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Abstract

This meno describes how to carry dual -tone nultifrequency (DTM)
signaling, other tone signals and tel ephony events in RTP packets.

=

nt roducti on

This meno defines two payl oad formats, one for carrying dual -tone

mul tifrequency (DTMF) digits, other line and trunk signals (Section
3), and a second one for general nulti-frequency tones in RTP [1]
packets (Section 4). Separate RTP payload formats are desirable since
| ow-rate voi ce codecs cannot be guaranteed to reproduce these tone
signal s accurately enough for automatic recognition. Defining
separate payl oad formats al so pernits higher redundancy while
maintaining a low bit rate.

The payl oad formats descri bed here may be useful in at |east three
applications: DTMF handling for gateways and end systens, as well as
"RTP trunks". In the first application, the Internet tel ephony
gateway detects DITMF on the incoming circuits and sends the RTP

payl oad described here instead of regular audi o packets. The gateway
likely has the necessary digital signal processors and al gorithns, as
it often needs to detect DIMF, e.g., for two-stage dialing. Having
the gateway detect tones relieves the receiving Internet end system
fromhaving to do this work and al so avoids that |ow bit-rate codecs
like G 723.1 render DTMF tones unintelligible. Secondly, an Internet
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end system such as an "Internet phone" can enul ate DTMF functionality
wi t hout concerning itself with generating precise tone pairs and
wi t hout inposing the burden of tone recognition on the receiver.

In the "RTP trunk"” application, RTP is used to replace a normnal
circuit-switched trunk between two nodes. This is particularly of
interest in a tel ephone network that is still nostly circuit-
switched. 1In this case, each end of the RTP trunk encodes audio
channels into the appropriate encoding, such as G 723.1 or G 729.
However, this encoding process destroys in-band signaling information
which is carried using the least-significant bit ("robbed bit
signaling”) and may also interfere with in-band signaling tones, such
as the MF digit tones. In addition, tone properties such as the phase
reversals in the ANSamtone, will not survive speech coding. Thus,

t he gateway needs to renove the in-band signaling information from
the bit stream It can now either carry it out-of-band in a signaling
transport mechanismyet to be defined, or it can use the nmechani sm
described in this menorandum (If the two trunk end points are within
reach of the same nedia gateway controller, the nedia gateway
controller can also handle the signaling.) Carrying it in-band may
sinplify the tinme synchroni zati on between audi o packets and the tone
or signal information. This is particularly relevant where duration
and timng matter, as in the carriage of DTMF signals.

1.1 Term nol ogy

In this docunment, the key words "MJST", "MJST NOT", "REQU RED',
"SHALL", "SHALL NOT", "SHOULD', "SHOULD NOT", "RECOMVENDED', " MAY",
and "OPTIONAL" are to be interpreted as described in RFC 2119 [2] and
i ndicate requirenent |levels for conpliant inplenmentations.

2 Bvents vs. Tones

A gateway has two options for handling DIMF digits and events. First,
it can sinply neasure the frequency conponents of the voice band
signals and transmt this information to the RTP receiver (Section
4). In this node, the gateway nmakes no attenpt to discern the neaning
of the tones, but sinply distinguishes tones from speech signals.

Al'l tone signals in use in the PSTN and nmeant for human consunption
are sequences of sinple conbinations of sine waves, either added or
nodul ated. (There is at |east one tone, the ANSamtone [3] used for
i ndicating data transm ssion over voice |ines, that nakes use of
periodi ¢ phase reversals.)

As a second option, a gateway can recognize the tones and translate

theminto a name, such as ringing or busy tone. The receiver then
produces a tone signal or other indication appropriate to the signal
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General ly, since the recognition of signals often depends on their
on/off 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 signaling information that generates the tones and thus
can generate the RTP packet inmediately, w thout the detour through
acoustic signals.

In the phone network, tones are generated at different places,
dependi ng on the switching technol ogy and the nature of the tone.
This determines, for exanple, whether a person naking a call to a
foreign country hears her local tones she is famliar with or the
tones as used in the country call ed.

For analog lines, dial tone is always generated by the local switch

| SDN terminals may generate dial tone locally and then send a Q 931
SETUP nessage containing the dialed digits. If the term nal just
sends a SETUP nessage without any Called Party digits, then the
switch does digit collection, provided by the terminal as KEYPAD
nmessages, and provides dial tone over the B-channel. The term nal can
ei ther use the audio signal on the B-channel or can use the Q 931
nmessages to trigger locally generated dial tone.

Ri ngi ng 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 inlieu of a ringing tone.) Congestion tone and
speci al 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
| SUP nessages received. Busy tone is generated by the caller’s
switch, triggered by the appropriate | SUP nessage, for anal og

i nstrunents, or the | SDN term nal

Gat eways whi ch send signaling events via RTP MAY send both naned
signhals (Section 3) and the tone representation (Section 4) as a
singl e RTP session, using the redundancy mechani sm defined in Section
3.7 to interleave the two representations. It is generally a good
idea to send both, since it allows the receiver to choose the
appropriate rendering.

If a gateway cannot present a tone representation, it SHOULD send the

audi o tones as regul ar RTP audi o packets (e.g., as payload fornmat
PCMJ), in addition to the nanmed signals.
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3 RTP Payl oad Format for Named Tel ephone Events
3.1 Introduction

The payl oad format for named tel ephone events described belowis
suitabl e for both gateway and end-to-end scenarios. In the gateway
scenari o, an Internet tel ephony gateway connecting a packet voice
network to the PSTN recreates the DTMF tones or other tel ephony
events and injects theminto the PSTN. Since, for exanple, DIMF digit
recognition takes several tens of nilliseconds, the first few
mlliseconds of a digit will arrive as regular audi o packets. Thus,
careful time and power (volune) alignnent between the audi o sanples
and the events is needed to avoid generating spurious digits at the
receiver.

