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Abstract—

Wediscussthe use of interleaving as a bandwidth efficient
means of protecting audio streams from the effects of packet
loss in the Internet. The adverse effects of interleaving on
IP/UDP/RTP header compression arenoted and anumber of
schemes which remedy thisproblem are discussed.
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I. INTRODUCTION

In recent years the market for, and use of, voice-over-
IP and other streaming media applications in the Internet
has grown at a phenomenal rate. As such services be-
come more widely deployed the limitations of best-effort
I P transport are becoming apparent, and it is clearly neces-
sary to provide these media streams with some protection
from the worst effects of packet loss.

The Internet Engineering Task Force has responded to
this with the definition of a number of payload formats
which extend the real-time transport protocol, RTP [1], to
provide some degree of error resilience [2—4]. These pay-
load formats share the common feature that they add error
correction information to a media stream, gaining protec-
tionfrom packet lossat the expense of increased bandwidth
utilization.

Unfortunately, this increase in bandwidth may be unac-
ceptable in many cases, for example low-speed dialup or
wirelesslinks may not be able to support the bandwidth re-
guirements of such a stream. Interleaving provides an ef-
fective means by which audio streams may be protected
which trades latency, rather than bandwidth, for such pro-
tection.

There are, however, a number of interactions between
interleaved mediastreamsand RTP header compression[5]
whichreducetheeffectiveness of thisapproach. Thispaper
describes these interactions, and notes possible solutions.

It should be noted that the application of error resilience
techniquesto best effort | P transport of RTPflowsisnot the
only means by which thoseflows can be protected. For ex-
ample, the [ETF has al so defined theintegrated [6] and dif-
ferentiated [ 7] servicesframeworkswhich can providevar-

ious levels of guaranteed quality of service for RTP flows.
However, dueto thelarge nature of the change entailed by
these new forwarding models, and the difficulties in pro-
ducing a charging model for such services, deployment of
enhanced transport services in the Internet has been slow.
For this reason, we do not further discuss the use of such
transport in thiswork, although we do expect it to become
important in the future.

The remainder of this paper is structured as follows: in
section |1 we briefly review the use of interleaving, pack-
etization optionsfor interleaved streams and IPPUDP/RTP
header compression. The problematic interaction between
interleaved media and header compression is noted in sec-
tion I11, with anumber of solutionsto this being discussed
insection 1V. Section V and V1 discussrelated and future
work, respectively. Finally section V11 concludesthe paper
and provides suggestionsfor further work.

[I. BACKGROUND
A. Thelnterleaving Process

An interleaver is a device which permutes the order of a
sequence of symbols. The corresponding device which re-
stores the original order of the symbolsis a deinterleaver.
Aninterleaver isemployed in a transmission system when
it isdesired to randomize thedistribution of errors after re-
cepetion: aburst of loss on the channdl istransformed into
a sequence of isolated losses by the interleaving process.

A block interleaver is an interleaver where the permu-
tation function repeats periodically. Consider ann x m
meatrix representing the mn successive symbols that are
stored in abuffer prior to transmission, illustrated in figure
1. Symbols are read into the matrix by rows, starting from
the position labelled ‘I’, and read out by columns starting
from the‘O’ position.

For continuous interleaving two matrices are needed,
with symbols being written into one matrix whilst they are
read out of the other. This clearly leads to considerable
delay in the interleaver, with output of symbols from the
buffer matrix being delayed until all symbols have been
read in.

The rearrangement of the symbols by the interleaver is
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Fig. 1. A sample 4x4 block interleaver

suchthat if m or fewer symbolsare lost from ablock, each
origina group of n symbols after deinterleaving will con-
tain at most one loss.

The process by which an interleaver can be applied to a
packet audio systemisillustratedin figure 2. Codec frames
aretreated asthe symbolsonwhich theinterleaver operates
and resequenced before packetisation.
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Fig. 2. The transmission process

As an example of the process, consider the 4x4 inter-
leaver illustrated in figure 1 which resequences the codec
frames as shownin figure 3. It isimportant to notethat, al-
though frames are sent in a different order to their original
creation, thisorder is not random and has a definite pattern
to it (the importance of this will become clear later when
we discuss RTP header compression).
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Fig. 3. Theinterleaving process

It can be seen that a burst of consecutive lossin an in-
terleaved stream will result in multiple small gaps in the

reconstructed stream. This spreading of the loss isimpor-
tant for two similar reasons: firstly, packet voice applica-
tionstypically transmit packets which are similar in length
to phonemes in human speech. Loss of a single packet
will therefore have a large effect on the intelligibility of
speech. If thelossis spread out so that small parts of sev-
eral phonemes are lost, it becomes easier for listeners to
mentally patch-over thisloss[8] resulting in improved per-
ceived quality for a given loss rate. In a somewhat simi-
lar manner, error concealment techniques perform signifi-
cantly better with small gaps, since the amount of change
in the signal’s characteristicsis likely to be smaller.

