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Abstract

As third generation technologies become more widely
deployed, mobile data users increasingly experience ubig-
uitous global network access across a variety of heteroge-
neous 2.5 and 3G technologies. Such provision of higher
bandwidth in mobile environments promises greater access
to rich multimedia content delivered to handheld or mobile
devices such as PDAs, laptops and vehicles. In this pa-
per we provide a thorough evaluation of the performance of
multimedia streaming across heterogeneous Wireless Wide
Area environments through measurements taken from real
networks (GSM, GPRS and UMTS) using our own unequal
error protection architecture tool - vorbistreamer. Our ar-
chitecture is capable of aggregating lower capacity wide
area data channelstogether in order to create a single, high
bandwidth broadband multimedia channel. Furthermore
we demonstrate that the key constraint for any streaming
application isthe level of interactivity required by the user,
and we present performance benchmarks for different tech-
nologies under various levels of interactivity.

1 Introduction

Wireless wide-area cellular networks such as GPRS and
UMTS 3G networks in Europe and CDMA 2000 networks
in America and Asia are being widely deployed, promis-
ing ubiquitous access to IP-based multimedia applications
for end-users. The characteristics of the cellular wireless
medium, however pose several new challenges to audio and
video multimedia streaming applications. In this paper we

consider the performance of such interactive multimedia
streaming over cellular environments.

Furthermore, with the increase in potential data capac-
ity, and the premium rate services for which users are pre-
pared to pay, broadband audio/video streaming is becom-
ing a reality. From 2.5 generation technologies such as
GPRS through to the current third generation services such
as UMTS and CDMA 2000, the mobile environment is be-
coming increasingly heterogeneous. UDP based multime-
dia streams, however are more restrictive than the tradi-
tional TCP type traffic such as web and email, and such
applications are far more sensitive to underlying network
performance variation.

This paper presents results from detailed studies of Wide
Area Wireless Network (WWAN) streaming across various
technologies, and describes experiences with the design and
implementation of a WWAN optimised streaming applica-
tion named vorbistreamer. The key contributions are:

e Real network measurement results collected from 2G,
2.5G and 3G data networks

e Actual modifications to the Vorbis codec to generate
an Unequal Error Protection (UEP) architecture for
streaming in cellular environments

e Real application measurements of performance in
WWANS

\orbistreamer is a streaming application that is capa-
ble of operating in any IP environment, is robust to link or
stream failure and is optimised for efficient WWAN utilisa-
tion. It encompasses the following features:



e seamless roaming across cellular links, supporting
both link layer and IP layer hand-off.

e Interactivity constraint gaurantees from fully interac-
tive communication through to one-way video stream-

ing

e Application level fine-grained error detection and re-
covery techniques

e WWAN channel aggregation to generate broadband
streaming capability over the wide area

e Improved performance based on statistical channel di-
versity measurements

Our paper is structured into three sections. Section 2
presents a detailed evaluation of the link layer characteris-
tics of WWAN links that impact multimedia streaming. We
consider the benefits of link aggregation, focusing specifi-
cally on diversity measurements in the WWAN environment
between parallel GPRS interfaces, and demonstrate the ben-
efits of aggregating channel bandwidth. Furthermore we
identify the streaming limitations of each technology, focus-
ing specifically on one-way latency, jitter and consequently
application buffering performance. Section 3 presents the
design of vorbistreamer, and discusses the various optimi-
sation techniques that have been implemented and tested
over the WWAN environment. We present measurement
results for each of the tests, and identify the relative bene-
fits and disadvantages of each scheme. Finally in section 4
we present conclusions from the work and discuss future
directions in our research regarding multimedia streaming.

2 Link and Media Characterisation and
M easur ement

As WWAN links become more widely available, users
are growing increasingly dependent on the higher band-
width they provide for multimedia communication such as
videoconferencing, Voice over IP (MolP) services and au-
dio/video broadcasting. Hence it is important to design both
adaptive applications capable of adjusting to their environ-
ment as well as networks capable of supporting real-time
traffic. Unlike non-realtime activities such as web and email
browsing over TCP, multimedia streaming, especially inter-
active communication, presents strict performance require-
ments from the end-to-end path. Such requirements are sig-
nificantly more challenging to achieve in WWAN environ-
ments due to the vagaries of the cellular link caused by phe-
nomena such as signal interference, distortion and fading.