DTMF digits and naned tel ephone events are carried as part of the
audi o stream and MJST use the sane sequence nunber and tine-stanp
base as the regul ar audio channel to sinplify the generation of audio
waveforns at a gateway. The default clock frequency is 8,000 Hz, but
the clock frequency can be redefined when assigning the dynanic

payl oad type.

The payl oad format described here achi eves a hi gher redundancy even
in the case of sustained packet | oss than the nethod proposed for the
Voi ce over Frame Relay | nplenentation Agreenent [4].

If an end systemis directly connected to the Internet and does not
need to generate tone signals again, tinme alignment and power |evels
are not relevant. These systens rely on PSTN gateways or Internet end
systens to generate DIMF events and do not performtheir own audio
wavef orm anal ysis. An exanple of such a systemis an Internet

i nteractive voi ce-response (I VR) system

In circunmstances where exact tinming alignnment between the audio
stream and the DTMF digits or other events is not inportant and data
is sent unicast, such as the IVR exanple nentioned earlier, it may be
preferable to use a reliable control protocol rather than RTP
packets. In those circunstances, this payload format woul d not be
used.

3.2 Sinmul taneous Generation of Audi o and Events

A source MAY send events and coded audi o packets for the sanme tine
instants, using events as the redundant encoding for the audio
stream or it MAY bl ock outgoing audio while event tones are active
and only send naned events as both the prinmary and redundant

encodi ngs.
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Note that a period covered by an encoded tone may overlap in tine
with a period of audio encoded by other neans. This is likely to
occur at the onset of a tone and is necessary to avoi d possible
errors in the interpretation of the reproduced tone at the renote
end. Inplenentations supporting this payload format nust be prepared
to handle the overlap. It is RECOWENDED that gateways only render
the encoded tone since the audio may contain spurious tones

i ntroduced by the audi o conpression algorithm However, it is
anticipated that these extra tones in general should not interfere
with recognition at the far end.

3.3 Event Types
This payload format is used for five different types of signals:
o DTMF tones (Section 3.10);
o fax-related tones (Section 3.11);
o standard subscriber line tones (Section 3.12);
o country-specific subscriber line tones (Section 3.13) and;
o trunk events (Section 3.14).

A conpliant inplenmentati on MUST support the events listed in Table 1
with the exception of "flash". If it uses sone other, out-of-band
mechani smfor signaling line conditions, it does not have to

i npl enent the other events.

In sone cases, an inplenentation may sinply ignore certain events,
such as fax tones, that do not nake sense in a particul ar

environnment. Section 3.9 specifies how an inplenentation can use the
SDP "fntp" parameter within an SDP description to indicate its
inability to understand a particular event or range of events.

Dependi ng on the avail abl e user interfaces, an inplenmentati on MAY
render all tones in Table 5 the sane or, preferably, use the tones
conveyed by the concurrent "tone" payload or other RTP audi o payl oad.
Alternatively, it could provide a textual representation

Note that end systens that enul ate tel ephones only need to support
the events described in Sections 3.10 and 3.12, while systens that
receive trunk signaling need to inplenent those in Sections 3.10,
3.11, 3.12 and 3.14, since MF trunks also carry nost of the "Iline"
sighals. Systens that do not support fax or nodem functionality do
not need to render fax-related events described in Section 3.11.
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The RTP payl oad format is designated as "tel ephone-event”, the M ME
type as "audi o/tel ephone-event”. The default tinmestanp rate is 8000
Hz, but other rates may be defined. In accordance with current
practice, this payload format does not have a static payload type
nunber, but uses a RTP payl oad type nunber established dynanically
and out - of - band.

3.4 Use of RTP Header Fields

Ti mestanp: The RTP tinmestanp reflects the measurenment point for
the current packet. The event duration described in Section
3.5 extends forwards fromthat tine. The receiver cal cul ates
jitter for RTCP receiver reports based on all packets with a
given tinmestanp. Note: The jitter value should prinmarily be
used as a neans for conparing the reception quality between
two users or two tinme-periods, not as an absol ute neasure.

Marker bit: The RTP marker bit indicates the beginning of a new
event.

3.5 Payl oad For mat
The payload format is shown in Fig. 1.

0 1 2 3
01234567890123456789012345678901
il s T T S S S S S i N T i ST S S S S S e e L T 2
| event | E| Rl vol une | durati on |
il s T T S S S S S i N T i ST S S S S S e e L T 2

Figure 1: Payl oad Format for Nanmed Events

events: The events are encoded as shown in Sections 3.10 through
3. 14.

volune: For DTMF digits and other events representable as tones,
this field describes the power |evel of the tone, expressed
in dBnD after dropping the sign. Power |levels range fromO to
-63 dBnD. The range of valid DTM- is fromO to -36 dBnD (nust
accept); lower than -55 dBmD nust be rejected (TR TSY-000181
I TUT Q24A). Thus, larger values denote | ower volune. This
value is defined only for DTMF digits. For other events, it
is set to zero by the sender and is ignored by the receiver.
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duration: Duration of this digit, in timestanp units. Thus, the
event began at the instant identified by the RTP tinmestanp
and has so far lasted as long as indicated by this paraneter.
The event may or may not have ended.