The majority of speech and audio coding schemes can
have their output interleaved. Provided the channel ex-
hibits bursts of loss, rather than isolated loss events, in-
terleaving provides an effective means by which a media
stream may be protected. The disadvantage of interleav-
ing isthat it increases latency. The major advantage of in-
terleaving compared to other means of protecting media
streams is that it does not increase the bandwidth require-
ments of a stream.

B. RTP Packetisation

The protocol of choice for |P-based packet audio appli-
cationsis the Real-time Transport Protocol, RTP [1]. The
RTP header has the following format:
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Fig. 4. RTP Packet Header

The important features of the RTP header, when dis-
cussing interleaving, are the sequence number and times-
tamp. An RTP packet typically contains a single codec
frame with the sequence number incrementing by one for
each packet sent and the timestamp increasing at the rate
of the sampling clock. For example, if using a codec with
20ms frames at 8kHz sampling, for example GSM, the
timestamp will increase by 160 (8000 samples per second
x 0.020 seconds) with each packet sent.

An RTP receiver uses the sequence number to detect
lost packets and the timestamp field to determine when to
playout received data. This allows for interleaving with-
out changing the basic decoder model and without the re-



ceivers being aware that interleavingisin use.

When transmitting an interleaved stream, the interleav-
ing process takes place on codec frames, before the RTP
headers are generated. As before, the sequence number is
incremented by one for each packet sent, but the times-
tamps in the RTP headers follow the interleaved codec
frameorder. Sinceeach RTP packet containsasinglecodec
frame, itisasimplematter for thereceiver to reconstruct an
interleaved stream; frames are decoded in the order spec-
ified by the RTP timestamp. In addition, the interleaving
function and codec can change at any time, without requir-
ing additional signalling.

C. RTP Header Compression

RTP header compression [5] relies on the expl oitation of
predictable differences between consecutive packet head-
ersto compress the 40 byte UDP/IP/RTP header down to 2
bytes, in the best case.

InTCP/IP header compression, the gain comes from not-
ing that many header fields are identical between consecu-
tive packets, and may be elided after thefirst packet. Dif-
ferential coding reducing the size of the remaining fields.
This concept is extended in the RTP/UDP/IP compression
algorithm, whereit isnoted that, whil st many fields change
from packet to packet, the change is constant and therefore
the second order differenceisidentical. By notingthis, and
passing thefirst order difference with thefirst packet, these
fields may aso be elided in subsequent packets.

I11. PROBLEM STATEMENT

The standard packetization of an interleaved RTP packet
stream results in a sequence of packets where the second
order difference between the timestamp fieldsin the header
isnon-zeroin somecases. Thishas adverse affects on RTP
header compression.

Asan example of this, consider theinterleaving scheme
used in our previous examples (figure 1). The mapping
from packet order to frame order and the corresponding
RTP timestamp is shown in figure 5. Those packets de-
noted by * have non-zero second differences between con-
secutive vaues of the timestamp field, and hence do not
compress well.

It should be noted that, whilst the precise timestamp in-
crements depend on the interleaver in use, the problem ex-
istsin some form with all interleavers.

With the rise of personnal cellular telephony systems,
and increased interest in the convergence of voice-over-I1P
systemswith thetraditional telephone network, it becomes
clear that it is desirable to use RTP header compression
with interleaved packet streams. A cellular radio trans-
mission network has burst |oss characteristicsto which in-

Packet | Frame | RTP Timestamp  Increment
1 1 0
2 5 640 640
3 9 1280 640
4 13 1920 640
5 2 160 -1760 | *
6 6 800 640
7 10 1440 640
8 14 2080 640
9 3 320 -1760 | *
10 7 960 640
1 11 1600 640
12 15 2240 640
13 4 480 -1760 | *
14 8 1120 640
15 12 1760 640
16 16 2400 640
17 17 2560 160 | *

Fig. 5. Vaues of header fields for the example interleaved
streamillustratedin figure 1. Notethat in practice thetimes-
tamp starts from a random value, rather than from zero as
illustrated. This does not affect the result.

terleaving is an effective counter, and the low bandwidth
available calls for header compression.