Detailed evaluations of non-realtime transport protocol
and application performance over GPRS networks have
been conducted. Studies on TCP under-performance [6, 2]
have demonstrated that link under-utilisation does occur

due to protocol design assumptions, however in general,
application level issues are the primary cause of link under-
utilisation [7]. Multimedia applications are typically uncon-
strained by such transport specific algorithmic decisions,
however in this paper we demonstrate that significant ap-
plication under-performance can also occur for multimedia
streams through the lack of link/application cooperation.

2.1 Multimedia Traffic characterisation

Since certain frequency components in a signal have
higher importance than others in terms of human percep-
tibility, a common approach towards digital encoding is to
order data by importance such that easier application pro-
cessing, whether to provide variable bitrate streaming or
progressive decoding of a signal, is facilitated. Such order-
ing can be used to great effect in providing Unequal Error
Protection (UEP) [15, 12, 13] for streams. The data pro-
duced by an encoder is ordered in terms of importance such
that decoding can operate with only a minimal amount of
information, but the residual quality is greatly enhanced by
decoding all the data.

Current streaming media encoding formats typically pro-
duce a fairly constant bit rate over time utilising variable
size samples. The reason for this is that signal analysis
can evaluate the importance of a sample, such that certain
samples benefit more than others from greater data repre-
sentation, and a more perceptually pleasing result can be
produced by maintaining flexibility with respect to the ex-
act rate generated by the encoder. In all cases, however we
find that the bandwidth produced by the encoder is not un-
restricted, and will always range between a minimum and a
maximum target. Any channel that cannot support the min-
imum data rate for constant periods up to the bounds of the
playout buffer delay will cause decoder failure, and hence
it is essential to maintain as predictable a channel perfor-
mance as possible.

For our experiments we developed an UEP audio stream-
ing tool, vorbistreamer utilising the Vorbis [14] codec. We
engineered the codec to produce UEP data, providing infor-
mation to the application regarding the content of the media
to enable intelligent packetisation and streaming.

2.2 WWAN Network Performance

Unlike ‘staple’ Internet applications (e.g. web-browsing,
e-mail etc.), where user tolerance is generally quite flexible,
for multimedia applications, a user can not tolerate any flex-
ibility beyond certain interactivity constraints. Invideo con-
ferencing applications, for example, the delay constraints
are tightly coupled with the human perception of interactive
communication, whilst for one-way broadcast-style appli-
cations the delay tolerance is typically based on the willing-
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Figure 1. The inter-arrival time CDF of packets
(1000 packet samples, 1371 bytes size) with
ARQ enabled and ARQ disabled. The time
values indicate one-way packet propagation
latency, RTTs are significantly higher due to
the lower bandwidth uplink.

ness of the listener to trade-off initial start-up delay versus
long-term performance improvement through smart buffer-
ing and data retransmission. Additionally, there is an inher-
ent interactivity constraint in any user-controllable media
stream, e.g. using RTSP to provide pausing, rewinding, fast
forwarding and segment skipping type functionality. Al-
though we are unaware of any strict guidelines in this area,
it is generally accepted that delays should be kept to a min-
imum, typically less than 500 milliseconds in order to facil-
itate user interaction.

In this section we evaluate the suitability of certain
WWAN technologies for multimedia streaming under var-
ious interactivity constraints, and demonstrate that greater
application intelligence can significantly improve the end-
user experience of streaming in cellular environments. We
measured three types of common network technologies for
our tests; GSM data links, GPRS networks and UMTS, third
generation networks. The characteristics of each are similar,
demonstrating that although bandwidth capacity increases
with the newer generation technologies, the characteristics
of the wireless environment can cause a significant variation
in performance.