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

E: If set to a value of one, the "end" bit indicates that this
packet contains the end of the event. Thus, the duration
par anet er above neasures the conplete duration of the event.

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

transni ssion. This avoids having to wait to detect whether
the tone has indeed ended.

Recei ver inplenentati ons MAY use different algorithns to
create tones, including the two described here. In the first,
the receiver sinply places a tone of the given duration in
the audi o playout buffer at the location indicated by the

ti mestanp. As additional packets are received that extend the
sane tone, the waveformin the playout buffer is extended
accordingly. (Care has to be taken if audio is mixed, i.e.,
sunmed, in the playout buffer rather than sinply copied.)
Thus, if a packet in a tone lasting |onger than the packet
interarrival time gets lost and the playout delay is short, a
gap in the tone nay occur. Alternatively, the receiver can
start a tone and play it until it receives a packet with the
"E'" bit set, the next tone, distinguished by a different

ti mestanp value or a given tinme period elapses. This is nore
robust agai nst packet |oss, but may extend the tone if all
retransm ssions of the |ast packet in an event are |ost.
Limting the tine period of extending the tone is necessary
to avoid that a tone "gets stuck"”. Regardless of the

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

R This field is reserved for future use. The sender MJST set it
to zero, the receiver MJUST ignore it.
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3.6 Sending Event Packets

An audi o source SHOULD start transmitting event packets as soon as it
recogni zes an event and every 50 ns thereafter or the packet interva
for the audi o codec used for this session, if known. (The sender does
not need to maintain precise tine intervals between event packets in
order to maintain precise inter-event tinmes, since the timng
information is contained in the tinestanp.)

Q24 [5], Table A-1, indicates that all adm nistrations surveyed
use a mnimum signal duration of 40 ns, with signaling velocity
(tone and pause) of no | ess than 93 ns.

If an event continues for nore than one period, the source generating
the events should send a new event packet with the RTP timestanp

val ue corresponding to the beginning of the event and the duration of
the event increased correspondingly. (The RTP sequence nunber is

i ncremented by one for each packet.) If there has been no new event
in the last interval, the event SHOULD be retransnitted three tines
or until the next event is recognized. This ensures that the duration
of the event can be recogni zed correctly even if the |last packet for
an event is |ost.

DTMF digits and events are sent increnmentally to avoid having the
receiver wait for the conpletion of the event. Since sonme tones
are two seconds long, this would incur a substantial delay. The
transmtter does not know if event length is inportant and thus
needs to transmt imediately and increnmentally. If the receiver
application does not care about event |ength, the increnental
transmni ssi on nechani sm avoi ds del ay. Sone applications, such as
gateways into the PSTN, care about both delays and event duration.

3.7 Reliability

During an event, the RTP event payload format provides increnental
updates on the event. The error resiliency depends on the playout
delay at the receiver. For exanple, for a playout delay of 120 ns and
a packet gap of 50 ns, two packets in a row can get |ost w thout
causing a gap in the tones generated at the receiver.

The audi o redundancy mechani sm described in RFC 2198 [6] MAY be used
to recover from packet |oss across events. The effective data rate is
r times 64 bits (32 bits for the redundancy header and 32 bits for

t he tel ephone-event payload) every 50 ns or r tinmes 1280 bits/second,
where r is the nunber of redundant events carried in each packet. The
value of r is an inplenentation trade-off, with a value of 5
suggest ed.
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The tinmestanp offset in this redundancy schenme has 14 bits, so
that it allows a single packet to "cover" 2.048 seconds of

t el ephone events at a sanpling rate of 8000 Hz. Including the
starting tinme of previous events allows precise reconstruction of
the tone sequence at a gateway. The schene is resilient to
consecutive packet | osses spanning this interval of 2.048 seconds
or r digits, whichever is less. Note that for previous digits,
only an average | oudness can be represented.

An encoder MAY treat the event payload as a highly-conpressed version
of the current audio franme. In that node, each RTP packet during an
event would contain the current audio codec rendition (say, G 723.1
or G729) of this digit as well as the representation described in
Section 3.5, plus any previous events seen earlier.

Thi s approach all ows dunb gateways that do not understand this
format to function. See also the discussion in Section 1.

3.8 Exanpl e

A typi cal RTP packet, where the user is just dialing the last digit
of the DTMF sequence "911". The first digit was 200 ns | ong (1600
timestanp units) and started at tinme 0, the second digit lasted 250
ms (2000 tinmestanp units) and started at tinme 800 ns (6400 tinestanp
units), the third digit was pressed at tinme 1.4 s (11,200 tinmestanp
units) and the packet shown was sent at 1.45 s (11,600 tinestanp
units). The franme duration is 50 nms. To nmake the parts recogni zabl e,
the figure below ignores byte alignnent. Tinestanp and sequence
nunber are assunmed to have been zero at the beginning of the first
digit. In this exanple, the dynanmic payload types 96 and 97 have been
assi gned for the redundancy mechani sm and the tel ephone event

payl oad, respectively.
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3.9 Indication of Receiver Capabilities using SDP

