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Abst r act
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rates are used in an RTP session. It also provides guidance on how
to interoperate with | egacy RTP inplenentations that use multiple
cl ock rates.
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1.

I nt roducti on

The clock rate is a paraneter of the payload format. It is often
defined as been the sane as the sanpling rate but it is not always
the case (see e.g. the G722 and MPA audi o codecs [ RFC3551]).

An RTP sender can switch between di fferent payl oads during the
lifetime of an RTP session and because clock rates are defined by
payl oad types, it is possible that the clock rate also varies during
an RTP session. Schulzrinne, et al. [RFC3550] lists using nultiple
clock rates as one of the reasons to not use different payl oads on
the sane SSRC but unfortunately this advice was not always foll owed
and sone RTP inplenmentations change the payload in the same SSRC even
if the different payl oads use different clock rates.

This creates three problens:

0 The nmethod used to calculate the RTP tinestanp field in an RTP
packet is underspecified.

0 Wen the sane SSRC is used for different clock rates, it is
difficult to know what clock rate was used for the RTP tinestanp
field in an RTCP SR packet.

0 Wien the sane SSRC is used for different clock rates, it is
difficult to know what clock rate was used for the interarriva
jitter field in an RTCP RR packet.

Table 1 contains a non-exhaustive list of fields in RTCP packets that
uses a clock rate as unit:

Fom e e e e e e e e oo s B +

| Field nane | RTCP packet type | Reference

Fom e e e e oo oo e e e e oo oo [ S +
RTP ti nmestanp SR [ RFC3550]
Interarrival jitter RR [ RFC3550]
mn_jitter XR Summary Bl ock [ RFC3611]
max_jitter XR Summary Bl ock [ RFC3611]
mean_jitter XR Summary Bl ock [ RFC3611]

I I I I
I I I I
I I I I
I I I I
I I I I
| dev_jitter | XR Summary Bl ock | [RFC3611]

I I I I
I I I I
I I I I
I I I I

Interarrival jitter 1J [ RFC5450]
RTP ti mestanp SMPTETC [ RFC5484]
Jitter RSI Jitter Bl ock [ RFC5760]
Median jitter RSI Stats Bl ock [ RFC5760]

e e e e e e e e o Fom e e e e e Fom e e e e - - +

Table 1
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Thi s docunent first tries to list in Section 3 and subsections all of
the al gorithms known to be used in existing RTP inplenentations at
the time of witing. These sections are not normative.

Section 4 and subsections then recommend a uni que al gorithmthat
nmodi fi es RFC 3550. These sections are normative.

2. Term nol ogy

The key words "MJST", "MJST NOT", "REQU RED', "SHALL", "SHALL NOT",
"SHOULD', "SHOULD NOT", "RECOMMENDED', "MAY", and "OPTIONAL" in this
docunment are to be interpreted as described in RFC 2119 [ RFC2119].
In addition, this docunment uses the follow ng terns:

Clock rate The nmultiplier used to convert froma wallclock val ue
in seconds to an equival ent RTP tinestanp val ue
(wi thout the fixed randomoffset). Note that RFC 3550
uses various terms |ike "clock frequency", "media
clock rate", "timestanp unit", "timestanp frequency"”,
and "RTP timestanp clock rate" as synonynmous to cl ock
rate.

RTP Sender A |l ogical network el enent that sends RTP packets,
sends RTCP SR packets, and receives RTCP RR packets.

RTP Recei ver A logical network el enent that receives RTP packets,
recei ves RTCP SR packets, and sends RTCP RR packets.

3. Legacy RTP

The follow ng sections describe the various ways | egacy RTP

i npl ement ati ons behave when nultiple clock rates are used. Legacy
RTP refers to RFC 3550 without the nodifications introduced by this
docunent .

3. 1. D fferent SSRC

One way of managing nultiple clock rates is to use a different SSRC
for each different clock rate, as in this case there is no anmbiguity
on the clock rate used by fields in the RTCP packets. This nethod
al so seens to be the original intent of RTP as can be deduced from
points 2 and 3 of section 5.2 of RFC 3550.