221 Latency

The packet propagation latency exhibited across cellular
links tends to be much greater than that experienced in
the wired environment. This is typically due to the hard-
ware delays imposed by the encoding and interleaving pro-
cesses, the aggressive ARQ retransmission mechanism pro-
vided at the link layer as well as the channel bandwidth
limitations which restrict the modulation speed of the data
across the air interface. Figure 1 demonstrates the distri-
bution of transmission speeds of data (1400 byte packets)

across the cellular link, demonstrating that latency and con-
sequently packet interarrival jitter is reduced as link speeds
increase. For multimedia streaming over GPRS, however
the large propagation time presents a significant challenge
since many interactive applications require minimal round
trip time propagation delays in order to maintain perceptu-
ally acceptable communication (the ITU recommendation
for voice communication over telecommunication links [1]
is around 400 milliseconds, RTSP functionality also limits
RTTs to around half a second).

For GSM data, we have measured significantly longer
packet propagation times, proportional to the modulation
rate of the link. The average bitrate in our tests was around
8kbit/s (the total GSM voice bandwidth channel provides
a maximum of 9.6 kbit/s including link level headers and
RLP traffic), hence 1400 byte packets take an average of
1460 milliseconds to propagate.

UMTS links provide a higher throughput, and conse-
quently lower propagation delays, making interactive com-
munication easier. In these tests we measured full link util-
isation at an average rate of 386.3 kbit/s (the official capac-
ity of UMTS is 384kbit/s, we consider the minor additional
data rate measured in our experiments to be due to smooth-
ing effects caused by hardware buffering), indicating that
there was no bandwidth contention with other users in the
cell. Typical inter-arrival times for 1400 byte packets as
measured in our tests are around 30 milliseconds but range
as high as 300 milliseconds, illustrating that strict link layer
reliability is always preferable.

222 Jitter

The packet propagation delay for end-to-end communica-
tion is further aggravated by the variation in delays, or
the inter-arrival jitter. The CDF graph in figure 1 fur-
ther demonstrates the variation in jitter experienced across
WWAN cellular links. In the case of GPRS, once again we
find that the inter-arrival variation is more pronounced than
the higher speed UMTS links, ranging anywhere from 80
milliseconds to 500 milliseconds. By disabling reliability,
we notice that the effects of the ARQ retransmission delays
are removed, causing a smooth and predictable jitter bound
on all traffic, in exchange for a higher level of packet loss (in
these tests, the reliable mode produced no packet loss, the
unreliable mode produced 3%). UMTS jitter on average is
much lower due to the shorter propagation time of the link,
and consequently faster retransmission periods, however, as
indicated previously, our tests did uncover some extreme
inter-arrival gaps ranging as high as 300 milliseconds.

2.2.3 Capacity Variation

We also consider the effect of the packet propagation la-
tency and jitter variation on the instantaneous throughput
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Figure 2. The CDF of instantaneous measured
link capacity showing a) GSM and GPRS links
and b) UMTS

capacity of the channel. Figures 2 (a) and (b) demonstrate
the fluctuation in capacity over time and as a cumulative dis-
tribution. Results from GSM data, GPRS operating in reli-
able mode, GPRS in unreliable mode and GPRS sub-packet
repair are shown. The fourth result is particularly signifi-
cant, since this highlights the benefits of sub-packet error
detection as first presented in [4]. In earlier work it was
demonstrated that sub-packet error detection is an efficient
means of utilising useful portions of packets experiencing
errors, when full reliability at the link level cannot be used
due to delay and variation constraints. This work built upon
the concept of UDPLite [5, 9, 3, 11] partial packet protec-
tion, optimising the technique through bucket alignment for
GPRS links, enabling errors to be detected and isolated to
their exact length through an application-level inference ap-
proach. Errors occur in the GPRS environment in multiples
of the RLC Coding Scheme (CS) size (typically either 20 or
30 bytes for CS-1 or CS-2).

