thus, the sender does not in
theory need to maintain precise or consistent tine intervals between
event packets. However, the sender SHOULD m ninize the need for
buffering at the receiving end by sending event reports at constant

i nterval s.

DTMF digits and other tone events are sent increnentally to avoid
havi ng the receiver wait for the conpletion of the event. In sone
cases (for exanple, data session startup protocols), waiting unti
the end of a tone before reporting it will cause the session to
fail. |In other cases, it will sinply cause undesirable delays in
pl ayout at the receiving end.

For robustness, the sender SHOULD retransmt "state" events
peri odi cal | y.
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2.5.1.3. Long-Duration Events

If an event persists beyond the nmaxi mum duration expressible in the
duration field (OxFFFF), the sender MJST send a packet reporting this
maxi mum dur ati on but MJUST NOT set the E bit in this packet. The
sender MJST then begin reporting a new "segnent” with the RTP
timestanp set to the tinme at which the previous segnent ended and the
duration set to the cunul ative duration of the new segnent. The M
bit of the first packet reporting the new segment MJST NOT be set.
The sender MUST repeat this procedure as required until the end of
the conpl ete event has been reached. The final packet for the

conpl ete event MUST have the E bit set (either on initia

transm ssion or on retransm ssion as described bel ow).

2.5.1.3.1. Exceptional Procedure for Conmbi ned Payl oads

If events are conbined as a redundant payl oad with another payl oad
type using RFC 2198 [2] redundancy, the above procedure SHALL be
applied, but using a nmaxi mum duration that ensures that the tinestanp
of fset of the ol dest generation of events in an RFC 2198 packet never
exceeds Ox3FFF. |If the sender is using a constant packetization

peri od, the maxi mum segnent duration can be calculated fromthe

foll owi ng fornul a:

maxi mum durati on = Ox3FFF - (R-1)*(packetization period in
ti mestanmp units)

where R is the highest redundant |ayer nunber consisting of event
payl oad.

The RFC 2198 redundancy header tinmestanp offset value is only 14
bits, conpared with the 16 bits in the event payload duration
field. Since with other payloads the RTP timestanp typically
increnents for each new sanple, the timestanp offset val ue becones
[imting on reported event duration. The limt becones nore
constrai ni ng when ol der generations of events are also included in
the conbi ned payl oad.

2.5.1.4. Retransm ssion of Final Packet

The final packet for each event and for each segnent SHOULD be sent a
total of three tinmes at the interval used by the source for updates.
This ensures that the duration of the event or segment can be

recogni zed correctly even if an instance of the |last packet is |ost.

A sender MAY use RFC 2198 [2] with up to two | evels of redundancy to

conbine retransm ssions with reports of new events, thus saving on
header overheads. |In this usage, the primary payload is new event
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reports, while the first and (if necessary) second | evels of
redundancy report first and second retransm ssions of final event
reports. Wthin a session negotiated to allow such usage, packets
contai ning the RFC 2198 payl oad SHOULD NOT be sent except when both
primary and retransmitted reports are to be included. All other
packets of the session SHOULD contain only the sinple, non-redundant
t el ephone-event payload. Note that the expected proportion of sinple
versus redundant packets affects the order in which they should be
specified on an SDP e |ine.

There is little point in sending initial or interimevent reports
redundant |y because each succeedi ng packet describes the event
fully (except for typically irrelevant variations in volune).

A sender MAY delay setting the E bit until retransmitting the |ast
packet for a tone, rather than setting the bit on its first

transm ssion. This avoids having to wait to detect whether the tone
has i ndeed ended. Once the sender has set the E bit for a packet, it
MUST continue to set the E bit for any further retransm ssions of

t hat packet.

2.5.1.5. Packing Multiple Events into One Packet

Mul tiple named events can be packed into a single RTP packet if and
only if the events are consecutive and contiguous, i.e., occur

wi t hout overlap and without pause between them and if the |last event
packed into a packet occurs quickly enough to avoi d excessive del ays
at the receiver.

This approach is simlar to having multiple frames of frane-based
audi o in one RTP packet.

The constraint that packed events not overlap inplies that events
designated as states can be followed in a packet only by other state
events that are nmutually exclusive to them The constraint itself is
needed so that the beginning tine of each event can be cal cul ated at
the receiver.

In a packet containing events packed in this way, the RTP tinestanp
MJST identify the beginning of the first event or segment in the
packet. The Mbit MJST be set if the packet records the beginning of
at least one event. (This will be true except when the packet
carries the end of one segnent and the begi nning of the next segnent
of the same long-lasting event.) The E bit and duration for each
event in the packet MJST be set using the same rules as if that event
were the only event contained in the packet.
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2.5.1.6. RTP Sequence Nunber

The RTP sequence number MJST be increnmented by one in each successive
RTP packet sent. Increnenting applies to retransmtted as well as
initial instances of event reports, to pernmt the receiver to detect

| ost packets for RTP Control Protocol (RTCP) receiver reports.

2.5.2. Receiving Procedures
2.5.2.1. Indication of Receiver Capabilities Using SDP

Recei vers can indicate which naned events they can handle, for
exanpl e, by using the Session Description Protocol (RFC 4566 [9]).
SDP descriptions using the event payload MJUST contain an fmtp format
attribute that lists the event values that the receiver can process.

2.5.2.2. Playout of Tone Events

In the gateway scenario, an Internet tel ephony gateway connecting a
packet voice network to the PSTN re-creates the DTM- or other tones
and injects theminto the PSTN. Since, for exanple, DTMF digit
recogni tion takes several tens of nmilliseconds, the first few
mlliseconds of a digit will arrive as regular audi o packets. Thus,
careful time and power (volune) alignnment between the audi o sanpl es
and the events is needed to avoid generating spurious digits at the
receiver. The receiver may al so choose to delay playout of the tones
by sone small interval after playout of the precedi ng audi o has
ended, to ensure that downstream equi pnent can di scrimnate the tones

properly.

Sone i nmpl enentati ons send events and encoded audi o packets (e.g.
PCMU or the codec used for speech signals) for the same tine instant
for the duration of the event. It is RECOVMENDED that gateways
render only the tel ephone-event payload once it is received, since
the audio may contain spurious tones introduced by the audio
conpression algorithm However, it is anticipated that these extra
tones in general should not interfere with recognition at the far
end.

Recei ver inplementations MAY use different algorithnms to create
tones, including the two described here. (Note that not al

i npl enent ati ons have the need to re-create a tone; sone may only care
about recognizing the events.) Wth either algorithm a receiver my
i npose a playout delay to provide robustness agai nst packet |oss or
del ay. The tradeoff between playout delay and other factors is

di scussed further in Section 2.6.3.
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In the first algorithm the receiver sinply places a tone of the
given duration in the audio playout buffer at the location indicated
by the timestanp. As additional packets are received that extend the
same tone, the waveformin the playout buffer is extended
accordingly. (Care has to be taken if audio is mxed, i.e., summed,
in the playout buffer rather than sinply copied.) Thus, if a packet
in a tone lasting |onger than the packet interarrival tinme gets |ost
and the playout delay is short, a gap in the tone may occur

Alternatively, the receiver can start a tone and play it until one of
the follow ng occurs:

o it receives a packet with the E bit set;

o it receives the next tone, distinguished by a different tinestanp
val ue (noting that new segnents of |ong-duration events al so
appear with a new tinestanp val ue);

0o it receives an alternative non-event nedia stream (assum ng none
was being received while the event streamwas active); or

o a given time period el apses.