1 2 3
1234567890123456789012345678901
S S N i S N S U S s
| M PT | sequence nunber |
|
+

o o

| 96 | 28 |
B S e e S i i s ST S S Y S S Y S
timestanp |
11200 I
T T T T S T T ot SIS U SN S S S S T ST S SIS S S S
synchroni zation source (SSRC) identifier |
0x5234a8 I
i i S I S I i S S S S il s ot i S
| bl ock PT | ti mestanp of f set | bl ock I ength |
| 97 | 11200 | 4 |
i i S I S I i S S S S il s ot i S
| bl ock PT | ti mestanp of f set | bl ock I ength |
| 97 | 11200 - 6400 = 4800 | 4 |
i i S I S I i S S S S il s ot i S
| Bl ock PT |
I 97 I
i i S I S I i S S S S il s ot i S
digit | E Rl vol une | durati on |
|1 O] 7 | 1600 |
B T T o S e S i T aTois SISIE U SN S U S S i S
it | E R vol une | dur ati on |
I
I
I

+
+

-+
d

,Q + ©

| 1 O] 10 | 2000
T T T T S T T ot SIS U SN S S S S T ST S SIS S S S
digit | E Rl vol une | durati on
1 |0 0 20 | 400
T T T T S T T ot SIS U SN S S S S T ST S SIS S S S

+-—-+-— +-— +—-—— +-——F— +——— +— +— +— — +

Figure 2: Exanple RTP packet after dialing "911"

Recei vers MAY indi cate which nanmed events they can handle, for
exanpl e, by using the Session Description Protocol (RFC 2327 [7]).
The payl oad formats use the following fntp format to list the event
val ues that they can receive:

a=fmt p: <format> <list of val ues>

The list of values consists of comm-separated el enents, which can be
either a single decinmal nunber or two deci mal nunbers separated by a
hyphen (dash), where the second nunber is larger than the first. No
whi t espace is all owed between nunbers or hyphens. The list does not
have to be sorted.
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For example, if the payload format uses the payl oad type nunmber 100,
and the inplenentation can handl e the DTMF tones (events 0 through
15) and the dial and ringing tones, it would include the foll ow ng
description in its SDP nessage:

a=fntp: 100 0-15, 66, 70

Since all inplenmentati ons MUST be able to receive events 0 through
15, listing these events in the a=fntp line is OPTI ONAL.

The corresponding M ME paraneter is "events", so that the foll ow ng
sanpl e nedia type definition corresponds to the SDP exanpl e above:

audi o/ t el ephone-event; events="0-11, 66, 67"; r at e="8000"
3.10 DTMF Events

Table 1 sunmmari zes the DIM--rel ated naned events within the
t el ephone-event payl oad format.

Event encodi ng (deci nal)

0--9 0--9
* 10
# 11
A--D 12--15
Fl ash 16

Tabl e 1: DTMF naned events
3.11 Data Modem and Fax Events

Tabl e 3.11 sunmarizes the events and tones that can appear on a
subscri ber line serving a fax machine or nodem The tones are
descri bed below, with additional detail in Table 7.

ANS: This 2100 +/- 15 Hz tone is used to disable echo
suppression for data transm ssion [8,9]. For fax machi nes,
Recommendation T.30 [9] refers to this tone as called
terminal identification (CED) answer tone.

/ANS: This is the sanme signal as ANS, except that it reverses
phase at an interval of 450 +/- 25 nms. It disables both
echo cancellers and echo suppressors. (In the 1TU
Recommendation V.25 [8], this signal is rendered as ANS
with a bar on top.)
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ANSam The nodified answer tone (ANSam) [3] is a sinewave signa

at 2100 +/- 1 Hz without phase reversals, anplitude-nodul ated
by a sinewave at 15 +/- 0.1 Hz. This tone is sent by nodens
if network echo canceller disabling is not required.

[ ANSam The nodified answer tone with phase reversals (ANSam [ 3]

CRdi :

CRdr :

is a sinewave signal at 2100 +/- 1 Hz with phase reversals at
intervals of 450 +/- 25 ns, anplitude-nodul ated by a si newave
at 15 +/- 0.1 Hz. This tone [10,8] is sent by nodens [11l] and
faxes to di sabl e echo suppressors.

After dialing the called fax machi ne’ s tel ephone nunber (and
before it answers), the calling Goup Il fax machine
(optionally) begins sending a Calli NG tone (CNG consisting
of an interrupted tone of 1100 Hz. [9]

Capabilities Request (CRd), initiating side, [12] is a
dual -tone signal with tones at 1375 Hz and 2002 Hz for 400
ms, followed by a single tone at 1900 Hz for 100 nms. "This
signal requests the renote station transition fromtel ephony
node to an information transfer node and requests the
transni ssion of a capabilities |ist nmessage by the renote
station. In particular, CRdi is sent by the initiating
station during the course of a call, or by the calling
station at call establishment in response to a CRe or Mre."

CRdr is the response tone to CRdi (see above). It consists
of a dual-tone signal with tones at 1529 Hz and 2225 Hz for
400 s, followed by a single tone at 1900 Hz for 100 ns.

Capabilities Request (CRe) [12] is a dual-tone signal with
tones at tones at 1375 Hz and 2002 Hz for 400 ns, followed by
a single tone at 400 Hz for 100 nms. "This signal requests the
renote station transition fromtel ephony node to an

i nformation transfer node and requests the transm ssion of a
capabilities list nessage by the renpte station. In
particular, CRe is sent by an automatic answering station at
call establishment."