2.2.4 Buffer Performance

The impact of variability on a streaming media application
depends upon the constraints of the application itself. It is
clear that a complete and reliable stream is always prefer-
able for a receiver if there is sufficient flexibility to support
the variation in inter-arrival times and fluctuating channel
capacity. Hence we evaluate the threshold at which reliabil-
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Figure 3. The challenge of trying to maintain
a sufficient buffer in advance of the media
playout over a reliable GPRS link compared
to transmitting data over an unreliable link.
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Figure 4. The initial buffer delay that must be
inserted prior to media playout in order to
support various streaming rates.

ity operating at the link layer can be considered unsuitable
to the application requirements by modelling the relation-
ship between the length of the media that is to be trans-
mitted and played, the target bitrate of the application and
the tolerance of the user to an initial startup delay. We do
not consider the impact of RTSP functionality here, how-
ever it is worth noting that any non-cached data being re-
quested, e.g. due to a rewind or fast forward operation,
would require the application to re-buffer the stream ev-
ery time. Under such circumstances, however it is likely
that the data source is a non-realtime generated stream such
that any excess throughput can also be utilised to replenish
buffers while streaming.

For these data results it was assumed that in addition to
streaming and playing in real-time at the receiver, the origi-
nal media source was also being generated in real-time, e.g.
a television or radio station feed, and consequently the tar-
get data rate is both a minimum and a maximum streaming
rate, since no advance buffering can be achieved.



Figure 3 demonstrates the challenges associated with
buffer management for real-time media streaming over
WWAN links. This particular test demonstrates the effect
of link fading due to poor signal quality triggering multiple
retransmissions and consequently causing the application
buffer to underrun. A 2 second initial playout buffer was
generated in these tests for a 60 second music clip, trans-
mitting data at an average rate of 35 - 40kbit/s. This was
targetted as a feasible data rate for the average capacity of
the link, and highlights the sensitivity of an application to
fluctuations in capacity.

Based on our earlier results presented in figure 2 we eval-
uated the percentage of capacity available over time and
consequently the ability of the link, under these circum-
stances, to support a minimum target streaming rate. Fig-
ure 4 indicates the theoretical buffer requirements of our ap-
plication to target various streaming rates over different pe-
riods of time based on the media clip length in a GPRS en-
vironment. We see that in order to support a higher stream-
ing rate closer to the link bandwidth limit, our theoretical
buffer requirement grows exponentially, requiring signifi-
cantly more relative buffer delay as the bitrate increases.

Figure 4 also provides measurement results for the
UMTS environment. We see similar effects but on a larger
scale for the high end of the UMTS capacity. As the target
rate gets close to the capacity of the link (here 375 kbit/s out
of a possible 384 khit/s) the initial buffer startup delay also
reaches 50% of the stream length (the equivalent measure-
ment in GPRS is 46 kbit/s out of a possible 53.6 kbit/s).

2.25 Channel Aggregation and Diversity

WWAN links, particularly between different providers, ex-
hibit strongly uncorrelated behaviour [10]. In the de-
sign and evaluation of vorbistreamer we have leveraged
the benefits of link diversity to support higher streaming
rates through channel aggregation. In this manner, wide
area broadband multimedia streaming channels can be cre-
ated. We have focused specifically on the ability to em-
ulate UMTS type streaming rates across multiple GPRS
links to create a truly heterogeneous broadband streaming
environment. For our tests we assumed a target data rate
of 160kbit/s, emulating a high quality surround sound au-
dio system experiment supporting 5 channels at a rate of
32kbit/s per channel (e.g. MPEG-2 audio). We consid-
ered an environment in which a mobile user roams between
UMTS coverage, e.g. in an urban area, and GPRS only
coverage, and consequently measured the ability of a GPRS
channel aggregation system with 4 GPRS interfaces and
1 UMTS link to support such a streaming rate. The re-
sults have indicated that when operating in reliable mode,
the GPRS aggregated channel requires a significant initial
startup buffer compared to UMTS (e.g. for a 6 minute clip
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Figure 5. The division of protected to unpro-
tected data as generated by Vorbistreamer. Fig-
ure 5 also indicates the amount of data over-
head generated by packet and payload head-
ers.