This is nore robust agai nst packet |oss, but may extend the tone
beyond its original duration if all retransm ssions of the |ast
packet in an event are lost. Limting the time period of extending
the tone is necessary to avoid that a tone "gets stuck". This
algorithmis not a license for senders to set the duration field to
zero; it MJST be set to the current duration as described, since this
is needed to create accurate events if the first event packet is

| ost, anobng ot her reasons.

Regardl ess of the al gorithmused, the tone SHOULD NOT be extended by
nore than three packet interarrival times. A slight extension of
tone durations and shorteni ng of pauses is generally harmn ess.

A receiver SHOULD NOT restart a tone once playout has stopped. It
MAY do so if the tone is of a type neant for hunman consunption or is
one for which interruptions will not cause confusion at the receiving
devi ce.

If a receiver receives an event packet for an event that it is not
currently playing out and the packet does not have the Mbit set,
earlier packets for that event have evidently been lost. This can be
confirmed by gaps in the RTP sequence nunber. The receiver MAY
determ ne on the basis of retained history and the timestanp and
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event code of the current packet that it corresponds to an event
al ready played out and | apsed. |In that case, further reports for the
event MJUST be ignored, as indicated in the previous paragraph

If, on the other hand, the event has not been played out at all, the
receiver MAY attenpt to play the event out to the conplete duration

indicated in the event report. The appropriate behavior will depend
on the event type, and requires consideration of the relationship of
the event to audio nedia flows and whether correct event duration is
essential to the correct operation of the media session.

A receiver SHOULD NOT rely on a particular event packet spacing, but
i nstead MJUST use the event tinestanps and durations to determ ne
timng and duration of playout.

The receiver MJST calculate jitter for RTCP receiver reports based on
all packets with a given tinmestanp. Note: The jitter value should
primarily be used as a neans for conparing the reception quality

bet ween two users or two tinme periods, not as an absol ute neasure.

If a zero volunme is indicated for an event for which the volume field
is defined, then the receiver MAY reconstruct the volume fromthe

vol ume of non-event audio or MAY use the nom nal val ue specified by
the 1 TU Recommendati on or ot her docurment defining the tone. This
ensures backwards conpatibility with RFC 2833 [12], where the vol une
field was defined only for DTMF events.

2.5.2.3. Long-Duration Events

If an event report is received with duration equal to the naximum
duration expressible in the duration field (OxFFFF) and the E bit for
the report is not set, the event report may mark the end of a segnent
generated according to the procedures of Section 2.5.1.3. |If another
report for the same event type is received, the receiver MJIST conpare
the RTP timestanp for the new event with the sumof the RTP tinmestanp
of the previous report plus the duration (OxFFFF). The receiver uses
the absence of a gap between the events to detect that it is
receiving a single |long-duration event.

The total duration of a |long-duration event is (obviously) the sum of
the durations of the segnents used to report it. This is equal to
the duration of the final segnent (as indicated in the final packet
for that segnent), plus OxFFFF nultiplied by the nunber of segnents
precedi ng the final segnent.

Schul zri nne & Tayl or St andards Track [ Page 18]



RFC 4733 Tel ephony Events and Tones December 2006

2.5.2.3.1. Exceptional Procedure for Combi ned Payl oads

If events are conbined as a redundant payl oad with another payl oad
type using RFC 2198 [2] redundancy, segments are generated at
interval s of Ox3FFF or |ess, rather than OxFFFF, as required by the
procedures of Section 2.5.1.3.1 in this case. |If a receiver is using
the events conponent of the payload, event duration may be only an
approxi mate indicator of division into segnents, but the |lack of an E
bit and the adjacency of two reports with the same event code are
strong indicators in thensel ves.

2.5.2.4. Miltiple Events in a Packet

The procedures of Section 2.5.1.5 require that if nultiple events are
reported in the sane packet, they are contiguous and non-overl appi ng.
As aresult, it is not strictly necessary for the receiver to know
the start times of the events following the first one in order to
play themout -- it needs only to respect the duration reported for
each event. Nevertheless, if knowl edge of the start tinme for a given
event after the first one is required, it is equal to the sumof the
start time of the preceding event plus the duration of the preceding
event .

2.5.2.5. Soft States

If the duration of a soft state event expires, the receiver SHOULD
consider the value of the state to be "unknown" unl ess ot herw se
indicated in the event docunmentation.

2.6. Congestion and Performance

Packet transm ssion through the Internet is marked by occasiona

peri ods of congestion lasting on the order of second, during which
network delay, jitter, and packet loss are all nuch higher than they
are in between these periods. Reference [28] characterizes this
phenonenon. Wl | -behaved applications are expected, preferably, to
reduce their denmands on the network during such periods of
congestion. At the |east, they should not increase their demands.
Thi s section explores both application performance and the
possibilities for good behavior in the face of congestion
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2.6.1. Performance Requirenents

Typically, an inplenentation of the tel ephone-event payload will aim
tolimt the rate at which each of the follow ng inpairnents occurs:

a. an event encoded at the sender fails to be played out at the
recei ver, either because the event report is |ost or because it
arrives after playout of |ater content has started;

b. the start of playout of an event at the receiver is del ayed
relative to other events or other nedia operating on the sane
ti mestanp base;

c. the duration of playout of a given event differs fromthe correct
duration as detected at the sender by nore than a given anount;

d. gaps occur in playout of a given event;
e. end-to-end delay for the nedia stream exceeds a given val ue.

The rel ative inportance of these constraints varies between
applications.

2.6.2. Reliability Mechanisns

To inprove reliability, all payload types including tel ephone-events
can use a jitter buffer, i.e., inpose a playout delay, at the
receiving end. This nechani sm addresses the first four requirenents
listed above, but at the expense of the |ast one.

The naned event procedures provide two conpl enentary redundancy
nmechani sns to deal with | ost packets:

a. Intra-event updates:

Events that |ast |onger than one packetization period (e.g., 50
ns) are updated periodically, so that the receiver can
reconstruct the event and its duration if it receives any of the
updat e packets, albeit wi th del ay.

During an event, the RTP event payload format provides

i ncrenental updates on the event. The error resiliency afforded
by this nmechani sm depends on whether the first or second
algorithmin Section 2.5.2.2 is used and on the playout delay at
the receiver. For example, if the receiver uses the first

al gorithmand only places the current duration of tone signal in
the playout buffer, for a playout delay of 120 ns and a
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packeti zation interval of 50 ns, two packets in a row can get
| ost without causing a prenmature end of the tone generated.

b. Repeat |ast event packet:

As described in Section 2.5.1.4, the last report for an event is
transmtted a total of three times. This mechani sm adds
robustness to the reporting of the end of an event.