The calling tone [8] consists of a series of interrupted
bursts of binary 1 signal or 1300 Hz, on for a duration of
not less than 0.5 s and not nore than 0.7 s and off for a
duration of not less than 1.5 s and not nore than 2.0 s."
Modens not starting with the V.8 call initiation tone often
use this tone.
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Escape Signal (ESi) [12] is a dual-tone signal with tones at
1375 Hz and 2002 Hz for 400 ns, followed by a single tone at
980 Hz for 100 ms. "This signal requests the renote station
transition fromtel ephony node to an information transfer
node. signal ESi is sent by the initiating station."”

Escape Signal (ESr) [12] is a dual-tone signal with tones at
1529 Hz and 2225 Hz for 400 ns, followed by a single tone at
1650 Hz for 100 nms. Sanme as ESi, but sent by the responding
station.

Mode Request (MRd), initiating side, [12] is a dual-tone
signal with tones at 1375 Hz and 2002 Hz for 400 ns foll owed
by a single tone at 1150 Hz for 100 nms. "This signal requests
the renote station transition fromtel ephony node to an
i nformation transfer node and requests the transm ssion of a
node sel ect nessage by the renote station. In particular
signal MRd is sent by the initiating station during the
course of a call, or by the calling station at cal
establishment in response to an MRe." [12]

MRAr is the response tone to MRdi (see above). It consists
of a dual-tone signal with tones at 1529 Hz and 2225 Hz for
400 ms, followed by a single tone at 1150 Hz for 100 ns.

Mode Request (MRe) [12] is a dual-tone signal with tones at
1375 Hz and 2002 Hz for 400 ns, followed by a single tone at
650 Hz for 100 nms. "This signal requests the renote station
transition fromtel ephony node to an information transfer
node and requests the transm ssion of a node sel ect nmessage
by the renote station. In particular, signal MRe is sent by
an automatic answering station at call establishnent." [12]

V.21 describes a 300 b/s full-duplex nodemthat enpl oys
frequency shift keying (FSK). It is used by Goup 3 fax

machi nes to exchange T.30 information. The calling transmts
on channel 1 and receives on channel 2; the answering nodem
transnits on channel 2 and receives on channel 1. Each bit

val ue has a distinct tone, so that V.21 signaling conprises a
total of four distinct tones.
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In summary, procedures in Table 2 are used.

Pr ocedur e

i ndi cati ons

V.25 and V.8

V. 25, echo cancell er

V.8

V.8, echo cancell er disabl ed

di sabl ed

ANS

ANS, /ANS, ANS, /ANS
ANSam

/ ANSam

May 2000

Tabl e 2: Use of ANS, ANSam and /ANSamin V.x recomendati ons

Event

encodi ng (deci nal)

Answer tone (ANS)

| ANS
ANSam
[/ ANSam

Cal l'ing tone (CNG

V. 21 channe
V. 21 channe
V. 21 channe
V. 21 channe
CRdi

CRdr

CRe

ESi

ESr

MRdi

MRdr

MRe

CT

"o
wqn
"o
wqn

bi t
bi t
bi t
bi t

32
33
34
35
36
37
38
39
40
41
42
43
44
45
46
47
48
49

Table 3: Data and fax nanmed events

3.12 Line Events

Table 4 sunmari zes the events and tones that can appear on a

subscri ber |ine.

| TU Recommendation E. 182 [13] defines when certain tones should be
used. It defines the followi ng standard tones that are heard by the

caller:

Dial tone: The exchange is ready to receive address informtion.

Schul zri nne & Petrack
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PABX i nternal dial tone: The PABX is ready to receive address
i nformati on.

Speci al dial tone: Same as dial tone, but the caller’'s line is
subject to a specific condition, such as call diversion or a
voice mail is available (e.g., "stutter dial tone").

Second dial tone: The network has accepted the address
i nformation, but additional information is required.

Ring: This named signal event causes the recipient to generate an
alerting signal ("ring"). The actual tone or other indication
used to render this named event is left up to the receiver
(This differs fromthe ringing tone, below, heard by the
cal l er

Ri ngi ng tone: The call has been placed to the callee and a calling
signal (ringing) is being transmtted to the callee. This
tone is also called "ringback"

Speci al ringing tone: A special service, such as call forwarding
or call waiting, is active at the called nunber.

Busy tone: The call ed tel ephone nunber is busy.

Congestion tone: Facilities necessary for the call are tenporarily
unavai |l abl e.

Calling card service tone: The calling card service tone consists
of 60 ms of the sumof 941 Hz and 1477 Hz tones (DTMF ' #'),
followed by 940 ns of 350 Hz and 440 Hz (U. S. dial tone),
decayi ng exponentially with a tinme constant of 200 nms.

Speci al information tone: The callee cannot be reached, but the
reason i s neither "busy" nor "congestion". This tone should
be used before all call failure announcenents, for the
benefit of automatic equi prment.

Confort tone: The call is being processed. This tone nmay be used
during long post-dial delays, e.g., in internationa
connecti ons.

Hol d tone: The caller has been placed on hold.

Record tone: The caller has been connected to an automatic
answering device and is requested to begi n speaking.
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Caller waiting tone: The called station is busy, but has cal
wai ting service.

Pay tone: The caller, at a payphone, is rem nded to deposit
addi ti onal coins.

Positive indication tone: The suppl enentary service has been
acti vat ed.

Negative indication tone: The suppl enentary service could not be
acti vat ed.

O f-hook warning tone: The caller has left the instrument off-hook
for an extended period of tine.

The followi ng tones can be heard by either calling or called party
during a conversation

Call waiting tone: Another party wants to reach the subscri ber.