UMTS would buffer for only 5% of the clip length versus
20% for the GPRS case). When operating in unreliable
mode, the streaming rate is much more stable, and in fact
the aggregated GPRS channel outperforms UMTS operat-
ing in reliable mode by a factor of 5, requiring only 1% of
the clip length to be buffered.

3 Vorbistreamer and UEP encoding

We designed an application, vorbistreamer, that is
specifically optimised for multimedia streaming across
broadband cellular links. Vorbistreamer is a bitrate adap-
tive application that optimises the encoding of data based
on information inferred about the underlying link. It is ca-
pable of operating seamlessly across any IP based environ-
ment, the Forward Error Correction scheme applied to the
data stream being dynamically adjusted based upon end-to-
end error detection and measurement techniques. It sup-
ports mobility both at the link level (e.g. intra-provider
hand-off between UMTS and GPRS networks) and at the
IP level (e.g. inter-provider hand-off between UMTS and
WLAN), utilising RTP for the data transport protocol, and
implementing IP-based data striping in order to aggregate
channel bandwidth and create WWAN broadband links.

3.1 Application Design

The Vorbis codec [14] provides high quality encoding
of raw audio data. Upon initialisation, various parameters
can be specified such as Average, Constant or Variable rate
coding with an additional quality or bitrate settting. The en-
coder initially generates a base layer ‘spectral floor’ which
defines the basic ‘shape’ of the signal, followed by resid-
ual higher frequency components. The codec has the useful



property that any combination of residual layers can be de-
coded to improve the quality of the signal. The encoded
data therefore lends itself well to UEP formatting with a
single base layer data stream, and any combination of resid-
ual layers received over a ‘best effort’ channel. For the
purposes of these tests, a hybrid version of the codec was
produced which allows data to be directly categorised as
it comes out of the encoder, in essence producing a UEP-
ready version of the data. This allowed intelligent packeti-
sation of the data prior to streaming. The codec also bene-
fits from the optimised design of pre-streaming codebooks
which must be transmitted reliably to the decoder, allowing
a higher degree of signal compression for all components of
the bitstream.

We selected the vorbis encoding format as a suitable
high quality audio codec, and instrumented the encoder to
our requirements in order to generate UEP content. Fig-
ure 5 illustrates the typical ratio of essential/protected data
to higher level residue unprotected data. The ratio of data
rates varies depending upon the maximum target bitrate of
the encoder, with the rates closer to equal as the overall bi-
trate drops to its lowest threshold. The lowest overall bitrate
achieved from the codec in separate tests has been around
30 - 35kbit/s including packetisation overhead, at which
point the residue data rate and the base layer data rate are

approximately equal. The codec ratio identified in figure 5,

is representative of vorbis streaming rates in general as the
overall data rate increases above approximately 40Kbit/s.
The maximum data rate generated by the encoder is around
500kbit/s.

Each vorbis sample, as generated by the encoder, in-
cludes a header which specifies, among other things, the
length of the sample and the position of the sample in the
continuous audio stream. This allows any sample to be de-
coded independently of another, without being impacted by
loss of earlier or subsequent data. This is an important prop-
erty for our streaming environment since we anticipate that
samples will be lost on occasions. Decoded vorbis sample
sizes are always a factor of 2, and range between 64 to 8192
bytes. Typically, however for lower bitrate streaming, as re-
quired over GPRS, the sample sizes tend to be equivalent to
32 millisecond segments of audio, ensuring that any single
gap occuring in the decoder stream as a result of loss is not
too significant.

3.2 UEP encoding Techniques

Here we identify some different techniques that have
been used in applying redundancy to the data in order to
generate receiver-based repair of the stream. All these tech-
niques are optimised for WWAN links that operate in trans-
parent mode, causing errors to occur within the bitstream
in multiples of the RLC coding size. The motivation for
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disabling reliability is to maintain tight jitter bounds for in-
teractive communication.