It may be necessary to extend the | evel of redundancy to achieve
requirement a) (in Section 2.6.1) in a specific network
environnent. Taking the 25-30% 1 oss rate during congestion
periods illustrated in [28] as typical, and setting an objective
that at |east 99% of end-of-event reports will eventually get
through to the receiver under these conditions, sinple
probability cal cul ations indicate that each event conpletion has
to be reported four times. This is one nore |evel of redundancy
than required by the basic "Repeat |ast event packet" al gorithm
O course, the objective is probably unrealistically stringent;
it was chosen to make a point.

VWere Section 2.5.1.4 indicates that it is appropriate to use the
RFC 2198 [2] audi o redundancy mechanismto carry retransm ssions
of final event reports, this nechani sm MAY al so be used to extend
the nunber of final report retransm ssions. This is done by
using nore than two | evels of redundancy when necessary. The use
of RFC 2198 helps to nmitigate the extra bandw dt h demands t hat
woul d be inposed sinply by retransmtting final event packets
nore than three tines.

These two redundancy nmechanisns clearly address requirenent a) in the
previous section. They also help neet requirenment c), to the extent
that the redundant packets arrive before playout of the events they
report is due to expire. They are not helpful in meeting the other
requi rements, although they do not directly cause inpairments
thenselves in the way that a large jitter buffer increases end-to-end
del ay.

The playout algorithmis an additional mechanismfor neeting the
performance requirements. |In particular, using the second algorithm
in Section 2.5.2.2 will meet requirenent d) of the previous section
by preventing gaps in playout, but at the potential cost of increases
in duration (requirenment c)).

Finally, there is an interaction between the packetization period
used by a sender, the playout delay used by the receiver, and the
vul nerability of an event flow to packet |osses. Assum ng packet
| osses are independent, a shorter packetization interval neans that
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the receiver can use a snaller playout delay to recover froma given
nunber of consecutive packet | osses, at any stage of event playout.
This inproves end-to-end del ays in applications where that matters.

In view of the tradeoffs between the different reliability

nmechani sns, docunmentation of specific events SHOULD i nclude a

di scussion of the appropriate design decisions for the applications
of those events. This nmandate is repeated in the section on | ANA
consi derati ons.

2.6.3. Adjusting to Congestion

So far, the discussion has been about neeting performance

requi renents. However, there is also the question of whether
applications of events can adapt to congestion to the point that they
reduce their demands on the networks during congestion. In theory
this can be done for events by increasing the packetization interval,
so that fewer packets are sent per second. This has to be
acconpani ed by an increased playout delay at the receiving end.
Coordi nati on between the two ends for this purpose is an interesting
issue initself. |If it is done, however, such an action inplies a
one-time gap or extended playout of an event when the packetization
interval is first extended, as well as increased end-to-end del ay
during the whol e period of increased playout del ay.

The benefit from such a nmeasure varies prinmarily dependi ng on the
average duration of the events being handled. In the worst case, as
a first exanple shows, the reduction in aggregate bandw dt h usage due
to an increased packetization interval may be quite nodest. Suppose
the average event duration is 3.33 ns (V.21 bits, for instance).
Suppose further that four transm ssions in total are required for a
gi ven event report to neet the | oss objective. Table 1 shows the

i mpact of varying packetization intervals on the aggregate bit rate
of the nedia stream

o e e e e e oo SR Fom e e e oo oo - o e e e e e oo oo - +
| Packetization | Packets/s | | P Packet | Total IP Bit
| I'nterval (rms) | | Size (bits) | Rate (bits/s)
o e e e e e ok R oo o e e oo +
| 50 | 20 | 2440 | 48800
| 33.3 | 30 | 1800 | 54000
| 25 | 40 | 1480 | 59200
| 20 | 50 | 1288 | 64400
o e e e e Fom e oo o e e e oo +

Table 1: Data Rate at the |IP Level versus Packetization |Interva
(three retransm ssions, 3.33 ms per event)

Schul zri nne & Tayl or St andards Track [ Page 22]



RFC 4733 Tel ephony Events and Tones December 2006

3.

3.

As can be seen, a doubling of the interval (from25 to 50 ns) drops
aggregate bit rate by about 20% whil e increasing end-to-end del ay by
25 ms and causing a one-tinme gap of the sanme anpbunt. (Extending the
pl ayout of a specific V.21 tone event is out of the question, so the
first algorithmof Section 2.5.2.2 must be used in this application.)
The reduction in nunber of packets per second with | onger

packeti zation periods is countered by the increase in packet size due
to the increase in nunber of events per packet.

For events of |onger duration, the reduction in bandwidth is nore
proportional to the increase in packetization interval. The |oss of
final event reports may also be less critical, so that |ower
redundancy | evel s are acceptable. Table 2 shows simlar data to
Table 1, but assuning 70-ns events separated by 50 ns of silence (as
in an idealized DTM-- based text messaging session) with only the
basic two retransm ssions for event conpletions.

o e e e e e oo SR Fom e e e oo oo - o e e e e e oo oo - +
| Packetization | Packets/s | | P Packet | Total IP Bit
| I'nterval (rms) | | Size (bits) | Rate (bits/s)
o e e e e e ok R oo o e e oo +
| 50 | 20 | 448/ 520 | 10040
| 33.3 | 30 | 448/ 520 | 14280
| 25 | 40 | 448/ 520 | 18520
| 20 | 50 | 448 | 22400
o e e e e Fom e oo o e e e oo +

Table 2: Data Rate at the |IP Level versus Packetization Interva
(two retransm ssions, 70 ns per event, 50 ns between events)

In the third colum of the table, the packet size is 448 bits when
only one event is being reported and 520 bits when the previous event
is also included. No nore than one |evel of redundancy is needed up
to a packetization interval of 50 ns, although at that point npst
packets are reporting two events. Longer intervals require a second
| evel of redundancy in at |east some packets.

Speci fication of Event Codes for DTMF Events
Thi s docunent defines one cl ass of naned events: DTMF tones.
1. DTM- Applications

DTMF signalling [10] is typically generated by a tel ephone set or
possibly by a PBX (Private branch tel ephone exchange). DITM digits
may be consumed by entities such as gateways or application servers
inthe IP network, or by entities such as tel ephone sw tches or |VRs
in the circuit switched network.
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The DTMF events support two possible applications at the sending end:

1. The Internet tel ephony gateway detects DTM- on the incom ng
circuits and sends the RTP payl oad descri bed here instead of
regul ar audi o packets. The gateway |ikely has the necessary
digital signal processors and algorithns, as it often needs to
detect DIMF, e.g., for two-stage dialing. Having the gateway
detect tones relieves the receiving Internet end systemfrom
having to do this work and al so avoids having | ow bit-rate codecs
like G 723.1 [20] render DTM- tones unintelligible.

2. An Internet end systemsuch as an "Internet phone" can enul ate
DTMF functionality w thout concerning itself with generating
preci se tone pairs and wi thout inposing the burden of tone
recogni tion on the receiver.

A simlar distinction occurs at the receiving end.