Warning tone: The call is being recorded. This tone is not
required in all jurisdictions.
Intrusion tone: The call is being nonitored, e.g., by an operator.

CPE alerting signal: Atone used to alert a device to an arriving
i n-band FSK data transm ssion. A CPE alerting signal is a
conbi ned 2130 and 2750 Hz tone, both with tol erances of 0.5%
and a duration of 80 to. 80 nms. The CPE alerting signal is
used with ADSI services and Call Waiting ID services [14].

The followi ng tones are heard by operators:
Payphone recognition tone: The person naking the call or being

called is using a payphone (and thus it is ill-advised to
allow collect calls to such a person).

Schul zrinne & Petrack St andar ds Track [ Page 16]



RFC 2833 Tones May 2000

Event encodi ng (deci nal)
O f Hook 64
On Hook 65
D al tone 66
PABX i nternal dial tone 67
Speci al dial tone 68
Second di al tone 69
Ri ngi ng tone 70
Speci al ringing tone 71
Busy tone 72
Congestion tone 73
Speci al information tone 74
Confort tone 75
Hol d t one 76
Record tone 77
Caller waiting tone 78
Call waiting tone 79
Pay tone 80
Positive indication tone 81
Negati ve indication tone 82
War ni ng tone 83
I ntrusion tone 84
Calling card service tone 85
Payphone recognition tone 86
CPE al erting signal (CAS) 87
O f-hook warni ng tone 88
Ri ng 89

Table 4: E. 182 |line events
3.13 Extended Li ne Events

Tabl e 5 sunmari zes country-specific events and tones that can appear
on a subscriber |ine.

3.14 Trunk Events
Table 6 sunmarizes the events and tones that can appear on a trunk.
Note that trunk can also carry line events (Section 3.12), as M
signal i ng does not include backward signals [15].

ABCD transitional: 4-bit signaling used by digital trunks. For N
state signaling, the first N values are used.
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Event encodi ng (deci nal)
Accept ance tone 96
Confirnmation tone 97
Di al tone, recall 98
End of three party service tone 99
Facilities tone 100
Li ne | ockout tone 101
Nunber unobt ai nabl e tone 102
O fering tone 103
Per manent signal tone 104
Preenption tone 105
Queue tone 106
Ref usal tone 107
Rout e tone 108
Valid tone 109
Waiting tone 110
Warni ng tone (end of period) 111
Warni ng Tone (PIP tone) 112

Tabl e 5: Country-specific Line events

The T1 ESF (extended super frane format) allows 2, 4, and 16
state signaling bit options. These signaling bits are naned
A B C and D. Signaling information is sent as robbed bits
in franes 6, 12, 18, and 24 when using ESF Tl franming. A D4
superframe only transmits 4-state signaling with A and B
bits. On the CEPT E1 frame, all signaling is carried in
timesl ot 16, and two channels of 16-state (ABCD) signaling
are sent per frane.

Since this information is a state rather than a changi ng
signal, inplenentations SHOULD use the following triple-
redundancy nechanism simlar to the one specified in ITUT
Rec. 1.366.2 [16], Annex L. At the time of a transition, the
sane ABCD information is sent 3 tinmes at an interval of 5 ns.
I f another transition occurs during this tine, then this
continues. After a period of no change, the ABCD information
is sent every 5 seconds.

Wnk: A brief transition, typically 120-290 ns, from on-hook
(unsei zed) to off-hook (seized) and back to onhook, used by
the incomi ng exchange to signal that the call address
signhal i ng can proceed.

I ncom ng seizure: Incomng indication of call attenpt (off-hook).
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Event encodi ng (deci nal)
M-0... 9 128...137
M- KO or KP (start-of-pulsing) 138
MF K1 139
M- K2 140
M- SO to ST (end-of -pul sing) 141
M- S1... S3 142...143
ABCD signaling (see bel ow) 144...159
W nk 160
W nk of f 161
I ncom ng sei zure 162
Sei zure 163
Unsei ze circuit 164
Continuity test 165
Default continuity tone 166
Continuity tone (single tone) 167
Continuity test send 168
Continuity verified 170
Loopback 171
Od mlliwatt tone (1000 Hz) 172
New milliwatt tone (1004 Hz) 173

Sei zure: Seizure by answering exchange,

sei zure.

Unsei ze circuit

Wnk off: A brief transition

Tabl e 6: Trunk events

May 2000

in response to outgoing

Transition of circuit from off-hook to on-hook at
the end of a call.

Continuity tone send: A tone of 2010 Hz.

Continuity tone detect: A tone of 2010 Hz.

typically 100-350 ns,

from of f - hook
(seized) to on-hook (unseized) and back to of f-hook (seized).
Used i n operator services trunks.

Continuity test send: A tone of 1780 Hz is sent by the calling
received by the called exchange,
"continuity verified" tone.

exchange.

|

it

returns a

Continuity verified: A tone of 2010 Hz. This is a response tone,
used in dual -tone procedures.
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4 RTP Payl oad Format for Tel ephony Tones
4.1 I ntroduction

As an alternative to describing tones and events by nane, as
described in Section 3, it is sonmetinmes preferable to describe them
by their waveform properties. In particular, recognition is faster
than for nam ng signals since it does not depend on recogni zing
durations 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, across
all countries, these tones share a number of characteristics [17]:

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

o Tones for tel ephony events are in the range of 25 (ringing tone
in Angola) to 1800 Hz. CED is the highest used tone at 2100 Hz.
The tel ephone frequency range is limted to 3,400 Hz. (The
pi ano has a range from27.5 to 4186 Hz.)

o Mbdul ation frequenci es range between 15 (ANSamtone) to 480 Hz
(Jarmai ca). Non-integer frequencies are used only for
frequencies of 16 2/3 and 33 1/3 Hz. (These fractional
frequenci es appear to be derived fromol der AC power grid
frequencies.)