3.2.1 Intra-packet redundancy

Intra-packet redundancy is a technique that leverages the
nature of error bursts across the wireless interface, utilis-
ing fine-grained error detection to isolate errors down to the
exact length of the burst and adding small amounts of addi-
tional redundancy to every packet. Since error events occur
randomly but individual errors within each event occur in
bursts, we packetise the data within a frame to distribute the
impact of an error burst over multiple data segments. By
interleaving important with unimportant data, the effect of
the error is spread across the sample stream, thereby de-
creasing the perceptual impact of any single burst. To fur-
ther improve the goodput of the link, however we generate
an intra-packet UEP architecture to bias the probability of
arrival of important data segments over unimportant data
segments.

The output from the vorbis encoder is in UEP layers of
base and residual data to which we assign different levels
of priority. We divide our base layer into multiples of the
RLC coding size minus the CRC hash, padding where nec-
essary with residual data, and then apply a reed-solomon
FEC code [8] to generate parity data which is included in
the packet. For further information on the RLC coding op-
timisation strategy see [4]. Reed Solomon(RS) codes have
the property that for & source data symbols, an (n, k) code
can be constructed where any k& symbols out of the n will
reconstruct the original data. Figure 6 illustrates the UEP
scheme adopted by vorbistreamer depicting a sample with
4 RLC bucket lengths worth of data. The first 2 blocks are
protected by the RS codes, and the second 2 blocks are un-
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Figure 7. The effects of interleaving over (a) 1
channel, (b) 2 channels and (c) 2 channels +
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protected. The figure also illustrates that multiple samples
are stacked into one packet in order to minimise the amount
of header overhead, the RS encoding process is then applied
over the k protected data segments throughout the packet,
generating (n — k) parity symbols of data appended to the
packet. Normally in wireless environments, it is beneficial
to maintain a lower packet length in order to keep retrans-
mission times, and consequently network jitter low, how-
ever where retransmission and error checking is disabled
this has no impact, and therefore we minimise the header
and FEC overhead by generating larger packets.

3.2.2 Inter-packet redundancy

Building upon our earlier observation that channel diver-
sity can be very beneficial in improving the statistical per-
formance of the WWAN link [10], we also leverage the
benefits of diversity for multimedia streams. By applying
FEC codes across WWAN channels, rather than within a
single packet of data, we increase the statistical recovery
performance of the channel. For environments which do
not have channel aggregation flexibility, we also consider
the statistical improvement of applying cross-packet redun-
dancy where separate packets carry redundant repair data.
Our tests have demonstrated that there is a higher statistical
probability of consecutive packets within a channel receiv-

ing errors compared to parallel packets transmitted across 2
separate channels.

e Cross-channel coding Figure 7(c) illustrates the archi-
tectural approach for applying cross-channel redun-
dancy. For an aggregated link of n channels, every
n — 1 packets sent across separate channels are also
accompanied by a parity packet on the nth channel.
Each parity code is the length of an RLC block, and is
applied across parallel protected data segments. In this
manner, UEP coding is achieved, where the level of re-
dundancy is a factor of the number of channels. In as-
signing data packets to channels, the physical channel
selection is not important, the significant aspect is that
the parity data is transmitted over a separate WWAN
path.

e Cross-packet coding Where multi-channel coding is
not available, e.g. due to lack of channel resources
or hardware, Cross-packet coding is an effective ap-
proach to counter the effects of burst errors on the
channel. By sending parity data in separate packets
from the original data the statistical probability of sam-
ples being unrecoverable is increased. The greater the
distance between original data and the parity data the
more effective the recovery performance becomes, but
at the expense of increased recovery delay for errored
packets.