For reasons such as these, it is desirable to develop a
means by which RTP header compression can be made to
function well with interleaved streams.

IV. POSSIBLE SOLUTIONS

There arethree possibilitiesfor dealingwith the problem
of non-uniform timestamp increments:
1. Do nothing, based on the assumption that header com-
pression workswell enough despitethis.
2. Modify the header compression schemeto recognizein-
terleaved streams, and to expect this variation in times-
tamp.
3. Packetize the stream differently, to avoid this variation
in timestamp.
Clearly options 1 and 3 are simplest to implement, since
they requireeither no change, or achangeto end-point RTP
implementations only. Option 2 is harder to deploy, since
it also requires changes to router code.

We now discuss these three possibilitiesin more detail.

A. How well does header compression work?

The factor which limits the amount of header compres-
sion achievable for an interleaved RTP audio stream is
the non-constant variation in timestamp between packets.
There are three factors which influence this:



« themedia clock, s samples per second

« the packetisation interval, » seconds per packet

« theinterleaving function, an n x m matrix

Since block interleavers have periodic output, we may cal-
culate the repeating pattern of timestamp incrementsfor an
interleaved packet stream according to these parameters,
and hence characterize the efficiency of the header com-
pression algorithm for a particular interleaver over itsre-
peat cycle.

If interleaving is not used, the timestamp increment be-
tween packetsist = si samples per packet. Since inter-
leaving does not change the size of packets, theincrements
for an interleaved stream must be multiples of thisvalue.

Recall that, for an x m block interleaver, symbols are
read in asn rows of m symbolsand read out as m columns
of n symbols. Thisresultsinaperiodic patternto thetimes-
tamp increments: within each column theincrement iscon-
stant, but differs for the first packet from each column. In
addition, the first packet in each block has a different in-
crement from all the othersin that block. The processis
illustrated in figure 1.

The timestamp increment for the first packet of each
block is ¢ samples. The first packet read from each col-
umn of the interleaving matrix has a timestamp increment
of —((n—1)m—1)tm samples, and each of then — 1 other
packets within the column has a constant increment of m¢
samples.

Those packetswith the same timestamp increment asthe
previous packet may be sent with fully compressed two
byte headers. Those where the timestamp increment dif-
fers from the previous packet are sent with a compressed
header including the timestamp increment (3-5 bytes, de-
pending on the value of the increment).

For an n x m block interleaver we observethat thereare
2m packets which must be sent with an increment, com-
prising the first two packets read from each column of the
interleaving matrix. Theremaining (n — 2)m packets may
be fully compressed. Those 2m packets which must con-
tain atimestamp increment in their header comprise
o 1 packet where the timestamp increment is¢ samples.

o« m — 1 packets for which the timestamp increment is
—((n = 1)m — 1)tm samples

« m packetsfor which thetimestampincrement is¢m sam-
ples

If we assume a particular sampling rate and packetisa
tion interval, for example 8kHz with 20ms packets, the
factor t becomes constant and we may plot the overhead
caused by the interleaving, asis shown in figure 6.

It is clear that the interleaving process has a significant
negative effect on the efficiency of the RTP header com-
pression algorithm, increasing the size of the headersrela-
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Fig. 6. Header size compared to a fully compressed stream (2
byte headers) and a non-compressed stream (12 bytes head-
ers), for variousblock interleaver configurations, for asingle
repest cycle. Missing entries require timestamp increments
outside the representable range of the standard delta encod-
ing table.

m=3|m=4|m=5|m=6
n=23| 24/32 | 32/43 | 40/54 | 48/65
n=4 | 30/38 | 40/51 | 50/64 | 60/77
n=>5| 36/44 | 48/59 | 60/74 | 72/—
n==6 | 42/50 | 56/67 | 70/— | 84/—

Fig. 7. Header sizefor theheader compression schemewith cus-
tom deltaencoding table, compared to the standard deltaen-
codingtable, for variousblock interleaver configurations, for
asinglerepest cycle.

tive to the optimum case by alarge fraction.