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

0 |TU Recomendation E. 180 [18] notes that different tel ephone
conmpani es require a tone accuracy of between 0.5 and 1.5% The
Reconmendat i on suggests a frequency tol erance of 1%

4.2 Exanpl es of Conmon Tel ephone Tone Signal s
As an aid to the inplenentor, Table 7 summari zes some conmon tones.
The rows | abeled "ITU ..." refer to the general reconmendation of

Recomendation E. 180 [18]. Note that there are no specific guidelines
for these tones. In the table, the synbol "+" indicates addition of
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the tones, wi thout nodul ation, while "*" indicates anplitude
nmodul ati on. The neani ng of sone of the tones is described in Section
3.12 or Section 3.11 (for V.21).
Tone nane frequency on period off period
CNG 1100 0.5 3.0
V.25 CT 1300 0.5 2.0
CED 2100 3.3 --
ANS 2100 3.3 --
ANSam 2100* 15 3.3 --
V.21 "0" bit, ch. 1 1180 0. 0033
V.21 "1" bit, ch. 1 980 0. 00333
V.21 "0" bit, ch. 2 1850 0. 00333
V.21 "1" bit, ch. 2 1650 0. 00333
| TU dial tone 425 -- --
U S dial tone 350+440 -- --
| TU ringing tone 425 0.67--1.5 3--5
U S. ringing tone 440+480 2.0 4.0
| TU busy tone 425
U. S. busy tone 480+620 0.5 0.5
| TU congestion tone 425
U S. congestion tone 480+620 0. 25 0. 25

Tabl e 7: Exanpl es of tel ephony tones

4.3 Use of RTP Header

Fi el ds

Ti mestanp: The RTP tinmestanp reflects the measurenment point for

the current packet.

3.5 extends forwards fromthat tine.

4.4 Payl oad For mat

Based on the characteristics descri bed above,

this docunent

an RTP payload format called "tone" that can represent tones

consi sting of one or

nore frequenci es.

(The correspondi ng M

The event duration described in Section

defi nes

ME type

is "audio/tone".) The default tinmestanp rate is 8,000 Hz, but other
rates may be defined. Note that the tinmestanp rate does not affect

the interpretation of the frequency,

In accordance with current practice,

have a static payl oad type nunber,
establ i shed dynanically and out - of - band.

It is shown in Fig. 3.
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0 1 2 3
01234567890123456789012345678901
B I i ST S I S S S i ST I I S I S i o S Y Y Y Y Y
| nmodul ati on | T| vol une | duration |
B I i ST S I S S S i ST I I S I S i o S Y Y Y Y Y
IR RRR frequency IR RRR frequency |
B I i ST S I S S S i ST I I S I S i o S Y Y Y Y Y
IR RRR frequency IR RRR frequency |
B I i ST S I S S S i ST I I S I S i o S Y Y Y Y Y

B I i ST S I S S S i ST I I S I S i o S Y Y Y Y Y
IR RRR frequency IR RRR frequency
B I i ST S I S S S i ST I I S I S i o S Y Y Y Y Y

Figure 3: Payload fornmat 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
unsi gned integer, allow ng nodul ati on frequencies up to 511
Hz. If there is no nodulation, this field has a val ue of
zero.

T: If the "T" bit is set (one), the nodul ation frequency is to be
divided by three. Otherw se, the nodul ati on 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 practica
use.

vol une: The power |evel of the tone, expressed in dBnD after
dropping the sign, with range fromO to -63 dBnD. (Note: A
preferred level range for digital tone generators is -8 dBnD
to -3 dBnD.)

duration: The duration of the tone, nmeasured in tinmestanp units.
The tone begins at the instant identified by the RTP
timestanp and lasts for the duration val ue.

The definition of duration corresponds to that for sanple-
based codecs, where the tinmestanp 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,
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whi ch exceeds the range of tel ephone systenms. A val ue of zero
i ndi cates silence. A single tone can contain any nunber of
frequenci es.

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

4.5 Reliability

This payload format uses the reliability nechani smdescribed in
Section 3.7.

5 Combi ni ng Tones and Nanmed Events

The payload formats in Sections 3 and 4 can be conbined into a single
payl oad using the nmethod specified in RFC 2198. Fig. 4 shows an
exanple. In that exanple, the RTP packet conbines two "tone" and one
"t el ephone-event" payl oads. The payl oad types are chosen arbitrarily
as 97 and 98, respectively, with a sanple rate of 8000 Hz. Here, the
redundancy format has the dynani c payl oad type 96

The packet represents a snapshot of U S. ringing tone, 1.5 seconds
(12,000 tinmestanmp units) into the second "on" part of the 2.0/4.0
second cadence, i.e., a total of 7.5 seconds (60,000 tinmestanmp units)
into the ring cycle. The 440 + 480 Hz tone of this second cadence
started at RTP tinmestanp 48, 000. Four seconds of silence preceded it,
but since RFC 2198 only has a fourteen-bit offset, only 2.05 seconds
(16383 timestanp units) can be represented. Even though the tone
sequence is not conplete, the sender was able to deternmine that this
is indeed ringback, and thus includes the correspondi ng naned event.