1. In the gateway scenario, an Internet telephony gateway connecting
a packet voice network to the PSTN re-creates the DITM- tones or
ot her tel ephony events and injects theminto the PSTN

2. In the end system scenario, the DIMF events are consumed by the
receiving entity itself.

In the nost common application, DIM-F tones are sent in one direction
only, typically fromthe calling end. The consuning device is nost
commonly an IVR. DTMF may alternate with voice fromeither end. In
nost cases, the only constraint on tone duration is that it exceed a
m ni mum val ue. However, in sone cases a long-duration tone (in
excess of 1-2 seconds) has special significance.

| TUT Recormendati on Q 24 [11], Table A-1, indicates that the

| egacy switching equiprment in the countries surveyed expects a

m ni mum r ecogni zabl e signal duration of 40 nms, a m ni mum pause

bet ween signals of 40 nms, and a maxinmumsignalling rate of 8 to 10
digits per second depending on the country. Human-generated DTM
signals, of course, are generally longer with |arger pauses

bet ween t hem

DTMF tones may al so be used for text tel ephony. This application is
docunented in I TU-T Recommendation V.18 [27] Annex B. In this case,
DTMF is sent alternately fromeither end (hal f-duplex node), with a
m ni mum 300-ms turn-around time. The only constraints on tone
durations in this application are that they and the pauses between
them nust exceed specified mninmmvalues. It is RECOWENDED that a
gateway at the sending end be capabl e of detecting DIMF signals as
specified by V.18 Annex B (tones and pauses >=40 ns), but shoul d send
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event durations corresponding to those of a V.18 DITM- sender (tones
>=70 ms, pauses >=50 ns). This may occasionally inply sonme degree of
buffering of outgoing events, but if the source ternminal conforns to
V.18 Annex B, this should not get out of hand.

Since mnor increases in tone duration are harm ess for al
applications of DTM-, but unintended breaks in playout of a DTM
digit can confuse the receiving endpoint by creating the appearance
of extra digits, receiving applications that are converting DTM-
events back to tones SHOULD use the second playout al gorithmrather
than the first one in Section 2.5.2.2. This provides some robustness
agai nst packet |oss or congestion

3. 2. DTMF Events

Table 3 shows the DTM--rel ated event codes within the tel ephone-event
payl oad format. The DITMF digits 0-9 and * and # are conmonly
supported. DTMF digits A through D are |ess frequently encountered,
typically in special applications such as mlitary networks.

S S S S +
| Event | Code | Type | Vol unme?
Fomm - Fomm e S R, SR +
| 0--9 | 0--9 | tone | yes

| * | 10 | tone | yes |
| # | 11 | tone | yes |
| A--D | 12--15 ]| tone | yes |
S Fomm e m oo - Fomm e o - S +

Tabl e 3: DTMF Named Events
3.3. Congestion Considerations

The key considerations for the delivery of DIMF events are
reliability and avoi dance of unintended breaks within the playout of
a given tone. End-to-end round-trip delay is not a mmjor

consi deration except in the special case where DTM- tones are being
used for text tel ephony. Assuming that, as recomended in

Section 3.1 above, the second playout algorithmof Section 2.5.2.2 is
in use, a tenmporary increase in packetization interval to as much as
100 ms or double the normal interval, whichever is |ess, should be
har n ess.
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4. RTP Payl oad Format for Tel ephony Tones
4.1. Introduction

As an alternative to describing tones and events by name, as
described in Section 2, it is sonmetinmes preferable to describe them
by their waveform properties. In particular, recognition is faster
than for nanming signals since it does not depend on recogni zing
durati ons or pauses.

There is no single international standard for tel ephone tones such as
dial tone, ringing (ringback), busy, congestion ("fast-busy"),

speci al announcenent tones, or sonme of the other special tones, such
as payphone recognition, call waiting or record tone. However, ITUT
Recomendati on E. 180 [18] notes that across all countries, these
tones share a nunber of characteristics:

o Tel ephony tones consist of either a single tone, the addition of
two or three tones or the nodul ation of two tones. (Al nost al
tones use two frequencies; only the Hungarian "special dial tone"
has three.) Tones that are m xed have the same anplitude and do
not decay.

o In-band tones for tel ephony events are in the range of 25 Hz
(ringing tone in Angola) to 2600 Hz (the tone used for |ine
signalling in SS No. 5 and R1l). The in-band tel ephone frequency
range is limted to 3400 Hz. R2 defines a 3825 Hz out - of - band
tone for line signalling on anal ogue trunks. (The piano has a
range from 27.5 to 4186 Hz.)

o Modul ation frequenci es range between 15 (ANSam tone) to 480 Hz
(Jarmi ca). Non-integer frequencies are used only for frequencies
of 16 2/3 and 33 1/3 Hz.

0o Tones that are not continuous have durations of |ess than four
seconds.

o | TU Recomendation E. 180 [18] notes that different tel ephone

conpani es require a tone accuracy of between 0.5 and 1.5% The
Recomendat i on suggests a frequency tol erance of 1%

Schul zri nne & Tayl or St andards Track [ Page 26]



RFC 4733 Tel ephony Events and Tones

4.2. Exanpl es of Common Tel ephone Tone Signal s
As an aid to the inplenentor,
The rows labeled "ITU ..."
In these rows,
whi ch | ocal standards woul d set specific val ues.
the table indicates addition of the tones,
"*" jndicates anplitude nodul ation

December

2006

Tabl e 4 sunmmari zes some conmon tones.
refer to | TUT Recormendation E. 180 [ 18].
the on and off durations are suggested ranges wthin
The synbol
wi t hout nodul ati on,

n +|I I n
whi | e

Fom e e e e e e aao - o m e e e e e oo Fomm oo -
| Tone Name | Frequency | On Time
| | | (s)
o e e e e e e aa oo o e e ek R
| CNG | 1100 | 0.5
| V.25 CT | 1300 | 0.5
| CED | 2100 | 3.3
| ANS | 2100 | 3.3
| ANSam | 2100*15 | 3.3
| V.21 bit | 980 or 1180 or | 0.00333
| | 1650 or 1850 |
| e | e IEEEEEEES
| 1TU dial tone | 425 | --
| U S dial tone | 350+440 | --
| 1TU ringing tone | 425 | 0.67-1.5
| U.S. ringing tone | 440+480 | 2.0
| 1 TU busy tone | 425 | 0.1-0.6
| U S busy tone | 480+620 | 0.5
| 1 TU congestion tone | 425 | 0.1-0.6
| U.S. congestion tone | 480+620 | 0.25
o e e e e e e oo oo o e e e oo Fomm e m e
Tabl e 4. Exanpl es of Tel ephony Tones
4.3. Use of RTP Header Fields
4.3.1. Tinestanp
The RTP tinmestanp reflects the nmeasurenent point for the current
packet. The event duration described in Section 4.3.3 begins at that
time.
4.3.2. Marker Bit

The tone payl oad type uses the marker
RTP packet
packets for that tone. The narker
first packet, and to O for al
same tone

Schul zri nne & Tayl or St andards Track

bit to distinguish the first
reporting a given instance of a tone from succeeding

bit SHOULD be set to 1 for the
succeedi ng packets relating to the
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4.3.3. Payl oad For nat

Based on the characteristics described above, this docunent defines
an RTP payl oad format called "tone" that can represent tones

consi sting of one or nore frequencies. (The correspondi ng nedia type
is "audio/tone".) The default tinestanp rate is 8000 Hz, but other
rates may be defined. Note that the tinestanp rate does not affect
the interpretation of the frequency, just the durations.