B. Can we modify header compression?

Since we have determined that the standard header com-
pression agorithm performs poorly in the presence of in-
terleaved media, it becomes necessary to seek animproved
compression algorithm. That is, to modify the header com-
pression scheme to recognise interleaved streams and to
expect, and code for, the inherent timestamp variation.

The obvious means by which the header compression
can be improved is to modify the default delta encoding
table such that the timestamp differences produced by the
interleaving process can be efficiently encoded in asingle
byte each, without using any multibytecombinations. This
leads to the set of header sizes illustrated in figure 7. It
is clear that such a custom delta encoding table leads to a
significant improvement in the performance of the header
compression scheme, relative to the standard delta encod-
ing table.

It should be noted that the concept of loading a non-
default delta encoding table into the header compression
engine is explicitly described in [5] where “...it is recom-
mended that implementations use a table-driven delta en-
coder and decoder to allow negotiation of a table specific
for each session if appropriate, possibly even an optimal
Huffman encoding”. However, that specification does not
indicate how such a non-default encoding table may be
loaded, leaving that to the link layer protocol.

As noted previously, the timestamp deltas which are re-



quired to efficiently compress a block interleaved packet
stream may be derived from the interleaver parameters.
Therefore, if ameans of loading the new compressiontable
may be found, such gains may be readily achieved. Possi-
ble means by which the encoding table may be loaded are
discussed later.

A more impressive gain can be achieved by modifying
the header compression scheme to be explicitly aware of
the interleaving process. In this case, details of the inter-
leaving matrix are communicated out-of-band to the hosts
performing the header compression. Thereisthen no need
to transmit the timestamp delta since those hosts explic-
itly keep track of the positionin the interleaving sequence
and generate RTP timestamps in the decompressed pack-
ets to match this. Unlike the change to the delta encod-
ing table discussed above, this is a significant change to
the header compression model, but it has the potentia to
achieve higher compression gain.

The header compression engines support a context iden-
tifier to differentiate multiple packet flows and a 4 bit per
flow sequence number used to detect packet |oss between
the compressor and decompressor. Packet loss on the link
for which compression is being performed is assumed to
be rare, but amechanismis provided by which thereceiver
may indicatethat loss occurred, and request that the sender
transmits a packet with an uncompressed header to refresh
the state.

We can leverage this sequence number to determine the
current positionwithin theinterleaving sequence, provided
that the sender and receiver areinitially synchronised, that
the interleaving sequence is known and that the sequence
proceeds without pause or interruption. Once the position
withintheinterleaving sequenceisknown, the header com-
pression engine can simply send fully compressed packets
even when the timestamp increment is non-uniform, pro-
vided that non-uniformity is that expected. As noted in
section 1V-A the performance of the header compression
scheme when all headers can be fully compressed is sig-
nificantly better than that when timestamp deltas have to
be communicated.

Both modifications to the header compression scheme
require that some information is communicated to those
hosts performing the compression. In the first case this
is the table of delta encodings, in the second it is the de-
tails of the interleaving matrix. There are two possibilities
for this communication, depending on the location of the
link which requires header compression. If it is the access
link from the sender of the interleaved data one can envis-
age that the application can easily set the appropriate pa-
rameters for the compression layer. If the link requiring
compression is remote from the sender, the routers at ei-

int dt[] = {-1760, 160, 640, O0};
int fd;

set sockopt (fd, SOL_SOCKET, SO RTPCOVPRESSTABLE,
(void *)dt, sizeof(dt));

Fig. 8. Use of setsockopt() to set the delta encoding table

ther end of that link must derive the correct encoding ta-
ble/interleaver parameters themselves.

In the local case we envisage, for example, an exten-
sion to the setsockopt() call on systems implementing the
Berekely sockets API [9] whichs sets the header compres-
sion parameters. Thiswould take asthe optval parameter a
pointer to the deltaencoding tableto be used with, perhaps,
the syntax shown in figure 8.

In theremote casethere are, once again, two options: the
routers can either invoke some heuristic to determine that
aflow isinterleaved, or the end-systems can pass the re-
quired information to the routersin some manner.

We do not expect it to be feasible for routers to use
heuristics to determine the presence of interleaved flows
and to intuit the optimum parameters, due to the amount
of state thiswould reguire to be kept and the complexity of
producing an optimum table and communicating it to the
peer router. In particular, there has been some concern ex-
pressed that current routers are unable to perform header
compression at high rates, and additional complexity here
isunlikely to be welcome.