On the other hand changi ng the SSRC can be a problemfor sone

i mpl enment ati ons designed to work only with unicast |P addresses,
where having multiple SSRCs is considered a corner case. Lip
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synchroni zati on can also be a problemin the interval between the
begi nning of the new streamand the first RTCP SR packet. This is
not different than what happen at the begi nning of the RTP session
but it can be nore annoying for the end-user

3.2. Sanme SSRC

The sinplest way of managing nultiple clock rates is to use the sane
SSRC for all the payl oad types regardl ess of the clock rates.

Unfortunately there is no clear definition on how the RTP tinestanp
shoul d be calculated in this case. The followi ng subsections present
the algorithnms used in the field.

3.2.1. NMNbnotonic timnestanps

This nmethod of calculating the RTP tinestanp ensures that the val ue
i ncreases nonotonically. The fornula used by this nmethod is as
fol | ows:

ti mestanp = previous_tinmestanp
+ (current_capture_time - previous_capture_tine)
* current_clock rate

The problemwith this method is that the jitter calculation on the
receiving side gives an invalid result during the transition between
two clock rates, as shown in Table 2. The capture and arrival tinme
are in seconds, starting at the beginning of the capture of the first
packet; clock rate is in Hz; the RTP timestanp does not include the
random of fset; the transit, jitter, and average jitter use the clock
rate as unit.

Fom e - Fom e - Fom e e e e - - Fomm e o Fomm e o Fom e e e - - Fom e - +
| Capt. | Cock | RTP | Arrival | Transit | Jitter | Average |
| time | rate | tinmestanmp | tine | | | jitter

Fom e e Fom e e Fom e e oo - TR TR o m e e oo [ RS +
| O | 8000 | O | 0.1 | 800 [ [ [
| 0.02 | 8000 | 160 | 0.12 | 800 | O | O |
| 0.04 | 8000 | 320 | 0.14 | 800 | O | O |
| 0.06 | 8000 | 480 | 0.16 | 800 | O | O |
| 0.08 | 16000 | 800 | 0.18 | 2080 | 480 | 30 [
| 0.1 | 16000 | 1120 | 0.2 | 2080 | O | 28 [
| 0.12 | 16000 | 1440 | 0.22 | 2080 | O | 26 [
| 0.14 | 8000 | 1600 | 0.24 | 320 | 720 | 70 |
| 0.16 | 8000 | 1760 | 0.26 | 320 | O | 65 |
Fom oo - Fom oo - [ S Fomm e - Fomm e - Hom e e oo - Fom e o - +

Table 2
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Cal cul ating the correct transit time on the receiving side can be
done by using the follow ng formul as:

1. current_capture_tinme = (current _tinestanp - previous_ tinestanp) /
current _clock rate + previous_capture_tine

2. transit = current_clock rate * (arrival _tine -
current _capture_tine)

3. previous_capture_ time = current_capture_tine

The main problemwith this method, in addition to the fact that the
jitter calculation described in RFC 3550 cannot be used, is that is
it dependent on the previous RTP packets, packets that can be
reordered or lost in the network.

3.2.2. Non-nonotonic tinestanps

An alternate way of generating the RTP tinestanps is to use the
foll owi ng formula:

tinmestanp = capture_time * clock rate

Wth this fornula, the jitter calculation is correct but the RTP

ti mestanp val ues are no |onger increasing nonotonically as shown in
Table 3. RFC 3550 states that "[t] he sanpling instant MJST be
derived froma clock that increments nonotonically[...]" but nowhere
says that the RTP timestanp nust increnent nonotonically.