In accordance with current practice, this payload format does not
have a static payl oad type nunber, but uses an RTP payl oad type
nunber established dynam cally and out - of - band.

The payl oad format is shown in Figure 2.

0 1 2 3
012345678901234567890123456789¢01
B T s i I S e i S i i S S e S

| nodul ation | T| vol une | duration

s S S i I S R R e h T Tk e S S S o T S
|IRRRR frequency |IRRRR frequency

B i aT T ST S O S it T ol STEE S U SR U S e O S S N S S
|RRRR frequency |RRRR frequency

B T s i I S e i S i i S S e S

T T R i e e e e o S e SRR R
IR RRR frequency IR RRR frequency
B s i S i I i S S S i i

Figure 2: Payl oad Fornat for Tones
The payl oad contains the followi ng fields:

nodul ati on:
The nodul ation frequency, in Hz. The field is a 9-bit unsigned
i nteger, allow ng nodulation frequencies up to 511 Hz. |If there
is no nodul ation, this field has a value of zero. Note that the
anplitude of modulation is not indicated in the payl oad and nust
be deterni ned by out-of-band neans.

If the T bit is set (one), the nodul ati on frequency is to be
divided by three. Oherw se, the nodul ation frequency is taken as
is.

This bit allows frequencies accurate to 1/3 Hz, since nodul ation
frequencies such as 16 2/3 Hz are in practical use.
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vol une:
The power |evel of the tone, expressed in dBnD after dropping the
sign, with range fromO to -63 dBnD. (Note: A preferred |eve
range for digital tone generators is -8 dBnD to -3 dBnD.)

durati on:
The duration of the tone, nmeasured in tinestanp units and
presented in network byte order. The tone begins at the instant
identified by the RTP tinestanp and lasts for the duration val ue.
The value of zero is not permtted, and tones with such a duration
SHOULD be i gnor ed.

The definition of duration corresponds to that for sanpl e-based
codecs, where the tinestanp represents the sanpling point for the
first sanple.

frequency:
The frequencies of the tones to be added, nmeasured in Hz and
represented as a 12-bit unsigned integer. The field size is
sufficient to represent frequencies up to 4095 Hz, which exceeds
the range of tel ephone systens. A value of zero indicates

silence. A single tone can contain any nunber of frequencies. |If
no frequencies are specified, the packet reports a period of
si | ence.

This field is reserved for future use. The sender MUST set it to
zero, and the receiver MJST ignore it.

4.3.4. Optional Media Type Paraneters
The "rate" paraneter describes the sanpling rate, in Hertz. The
nunber is witten as an integer. |If omitted, the default value is
8000 Hz.

4.4. Procedures

This section defines the procedures associated with the tone payl oad
t ype.

4.4.1. Sending Procedures
The sender MAY send an initial tones packet as soon as a tone is
recogni zed, or MAY wait until a pre-negotiated packetization period

has el apsed. The first RTP packet for a tone SHOULD have the marker
bit set to 1.
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In the case of |onger-duration tones, the sender SHOULD generate

mul tiple RTP packets for the sanme tone instance. The RTP tinestanp
MUST be updated for each packet generated (in contrast, for instance,
to the timestanmp for packets carrying tel ephone events). Subsequent
packets for the sane tone SHOULD have the marker bit set to 0, and
the RTP timestanp in each subsequent packet MJUST equal the sum of the
timestanp and the duration in the precedi ng packet.

A final RTP packet MAY be generated as soon as the end of the tone is
detected, without waiting for the | atest packetization period to
el apse.

The t el ephone-event payl oad described in Section 2 is inherently
redundant, in that |ater packets for the sane event carry all of the
earlier history of the event except for variations in volume. In
contrast, each packet for the tone payl oad type stands al one; a | ost
packet nmeans a gap in the information available at the receiving end.
Thus, for increased reliability, the sender SHOULD conbi ne new and
old tone reports in the same RTP packet using RFC 2198 [2] audio
redundancy.

4.4.2. Receiving Procedures

Recei ving inplenentations play out the tones as received, typically
with a playout delay to allow for |ost packets. When playing out
successive tone reports for the same tone (narker bit is zero, the
RTP timestanmp is contiguous with that of the previous RTP packet, and
payl oad content is identical), the receiving inplementati on SHOULD
continue the tone w thout change or a break

4.4.3. Handling of Congestion

If the sender deternines that packets are being | ost due to
congestion (e.g., through RTCP receiver reports), it SHOULD i ncrease
the packetization interval for initial and interimtone reports so as
to reduce traffic volume to the receiver. The degree to which this

i s possible without causing damagi ng consequences at the receiving
end depends both upon the playout delay used at that end and upon the
specific application associated with the tones. Both the maxi mum
packeti zation interval and maxi numincrease in packetization interva
at any one time are therefore a matter of configuration or out-of-
band negoti ati on.
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5. Exanpl es

Consi der a DTMF dialling sequence,
"911" and a sendi ng gateway detects them
long (1600 tinestanp units) and starts at tine O;

Tel ephony Events and Tones

Dece

nmber 2006

where the user dials the digits
The first digit
the second digit

is 200 nB

lasts 250 ns (2000 tinmestanp units) and starts at tine 880 ns (7040

timestamp units);

duration is 50 ns.

the third digit

is pressed at tinme 1.4 s (11, 200

timestanp units) and lasts 220 nms (1760 tinestanp units). The frane

Table 5 shows the conpl ete sequence of events assuming that only the

t el ephone-event payl oad type is being reported.
timestanp is assuned to begin at O,

vol unme settings are onmtted

| (ms)

50

100

150

200

200

250

300

880

RTP
packet 4
sent
" gn
RTP
packet 4
first
retrans-
m ssi on
RTP
packet 4
second
retrans-
m ssi on
First "1"
starts

ends

Schul zri nne & Tayl or

[ B R [ +- -
| M | Time- | Seq

| bit | stanp | No
Fomm o Fomm e e Fomm o +- -
| | | |
| | | |
| "1 0| 1]
| | | |
| | | |
| "0" | 0| 2 |
| | | |
| | | |
| 0" | 0| 3 |
| | | |
| | | |
| "0" | 0| 4|
| | | |
| | | |
| | | |
| 0" | 0| 5|
| | | |
| | | |
| | | |
| | | |
| 0" | 0| 6 |
| | | |
| | | |
| | | |
| | | |
| | | |
| | | |

St andards Track

the RTP sequence nunber at 1,

For sinplicity: the
and
-------- Fomm oo+
Dura- | E |
tion | bit |
-------- Fommm e o+
| |

| |

400 | "0" |

| |

| |

800 | "O0" |

| |

| |

1200 | "0"

| |

| |

1600 | "0"

| |

| |

| |

1600 | "1" |
| |

| |

| |

| |

1600 | "1" |
| |

| |

| |

| |

| |

| |

[ Page 31]



2006

December

Tel ephony Events and Tones

RFC 4733

1

o o - - o = = o "
1
-+
1

o o o o o o o o '
o o o o o © © © '
< o o o < ~ N~ ~ '
~ ~ ~ - - - '

"

1
-+
1

1

— - — — - - - - "
1

"

1
-+
~ - o~ ™ < © o o "
- — — - - - « '

"

1
-+
1

o o o o o o o o '
< < < < o o o o '
o o o o ~ ~ Y I '
~ ~ ~ ~ — - — - '
- - - - '

"
-+
1

- H H - H H - - 1
- o o o — o o o '
1
-+
: o < < < "

o} o - o ' o ' — n - — . — . '
= n c nc o] n c n c

- - —w €0 ~TECOT O T C o - €0 wTECO.
3] 0 = D B. DOEB.— & = O co o QB OC C._
X 4 X - N W;m X ) - O X O = n O — XX (@) XX X ) - X O «— 0
25 ESG-CRER-8 223888230285 2uESSER-82E8882 !
mps.RpSFempfrmmpsrmSuMRpS.SuRpSmpfrmmpsrm"
ST
1

o o o o o o o o o o o '
™ ™ M © ™ o n s o TS} '
o — - - I3 < < © © ~ ~ '
- - - — - - pa—" - - '

"
-+

Tabl e 5: Exanple of Event Reporting
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Table 6 shows the same sequence assunming that only the tone payl oad
Thi s | ooks somewhat different.

type is being reported.