Asan dternativeto this, asignalling system such as, for
example, RSVP [10] may be employed by which end sys-
tems can signal to the routers in advance that certain pa-
rameters are required for a given flow. Whilst the current
RSV P flow-specificationsdo not all ow description of inter-
leaving parameters, we would expect that such parameters
can easily be added if desired. Thisleads to the overhead
of implementing RSV P, with its associated state, in routers
but should not impact compl exity of the fast-path forward-
ing engine, making thisis potentially more desirable solu-
tion. It is still a heavy-weight solution, however.

To conclude, we note that there are a number of means
by which the RTP header compression algorithm can be
modified to better suit interleaved flows. Such schemesare
difficult to implement in those cases where compressionis
performed in the core of the network, but relatively sim-
pleextensionsto the current model would alow implemen-
tation in those cases where end-systems perform compres-
sion. Since, in many cases, the low-bandwidth link which
would benefit from header compressionisat the edge of the
network, we believethereis considerable potential inthese
approaches.



C. Can we packetise the stream differently?

A common technique used to reduce the header over-
head in RTP flows is to pack multiple codec frames into
asingle packet. For example, an application which packs
two consecutive GSM frames into a single packet, instead
of sending two separate packets, will reduce the data rate
from 29.2kbps to 21.2kbps (including headers) due to the
absence of the second IPPUDP/RTP header. Such a sav-
ingisclearly worthwhile, and it may be possibleto achieve
similar gainsfor interleaved flows.

In particular, for an n x m block interleaver, it is possi-
bleto group each of the n frames from each column of the
interleaver matrix into a single packet (subject to network
MTU constraints, of course). Thishastwo advantages: the
number of packetsisreduced by afactor of n compared to
sending each frames as a single packet, and those packets
which are sent have more uniform timestamp increments
allowing effective header compression.

When grouping multiple interleaved frames into a sin-
gle RTP packet it is necessary to convey the playout time
for each frame in some manner, since it is not possible to
uniquely derive thisfrom the timestamp in the RTP header
alone. This may either be done implicitly, using the RTP
sequence number to indicate the position in the interleav-
ing sequence, or by explicit inclusion of a timestamp for
each frame.

Implicit conveyanceof thetimestampismore bandwidth
efficient, but requires out-of-band signalling to convey de-
tails of the interleaving parameters in use to the receiver,
such that it can construct the position in the sequence gven
atimestamp and sequence number only. The need for out-
of-band signalling can be averted by including an explicit
timestamp on each frame as it is packed into a packet, for
example it has been proposed [11] to re-use the RTP pay-
load format for redundant audio [2] for this purpose.

If implicit timestamps are used, this alternative packeti-
sation has clear bandwidth savings compared to a stream
with one frame per packet. The header overhead onn — 1
of the » frames from each column of the interleaver matrix
isreduced from 2(n — 1) to zero bytes, and those remain-
ing headers may be compressed using those techniquesdis-
cussed in section I'V-B to two bytes each.

If explicit 16 bit timestamps are used, as signed offsets
from thetimestamp inthe RTP header, theresultisastream
with the same overhead as one comprising single frame
packets with optimum header compression.

We a'so note that interleaved streams packetised in this
manner exhibit a significant bandwidth saving in the back-
bone of the network, where header compression is not typ-
ically performed.

A significant disadvantage of these alternative packeti-
sations is that the loss of a single packet affects multiple
frames (the interleaving process helps, since those frames
will not be adjacent in the reconstructed stream). Itisun-
clear whether thisloss multiplier effect is significant, or if
the n-fold reduction in the number of packets flowing will
resultin alower packet l0ss rate to counteract the effect.

To conclude, we note that an alternative packetisation
of an interleaved media stream can lead to more efficient
transport than that achieved by RTP header compression
and amore traditional packetisation. In addition, the band-
width requirementsin the core of the network, those links
where header compression cannot typically be employed
due to processing time limitations in routers, are signifi-
cantly reduced. On the down side, it isunclear how packet
loss affects such a stream and if the reduction in packet
rate will lead to a sufficient reduction in packet loss rate
to counteract the loss multiplier effect caused by grouping
multiple frames into a single packet.