Fommmean Fommmean I TR T T Fommamann Fommmmeas +
| Capt. | Cock | RTP | Arrival | Transit | Jitter | Average |
| time | rate | timestanp | time | | | jitter |
Fom e - Fom e - Fom e e e e - - Fomm e o Fomm e o Fom e e e - - Fom e - +
| O | 8000 | O | 0.1 | 800 [ [ [
| 0.02 | 8000 | 160 | 0.12 | 800 | O | O |
| 0.04 | 8000 | 320 | 0.14 | 800 | O | O |
| 0.06 | 8000 | 480 | 0.16 | 800 | O | O [
| 0.08 | 16000 | 1280 | 0.18 | 1600 | O | O [
| 0.1 | 16000 | 1600 | 0.2 | 1600 | O | O [
| 0.12 | 16000 | 1920 | 0.22 | 1600 | O | O [
| 0.14 | 8000 | 1120 | 0.24 | 800 | O | O |
| 0.16 | 8000 | 1280 | 0.26 | 800 | O | O |
oo - oo - Fommemeeeas N N oo - N T +
Table 3

The advantage with this nethod is that it works with the jitter
cal cul ation described in RFC 3550, as long as the correct clock rates
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are used. It seens that this is what nost inplenentations are using.

4., Recommendati ons

The follow ng subsections describe behavioral recomendations for RTP
senders (with and w thout RTCP) and RTP receivers.

4.1. RTP Sender (with RTCP)

An RTP Sender with RTCP turned on MJST use a different SSRC for each
different clock rate. An RTCP BYE MJST be sent and a new SSRC MUST
be used if the clock rate switches back to a value already seen in
the RTP stream

To accelerate |ip synchronization, the next conpound RTCP packet sent
by the RTP sender MJST contain nultiple SR packets, the first one
contai ning the mapping for the current clock rate and the next SR
packets containing the mapping for the other clock rates seen during
the | ast period.

The RTP extension defined in Perkins & Schierl [RFC6051] MAY be used
to accel erate the synchronization

4.2. RTP Sender (without RTCP)
An RTP Sender with RTCP turned off (i.e. by setting the RS and RR
bandwi dth nodifiers [ RFC3556] to 0) SHOULD use a different SSRC for
each different clock rate but MAY use different clock rates on the

same SSRC as long as the RTP tinmestanp is cal cul ated as expl ai ned
bel ow.

Each time the clock rate changes, the start_offset and capture_start
val ues are calculated with the follow ng formul as

start _offset += (capture_tine - capture_start) * previous clock rate
capture_start = capture_tinme

For the first RTP packet, the values are initialized with the
fol |l owi ng val ues:

start_offset = random.initial_offset
capture_start = capture_tine

After eventually updating these values, the RTP tinestanp is
calculated with the followi ng fornula

timestanp = (capture_tinme - capture_start) * clock rate
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+ start_of fset

Note that in all the formulas, capture_tinme is the first instant the
new tinmestanp rate is used

4.3. RTP Receiver
An RTP Receiver MJIST calculate the jitter using the foll ow ng
f or nul a:
D(i,j) = (arrival _time_j * clock rate_ i - tinestanp j)
- (arrival _time_i * clock_rate_i - timestanp_i)
An RTP Receiver MJST be able to handl e a conmpound RTCP packet wth
mul ti pl e SR packets.
5. Security Considerations
This docunment is not believed to effect the security of the RTP
sessions described here in any way.
6. | ANA Consi derations

Thi s docunment requires no | ANA acti ons.
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Appendi x A,  Using a Fixed Cock Rate
An alternate way of fixing the multiple clock rates issue was
proposed in [I-D.ietf-avt-variable-rate-audio]. This docunent

proposed to define a unified clock rate, but the proposal was
rejected at | ETF 61.

Petit-Huguenin & Zorn Expires April 25, 2013 [ Page 9]



Internet-Draft Multiple Oock Rates Cct ober 2012

Appendi x B. Behavior of Legacy I|nplenentations
B.1. libccrtp 2.0.2
This library uses the fornula described in Section 3.2.2.

Note that this library uses gettinmeofday(2) which is not guaranteed
to increnent nonotonically, like when the clock is adjusted by NTP

B.2. libnediastreaner0 2.6.0

This library (which uses the oRTP library) uses the fornula described
in Section 3.2.2.

Note that in sone environments this library uses gettineofday(2)
which is not guaranteed to increnent nonotonically.

B.3. libpjnedia 1.0
This library uses the formula described in Section 3.2.2.

B.4. Android RTP stack 4.0.3
This library changes the SSRC each tine the format changes, as
described in Section 3.1.
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