400

400

400

400

I

I

I

I

I

I

I

I

I

I

I

I

I

I

I

I

I

I

| 400
I

I

I

I

I

I

I

I

I

I

I

I

I

I

| 160
I
I

sinplicity: the tinestanp is assuned to begin at O,

nunber at 1. Volune, the T bit,

omtted. The latter two are al ways O.

Fomm o - Fom oo +o-m o - Fomm e e Fomm o

| Tinme | Event | M | Time- | Seq

| (ms) | | bit | stanmp | No

S S Fo-m - - Fomm e m oo - Fomm e o -

| o] "9" | | |

| | starts | | |

| 50 | RTP [ "1" | 0 | 1

| | packet 1 | |

| | sent | | |

| 100 | RTP | "0" | 400 | 2

| | packet 2 | |

IR I B |

| 200 | RTP | "0" | 1200 | 4

| | packet 4 | |

| | sent | | |

| 200 | "9" ends | |

| 880 | First "1" | |

| | starts | | |

| 930 | RTP [ 1" | 7040 | 5

| | packet 5 | |

| | sent | | |

| 980 | RTP | "0" | 7440 | 6

| | packet 6 | |

| | sent | | |

| T | | |

| 1130 | First "1" | |

| | ends | | |

| 1400 | Second | | |

| | "1" | | |

| | starts | | |

| 1450 | RTP | "1" | 11200 | 10

| | packet 10 | |

| | sent | | |

| T | | |

| 1620 | Second | | |

| | "1" ends | |

| 1650 | RTP | "0" | 12800 | 14

| | packet 14 | |

| | sent | | |

Fomm - TSR +--m - - Fomm e S R,
Tabl e 6: Exanpl e of Tone

Schul zri nne & Tayl or
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Reporting

For

the sequence
and the nodul ati on frequency are

_______ [ I,
Freq 1| Freq
(Hz) | (Hz)

....... I

I
852 | 1477
|
852 | 1477
I
|
852 | 1477
I
I
I
|
697 | 1209
I
697 | 1209
|
I
I
I
I
I
I
697 | 1209
I
I
I
|
697 | 1209
I
I
_______ Fo oo - -
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Now consi der a comnbi ned payl oad, where the tone payload is the
primary payl oad type and the event payload is treated as a redundant
encodi ng (one | evel of redundancy). Because the primary payload is
tones, the tone payload rules determ ne the setting of the RTP header
fields. This nmeans that the RTP timestanp al ways advances. As a
corollary, the tinmestanp offset for the events payload in the RFC
2198 header increases by the same anount.

One issue that has to be considered in a conbined payload is how to
handl e retransm ssions of final event reports. The tone payl oad
speci fication does not reconmend retransm ssions of final packets, so
it is unclear what to put in the primary payload fields of the

conbi ned packet. 1In the interests of sinmplicity, it is suggested
that the retransmtted packets copy the fields relating to the
primary payl oad (including the RTP tinmestanp) fromthe origina
packet. The sane principle can be applied if the packet includes
multiple levels of event payl oad redundancy.

The figures below all illustrate "RTP packet 14" in the above tables.
Figure 3 shows an event-only payl oad, corresponding to Table 5.
Figure 4 shows a tone-only payl oad, corresponding to Table 6.
Finally, Figure 5 shows a conbi ned payl oad, with tones primry and
events as a single redundant layer. Note that the conbi ned payl oad
has the RTP sequence nunbers shown in Table 5, because the

transm tted sequence includes the retransnmitted packets.

Figure 3 assunes that the foll owi ng SDP specification was used. This
session description provides for separate streams of G 729 [21] audio
and events. Packets reported within the G 729 stream are not

consi dered here.

mFaudi o 12344 RTP/ AVP 99

a=rt pmap: 99 G729/ 8000

a=ptime: 20

mraudi 0 12346 RTP/ AVP 100

a=rt pmap: 100 t el ephone-event/ 8000
a=fmt p: 100 0-15

a=ptinme: 50

Schul zri nne & Tayl or St andards Track [ Page 34]



RFC 4733 Tel ephony Events and Tones December 2006

0 1 2 3
01234567890123456789012345678901
T T R i e e e e o S e SRR R

|V=2|P| X] CC |M PT | sequence numnber

| 2 ]0]0| 0 | O] 100 | 18

R it e i T e S R el ot (I I S R S R R S R
| ti mestanp

| 11200 |
T Lk R e T e i ik i Sl TR R o
| synchroni zati on source (SSRC) identifier |
| 0x5234a8

B T s i I S e i S i i S S e S
| event | E Rl vol une | duration

| 1 |1 0| 20 | 1760

e Lk s e o e ki S R R

Figure 3: Exanpl e RTP Packet for Event Payl oad

Figure 4 assunes that an SDP specification simlar to that of the
previ ous case was used.

mraudi 0 12344 RTP/ AVP 99
a=rt pmap: 99 G729/ 8000
a=ptine: 20

mraudi o 12346 RTP/ AVP 101
a=rt pmap: 101 t one/ 8000
a=ptime: 50

0 1 2 3
01234567890123456789012345678901
+- T o i e i it R R S itk it T R R R R
| M PT | sequence numnber
| | Of 101 | 14 |
+- e o o I T I s i sl ST TR S S S S S S
| ti mestanp

| 12800 |
e i T e e i I R o S e O e i T I R S e e R T o ok o
| synchroni zati on source (SSRC) identifier |
| 0x5234a8

R R i ik It I R R T T I i R R R S e ol o o i i i i R
| nodul ati on | T|  vol ume | duration

| 0 | O] 20 | 160
+++++++++++++++++++++++++++++++++
|IRRRR frequency |IRRRR frequency

|0 0 0 O 697 |0 0 0 O 1209

R R i ik It I R R T T I i R R R S e ol o o i i i i R

Figure 4. Exanple RTP Packet for Tone Payl oad

Schul zri nne & Tayl or St andards Track [ Page 35]