V. RELATED WORK

Interleaving by the transmitter is not the only source
of reordering in the Internet. It has long been recognised
that the network itself can introduce some reordering into
packet flows, due to route changes, and thiswill aso have
adverse effects on the performance of RTP header com-
pression.

For example, in the large scale survey of Internet packet
dynamicsby Paxson[12], itisnotedthat “ Internet pathsare
someti mes subject to ahighincidenceof reordering, but the
effect is strongly site dependent, and correlated with route
fluttering”. That work notesthat packet reordering “rarely
had a significant effect on TCPflows, because generdly the
scale of thereordering wasjust afew packets” whichwould
imply that there would be relatively few cases in which it
would impact RTP header compression.

Thereception of interleaved and/or reordered RTP flows
must also affect the playout adaptation/estimation ago-
rithm used in the receiver. Playout adaptation for RTP
flows is a reasonably well understood area, but most ex-
isting work [13, 14] assumes that packets arrive in order,
or that reordering israre. In addition, most existing voice-
over-1P applicationsare designed with thegoal of minimiz-
ing end-to-end delay, for example by keeping the adaptive
playout buffer assmall as possible, which conflictswiththe
requirements for correct playout of interleaved media

When designing a playout adaptation for an interleaved
media stream it is necessary to ensure that it includes suf-
ficient delay to buffer an entire block of the interleaver’'s
output before starting playout. If using the packetisation
schemewith explicit timestampsasdiscussedin section | V-



C, it becomes a simple matter to include therequired play-
out delay in each packet enabling the receiver to adapt. An
example of thisisthe playout adaptation algorithm used in
the UCL Robust-Audio Tool [15].

If using a modified header compression scheme such as
those in section 1V-B or if using a packetisation with im-
plicit timestamps, as in section IV-C, it is necessary to ei-
ther design a playout adaptation algorithm which can rec-
ognize that interleaving is in use or to pass the required
playout delay as an out-of-band parameter. This seems to
be an area where further work is needed.

V1.

There is an additional class of interleaver which may
be employed as an alternative to the block interleavers we
have discussed. These convolutional interleavers (see for
example [16]) are the subject of further study, but are not
expected to significantly alter our results.

As we noted in section IV-C, the loss multiplier effect
caused by packing multipleinterleaved framesintoasingle
packet is difficult to quantify. There are two areas which
need investigation:

o listening testsmay be performed to determine the effects
of packet loss by comparing subjective quality ratings for
streams packetised with both single and multiple frames
per packet at varying packet loss rates

» measurements of packet loss rates may be taken over
different network connections for both types of stream, to
attempt to measure the effects of an n-fold reduction in
packet rate on the observed packet 1oss

It iswell known that these two areas are hard problemsin
their own right, and that meaningful results are difficult to
produce. Wetherefore consider suchwork to be outsidethe
scope of this present paper, although weintend to pursue at
least the first option in the future.

FUTURE WORK

VIlI. CONCLUSIONS

We have shown that the IPFUDP/RTP header compres-

sion scheme can perform well with interleaved streams,
provided that either
« the default deltaencoding table is replaced with one tai-
lored to the particul ar interleaving schemein use; or
« the compression engine is made explicitly aware of the
interleaving process, and can take this into account when
predicting valuesfor the timestamp.
Both alternatives require some means of signalling to the
compression engine parameters rel ating to theinterleaving
function. We have noted that, since header compressionis
typically performed at the edges of the network, this may
readily be achieved using, for example, a new socket op-
tion.

If neither of these two modifications can be made to the
RTP header compression algorithm, we have shown that
an alternative packetisation of an interleaved stream can
achieve similar bandwidth efficiency. In addition, such a
packetisation isimportant for efficient bandwidth usagein
the core of the network. This alternative may have poor
performance in the presence of packet loss, although this
is not yet proved.

If oneisconcerned only with the efficient utilisation of a
low-bandwidth link at the edge of the network, our recom-
mended solutionisto use one of the modified header com-
pression algorithms, as discussed in section |V-B.

However, it isworth noting that the alternative packeti-
sation discussed in section I'V-C has lower overhead when
RTP headers are uncompressed, as is the case in the core
of anetwork. Given the recent interest in RTP multiplex-
ing solutions, to reduce the header overhead when trunking
many simultaneous calls between IP telephony gateways
[17,18], it ispossiblethat this saving will take precedence
over a bandwidth saving at the edges of the network.
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