6 M ME Registration
6.1 audi o/t el ephone- event
M ME nedi a type nanme: audio
M ME subtype nane: tel ephone-event

Requi red paraneters: none.
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1 2 3
1234567890123456789012345678901
s a T T et i S S
M PT | sequence nunber |
| O] 96 | 31 |
s a T T et i S S

ti mestanp |

48000 |

B e o S T s i e o S o S o T s st SR S SR S S

synchroni zati on source (SSRC) identifier |

0x5234a8 I

I T S I T als i S S S S S T T S i i S R S

| bl ock PT | ti mestanp of fset | bl ock | ength |

| 98 | 16383 | 4 |

I T S I T als i S S S S S T T S i i S R S

| bl ock PT | ti mestanp of fset | bl ock | ength |

| 97 | 16383 | 8 |

I T S I T als i S S S S S T T S i i S R S
| Bl ock PT |
I 97 I

I T S I T als i S S S S S T T S i i S R S

event =ring | 0] O] vol unme=0 | dur ati on=28383
B e o S T s i e o S o S o T s st SR S SR S S

B e o S T s i e o S o S o T s st SR S SR S S
nodul at i on=0 | O] vol ume=63 | dur ati on=16383 |
B e o S T s i e o S o S o T s st SR S SR S S
0 0 0 0 frequency=0 |0 0 0 O frequency=0 |
B e o S T s i e o S o S o T s st SR S SR S S

+— +— +

T S T T s T T o S T o s st s U S S Y I o S S

| nodul ati on=0 | O] volunme=5 | dur ati on=12000 |

T S T T s T T o S T o s st s U S S Y I o S S

|0 0 0 O frequency=440 |0 0 0 O frequency=480 |

T S T T s T T o S T o s st s U S S Y I o S S
Fi gure 4: Conbining tones and events in a single RTP packet

Optional paraneters: The "events" parameter lists the events
supported by the inplenentation. Events are listed as one or
nore coma-separated el ements. Each el ement can either be a
single integer or two integers separated by a hyphen. No
white space is allowed in the argunent. The integers
desi gnate the event nunbers supported by the inplenentation
Al'l inplenentations MJST support events 0O through 15, so that
the parameter can be onitted if the inplenentation only
supports these events.
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The "rate" paraneter describes the sanpling rate, in Hertz.
The nunber is witten as a floating point nunber or as an
integer. If omtted, the default value is 8000 Hz.

Encodi ng considerations: This type is only defined for transfer
via RTP [1].

Security considerations: See the "Security Considerations”
(Section 7) section in this docunent.

Interoperability considerations: none

Publ i shed specification: This docunent.

Applications which use this nmedia: The tel ephone-event audio
subt ype supports the transport of events occurring in
t el ephone systens over the Internet.

Addi ti onal information
1. Magic nunber(s): NA
2. File extension(s): NA
3. Macintosh file type code: N A

6. 2 audi o/ tone

M ME nedi a type nanme: audio

M ME subtype nane: tone

Requi red paraneters: none

Optional paraneters: The "rate" parameter describes the sanpling
rate, in Hertz. The nunber is witten as a floating point
nunber or as an integer. If omtted, the default value is

8000 Hz.

Encodi ng considerations: This type is only defined for transfer
via RTP [1].

Security considerations: See the "Security Considerations”
(Section 7) section in this docunent.

I nteroperability considerations: none

Publ i shed specification: This docunent.
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Applications which use this nedia: The tone audi o subtype supports
the transport of pure conposite tones, for exanple those
conmonly used in the current tel ephone systemto signal cal
pr ogress.

Addi tional information
1. Magic nunber(s): NA
2. File extension(s): NA
3. Macintosh file type code: N A
7 Security Considerations

RTP packets using the payload format defined in this specification
are subject to the security considerations discussed in the RTP
specification (RFC 1889 [1]), and any appropriate RTP profile (for
exanple RFC 1890 [19]).This inplies that confidentiality of the nmedia
streans i s achieved by encryption. Because the data conpression used
with this payload format is applied end-to-end, encryption may be
performed after conpression so there is no conflict between the two
operati ons.

Thi s payl oad type does not exhibit any significant non-uniformty in
the receiver side conputational conplexity for packet processing to
cause a potential denial-of-service threat.

I n ol der networks enploying in-band signaling and | acki ng appropriate
tone filters, the tones in Section 3.14 may be used to comit toll
fraud.

Addi ti onal security considerations are described in RFC 2198 [6].
8 | ANA Consi derati ons

Thi s docunent defines two new RTP payl oad formats, nanmed tel ephone-
event and tone, and associated Internet nedia (M M) types,
audi o/ t el ephone-event and audi o/t one.

Wthin the audi o/tel ephone-event type, additional events MJST be
registered with | ANA. Registrations are subject to approval by the
current chair of the | ETF audi o/video transport working group, or by
an expert designated by the transport area director if the AVT group
has cl osed.
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The neani ng of new events MJST be docunented either as an RFC or an
equi val ent standards docunent produced by anot her standardi zation
body, such as ITUT.
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12 Full Copyright Statenent
Copyright (C) The Internet Society (2000). Al Rights Reserved.

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

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

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

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

Acknow edgenent

Fundi ng for the RFC Editor function is currently provided by the
I nternet Society.

Schul zrinne & Petrack St andar ds Track [ Page 30]