RFC 4733 Tel ephony Events and Tones December 2006

Figure 5, for the conbi ned payl oad, assunes the follow ng SDP session
description:

mraudi o 12344 RTP/ AVP 99
a=rtpmap: 99 G729/ 8000

a=ptine: 20

nmraudi o 12346 RTP/ AVP 102 101 100
a=rtpmap: 102 red/ 8000/ 1
a=fntp: 102 101/ 100

a=rt pmap: 101 t one/ 8000

a=rt pmap: 100 t el ephone-event/ 8000
a=fntp: 100 0-15

a=ptinme: 50

For ease of presentation, Figure 5 presents the actual payloads as if
they began on 32-bit boundaries. In the actual packet, they follow

i medi ately after the end of the RFC 2198 header, and thus are

di spl aced one octet into successive words.
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1 2 3
1234567890123456789012345678901
e T o e e e i s i i R R SR R R SR e S
| M PT | sequence numnber
| O] 102 | 18
e T e e e ik i i o e e S S o o i o I NI e
ti mestanp
12800
e Tl R o ol s o T R R S S e e e e e
synchroni zati on source (SSRC) identifier
0x5234a8
e I e i i i o S alh ale sl SR R S S S S S S S S S
block PT | tinestanmp offset | bl ock | ength
100 | 1600 | 4
B T e R i s i o =
bl ock PT | event payl oad begins ... /
101 | \
T T ik i i i e S S i ol s o I S S S S S S e e

[eNe]

-+

(]
—— et —— +——

o T

+__'I|-__+__+__+__+
+—— +—— +

Event payl oad
B I i o SIS I I Y Y Y S T T T T N i S N S S il o S S I S
| event | E R volune | duration
| 1 |1 0] 20 | 1760
B e i s T i et s T ol T S S S N SR S S S

Tone payl oad

I S T i S S S T S S S S D i S S S i

| nmodul ati on | T|  vol une | duration

| 0 | O 20 | 160

s S S i I S R R e h T Tk e S S S o T S
|IRRRR frequency |IRRRR frequency

|0 0 0 O 697 |0 0 0 O 1209

T T T S S e S T S i Sy S S S

Figure 5: Exanpl e RTP Packet for Conbi ned Tone and Event Payl oads
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6.

Security Considerations

RTP packets using the payload formats defined in this specification
are subject to the security considerations discussed in the RTP
specification (RFC 3550 [5]), and any appropriate RTP profile (for
exanpl e, RFC 3551 [13]). The RFC 3550 di scussion focuses on
requirenents for confidentiality. Additional security considerations
relating to inplementation are described in RFC 2198 [2].

The t el ephone-event payl oad defined in this specification is highly
conpressed. A change in value of just one bit can result in a major
change in neani ng as decoded at the receiver. Thus, nessage
integrity MUST be provided for the tel ephone-event payl oad type.

To meet the need for protection both of confidentiality and
integrity, conpliant inplenentations SHOULD i npl enent the Secure
Real -time Transport Protocol (SRTP) [7].

Note that the appropriate nethod of key distribution for SRTP nmay
vary with the specific application

In some deploynents, it nay be preferable to use other neans to
provi de protection equivalent to that provided by SRTP

Provi ded that gateway design includes robust, |ow overhead tone
generation, this payload type does not exhibit any significant non-
uniformity in the receiver side conputational conplexity for packet
processing to cause a potential denial-of-service threat.

| ANA Consi der ati ons

Thi s docunent updates the descriptions of two RTP payl oad fornats,
"t el ephone-event’ and 'tone’, and associated |Internet nedia types,
audi o/ t el ephone-event and audi o/tone. It also docunents the event
codes for DTMF tone events.

Wthin the audi o/tel ephone-event type, events MJST be registered with
| ANA. Registrations are subject to the policies "Specification

Requi red" and "Expert Review' as defined in RFC 2434 [3]. The IETF-
appoi nted expert nust ensure that:

a. the neaning and application of the proposed events are clearly
document ed;

b. the events cannot be represented by existing event codes,
possibly with some minor nodification of event definitions;
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c. the nunber of events is the mninumnecessary to fulfill the
purpose of their application(s).

The expert is further responsible for providing guidance on the

al l ocation of event codes to the proposed events. Specifically, the
expert nust indicate whether the event appears to be the sane as one
defined in RFC 2833 but not specified in any new docurment. 1In this
case, the event code specified in RFC 2833 for that event SHOULD be
assigned to the proposed event. Qherw se, event codes MJST be
assigned fromthe set of available event codes listed below. If this
set is exhausted, the criterion for assignment fromthe reserved set
of event codes is to first assign those that appear to have the

| owest probability of being revived in their RFC 2833 neaning in a
new speci fication.

The docunentation for each event MJST indicate whether the event is a
state, tone, or other type of event (e.g., an out-of-band electrica
event such as on-hook or an indication that will not itself be played
out as tones at the receiving end). For tone events, the
docunent ati on MJUST indicate whether the volume field is applicable or
must be set to O.

In view of the tradeoffs between the different reliability mechani snms
di scussed in Section 2.6, docunentation of specific events SHOULD

i nclude a discussion of the appropriate design decisions for the
applications of those events.

Legal event codes range fromO to 255. The initial registry content
is shown in Table 7, and consists of the sixteen events defined in
Section 3 of this docunent. The renmaining codes have the follow ng
di sposition:

o codes 17-22, 50-51, 90-95, 113-120, 169, and 206-255 are avail able
for assignment;

o codes 23-40, 49, and 52-63 are reserved for events defined in
[16];

0 codes 121-137 and 174-205 are reserved for events defined in [17];
o codes 16, 41-48, 64-88, 96-112, 138-168, and 170-173 are reserved
inthe first instance for specifications reviving the

correspondi ng RFC 2833 events, and in the second instance for
general assignnent after all other codes have been assi gned.
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Fom ek o m m e e e e e e eaa oo Fom oo +
| Event Code | Event Nanme | Reference
T o m e e e e e e e e aa oo R +
| 0| DIM- digit "0O" | RFC 4733
| 1| DIWF digit "1" | RFC 4733
| 2 | DIMF digit "2" | RFC 4733
| 3| DIMF digit "3" | RFC 4733
| 4 | DTMF digit "4" | RFC 4733 |
| 5| DTMF digit "5" | RFC 4733
| 6 | DIMF digit "6" | RFC 4733
| 7| DIMF digit "7" | RFC 4733
| 8 | DIMF digit "8" | RFC 4733
| 9 | DIMF digit "9" | RFC 4733
| 10 | DTMF digit "*" | RFC 4733 |
| 11 | DTMWF digit "#" | RFC 4733
| 12 | DTMWF digit "A" | RFC 4733
| 13 | DTMWF digit "B" | RFC 4733
| 14 | DTWF digit "C | RFC 4733
| 15 | DTWF digit "D | RFC 4733
Fom o o m e e e e e e e eea oo Fom e +

Tabl e 7: audi o/tel ephone-event Event Code Registry
7.1. Media Type Registrations
7.1.1. Registration of Media Type audi o/t el ephone-event
This registration is done in accordance with [6] and [8].
Type nane: audio
Subt ype nane: tel ephone-event
Requi red paraneters: none.
Optional paraneters:
The "events" paraneter lists the events supported by the
i mpl ementation. Events are listed as one or nore conma-separ at ed
el ements. Each el ement can be either a single integer providing
the value of an event code or an integer followed by a hyphen and
a larger integer, presenting a range of consecutive event code
values. The list does not have to be sorted. No white space is

allowed in the argunment. The union of all of the individual event
codes and event code ranges designhates the conplete set of event

nunbers supported by the inplenmentation. |If the "events"
paranmeter is omtted, support for events 0-15 (the DIM- tones) is
assumed.
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The "rate" paraneter describes the sanpling rate, in Hertz. The
nunber is witten as an integer. |If omitted, the default value is
8000 Hz.