3.23 Samplelinterleaving

For protected samples that are unrecoverable through the
application level RS decoder, a gap in the audio stream is
created since the sample must be discarded. In order to
mask the effects of the loss, receiver based repair techniques
can be applied. The easiest, and most effective methods are
packet repetition (the previous sample is repeated), packet
interpolation (a sample is derived through inference based
on the two samples on either side) or noise insertion. The ef-
fectiveness of any repair technique is significantly increased
by minimising the length of the gap created as a result of
data loss. Therefore, we also measured the effects of packet
level interleaving. Since error events do not statistically oc-
cur close together, even though bursts of errors occur within
an event, we find that distributing the sample stream in time
makes an important difference to the audio quality percep-
tion. At the expense of increased buffer delay to recover
from sample re-ordering, the proximity of packet losses is a
parameter that is minimised as much as possible within the
buffer delay bounds.

We considered three techniques for interleaving, simi-
lar to the UEP approach; intra-packet sample interleaving
where samples within a packet are re-arranged to ensure



they do not occur consecutively, inter-packet sample inter-
leaving across packets but within the same channel, and
inter-packet sample interleaving across channels. Figure 7
demonstrates the interpacket interleaving approach over a
single channel (a) and across multiple channels (b). The
results from the experiments are presented in the following
section.

3.3 Comparison of UEP Techniques

FEC Scheme | Recovery (%) | Overhead (%) | Goodput (%)
1 Channel FEC 0 0 0 96.2
1 Channel FEC 1 39.5 2.84 97.7
1 Channel FEC 3 92.17 6.59 99.7
1 Channel FEC 5 99.7 12.93 99.9
cross-packet FEC 99.7 12.39 99.9
cross-channel FEC 99.9 12.39 99.9

Table 1. Redundancy Scheme Performance

Interleaving Scheme | AverageInterleave Gap |

Single Channel, 1 buffer 1.2
Single Channel, 2 buffers 1.08
Round-robin Scheduler 1.04

Table 2. Interleaving Scheme Performance

The FEC schemes perform relatively similarly to each
other, as indicated in the results presented in table 1. The
best recovery performance has been measured using cross-
channel redundancy due to the statistical diversity proper-
ties between channels as outlined previously [10]. The over-
head generated by each scheme is low, the highest value
measured being 12% of the original data, however these val-
ues are variable based on the recovery percentage required,
and the amount of protected data that is generated. As the
raw codec output increases, the ratio of protected to unpro-
tected data widens in favour of the protected stream, gen-
erating a lower redundancy amount relative to the overall
stream.

The interleaving scheme results outlined in table 2 also
demonstrate similar properties, with the cross-channel di-
versity producing the best results, cross-packet interleaving
with a single channel being marginally more correlated (i.e.
generating a greater average sample gap) and intra-packet
interleaving generating the largest sample gap.

4 Conclusions and Future Work

In this paper we presented detailed analysis of the envi-
ronmental impact of Wide Area Wireless networks on mul-
timedia streaming. We identified the constraints imposed
on the network by different interactivity levels as required

by applications. We further measured the ability of WWAN
links with different reliability parameters to support various
targeted streaming rates.

In order to generate Wide Area Wireless broadband
streaming capability we designed and built an application
named vorbistreamer that is capable of operating seam-
lessly across heterogeneous IP environments. We designed
a system to aggregate 2.5G WWAN channels and produce
high throughput data links suitable for transmitting broad-
band multimedia content.

For highly interactive applications that require the low-
est possible jitter and propagation delay, we also considered
the benefits of utilising sub-packet error detection in order
to extract useful data that would otherwise be discarded.
\orbistreamer has been optimised for the wide area wire-
less environment, utilising a variety of application-based er-
ror recovery techniques in order to minimise the impact of
errors on the data stream. We presented some analysis of
the benefits of each recovery technique, demonstrating that
there is a great deal to gain in leveraging the performance
diversity across channels to improve the goodput of the link.

Future work will entail further investigation of cross-
channel coding schemes and fully interactive videoconfer-
encing communication using adaptive UEP codecs. Fur-
thermore, we intend to conduct detailed analysis of WWAN
and WLAN mobility and handover performance, evaluat-
ing the benefits of various optimisation proposals to create
a true seamless mobile multimedia environment across het-
erogeneous networks.
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