Encodi ng consi derati ons:

In the term nol ogy defined by [8] section 4.8, this type is franed
and binary.

Security considerations:
See Section 6, "Security Considerations", in this docunent.
I nteroperability considerations: none.
Publ i shed specification: this docunent.
Applications which use this nedia:

The t el ephone-event audi o subtype supports the transport of events
occurring in tel ephone systens over the Internet.

Addi ti onal information
Magi ¢ nunber(s): NA.
File extension(s): NA
Maci ntosh file type code(s): NA

Person & email address to contact for further information:

Tom Tayl or, tayl or@ortel.com
| ETF AVT Wor ki ng G oup.

I nt ended usage: COVIVON
Restrictions on usage:

This type is defined only for transfer via RTP [5].
Aut hor: | ETF Audi o/ Vi deo Transport Wrki ng G oup
Change controller

| ETF Audi o/ Vi deo Transport Wrking G oup as del egated fromthe
| ESG
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7.1.2. Registration of Media Type audi o/tone

This registration is done in accordance with [6] and [8].

Type name: audio

Subt ype nane: tone

Requi red parameters: none

Opti onal paramneters:
The "rate" paraneter describes the sanpling rate, in Hertz. The
nunber is witten as an integer. |If omitted, the default value is
8000 Hz.

Encodi ng consi derati ons:

In the term nol ogy defined by [8] section 4.8, this type is franed
and binary.

Security considerations:
See Section 6, "Security Considerations", in this docunent.
I nteroperability considerations: none
Publ i shed specification: this docunent.
Appl i cations which use this nedia:
The tone audi o subtype supports the transport of pure conposite
tones, for exanmple, those comonly used in the current tel ephone
systemto signal call progress.
Addi tional information:
Magi ¢ nunber(s): NA
File extension(s): NA
Maci ntosh file type code(s): NA

Person & email address to contact for further infornmation:

Tom Tayl or, tayl or@ortel.com
| ETF AVT Wor ki ng G oup.

I nt ended usage: COVIVON.
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Restrictions on usage:

This type is defined only for transfer via RTP [5].
Aut hor: | ETF Audi o/ Vi deo Transport Wrki ng G oup.
Change controller:

| ETF Audi o/ Vi deo Transport Wrking G oup as del egated fromthe
| ESG
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Appendi x A.  Sumary of Changes from RFC 2833

The nenp has been significantly restructured, incorporating a |arge
nunber of clarifications to the specification. Wth the exception of
those items noted bel ow, the changes to the nmeno are intended to be
backwar ds-conpati ble clarifications. However, due to inconsistencies
and unclear definitions in RFC 2833 [12] it is likely that sone

i mpl enentations interpreted that meno in ways that differ fromthis
ver si on.

RFC 2833 required that all inplementations be capable of receiving
the DTMF events (event codes 0-15). Section 2.5.1.1 of the present
docunent requires that a sender transnmit only the events that the
receiver is capable of receiving. |In the absence of a know edge of
receiver capabilities, the sender SHOULD assume support of the DTMF
events but of no other events. The sender SHOULD i ndi cate what
events it can send. Section 2.5.2.1 requires that a receiver
signalling its capabilities using SDP MJST indicate which events it
can receive

Non-zero values in the volunme field of the payl oad were applicable
only to DTM- tones in RFC 2833, and for other events the receiver was
required to ignore them The present meno requires that the
definition of each event indicate whether the volune field is
applicable to that event. The |ast paragraph of Section 2.5.2.2

i ndi cates what a receiver nmay do if it receives volunes with zero

val ues for events to which the volunme field is applicable. Along
with the RFC 2833 receiver rule, this ensures backward conpatibility
in both directions of transm ssion

Section 2.5.1.3 and Section 2.5.2.3 introduce a new procedure for
reporting and pl ayi ng out events whose duration exceeds the capacity
of the payload duration field. This procedure may cause nonentary
confusion at an old (RFC 2833) receiver, because the tinmestanmp is
updated wi thout setting the E bit of the preceding event report and
wi t hout setting the Mbit of the new one.

Section 2.5.1.5 and Section 2.5.2.4 introduce a new procedure whereby
a sequence of short-duration events nmay be packed into a single event

report. |If an old (RFC 2833) receiver receives such a report, it may
di scard the packet as invalid, since the packet holds nore content
than the receiver was expecting. In any event, the additional events
in the packet will be |ost.
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Section 2.3.5 introduces the possibility of "state" events and
defines procedures for setting the duration field for reports of such
events. Section 2.5.1.2 defines special exenptions fromthe setting
of the E bit for state events. Three nore sections mention
procedures related to these events.

The Security Considerations section is updated to nmention the

requi rement for protection of integrity. Mre inportantly, it nakes
i mpl ementation of SRTP [7] mandatory for conpliant inplenentations,
wi t hout specifying a nandatory-to-inplenent nethod of key

di stribution.

Finally, this docunent establishes an | ANA registry for event codes
and establishes criteria for their docunentation. This document
provides an initial population for the new registry, consisting
solely of the sixteen DIMF events. Two conpani on documents [16] and
[17] describe events related to nodens, fax, and text tel ephony and
to channel -associ ated tel ephony signalling, respectively. Sone
changes were nmade to the |atter because of errors and redundancies in
the RFC 2833 assignnments. The renunining events defined in RFC 2833
are deprecated because they do not appear to have been inpl enmented,
but their codes have been conditionally reserved in case any of them
is needed in the future. Table 8 indicates the disposition of the
event codes in detail. Event codes not nmentioned in this table were
not all ocated by RFC 2833 and continue to be unused.

R oo e e e e e e e e e e aa oo R +
| Event Codes | RFC 2833 Description | Disposition
S o e m e e e e e e e e e e e e e e e S +
| 0-15 | DTM- digits | RFC 4733

| 16 | Line flash (deprecated) | Reserved

| 23-31 | Unused | [16] |
| 32-40 | Data and fax | [16] |
| 41-48 | Data and fax (V.8bis, deprecated) | Reserved

| 52-63 | Unused | [16] |
| 64-89 | E. 182 line events (deprecated) | Reserved

| 96-112 | Country-specific line events | Reserved

| | (deprecated) | |
| 121-127 | Unused | [17] |
| 128-137 | Trunks: MF 0-9 | [17] |
| 138-143 | Trunks: other M- (deprecated) | Reserved

| 144- 159 | Trunks: ABCD signalling | [17] |
| 160-168 | Trunks: various (deprecated) | Reserved

| 170-173 | Trunks: various (deprecated) | Reserved

| 174-205 | Unused | [17] |
Fom e e e e oo - o m e e e e e e e e e m e e memamao - Fom e e e e oo - +

Tabl e 8: Disposition of RFC 2833-defined Event Codes
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