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Abstract— Multipath streaming is used by resource intensive
applications to stream their data over multiple, disjoint paths,
thereby cumulating the resources of the different subpaths. The
trend towards application-layer implementations of communica-
tion protocols allows the deployment of a multipath streaming
protocol in the current Internet. However, because resource
availability fluctuates in the Internet, a multipath streaming
protocol must be combined with other mechanisms, e.g., adap-
tation, to address these fluctuations. This paper describes two
approaches to combine adaptation and multipath streaming.
The first approach separates the two mechanisms and thereby
allows multipath streaming to be transparent to the application,
whereas the other approach combines the two mechanisms in the
application context.

This paper compares the two approaches along various pa-
rameters. It shows that the first approach is easier to deploy
from an engineering point of view, but the separation of mul-
tipath streaming and adaptation yields significant drawbacks.
Especially, synchronization problems due to different latencies
along the paths that form the multipath setup may lead to a
significant drop in the quality of the data.

I. INTRODUCTION

The Internet is often not able to provide enough bandwidth
for multimedia applications. Mechanisms are needed that
allow an application to deal with shortages. Several approaches
have been presented in previous work, e.g., resource reserva-
tion or adaptation.

However, there exists another approach to deal with this
problem; since the Internet provides numerous paths between
any two hosts[1], if a single transmission path does not suffice,
the data can be streamed over multiple paths in parallel.
Multipath streaming has been explored in the context of QoS
networks (e.g., [2], [3]) and been proposed for the Internet
(e.g., [4]), but this technique has not been deployed in best-
effort networks so far.

One reason why multipath streaming has not been explored
further in the Internet is that multipath streaming is hard to
provide at the network layer. However, the recent trend in
networking to consider routing or other networking activities
at the application layer[5], [6], [7] opens new opportunities,
and an application-layer multipath streaming mechanism is far
easier to implement and to deploy than one within IP.

Multipath streaming in a best-effort network poses a set
of new research issues. The main problem is that resources
in such a network are not known, and, even worse, they
dynamically change over time, so that continuous adaptation is
needed even for a multipath streaming setup. The combination
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of adaptation and multipath streaming, however, is far from
easy:

« How can a multimedia stream efficiently and dynamically
be split onto different substreams?

« Every path is likely to have different timing charac-
teristics, e.g., latency or jitter. How can the different
substreams be synchronized?

« How does the adaptation mechanism interact with mul-
tipath streaming? In contrast to QoS networks, neither
bandwidth guarantees nor bandwidth information is di-
rectly available from the Internet; one aspect of this
problem is selecting the various paths for a multipath
setup.

We have implemented two different versions of multipath
streaming for an existing adaptive MPEG application [8]. This
application uses a frame—dropping filter to adapt the sending
rate to the resource fluctuations in real networks, such as the
Internet. The first version implements the multipath streaming
completely transparent to the application. This approach fol-
lows the layering approaches of the traditional Internet design
and current overlay networks by separating applications from
the data transport.

In contrast, the second approach focuses on an integration
of the data transport into the application context and allows
a combination of adaptation and multipath streaming. This
integration results in a software architecture that is similar
in style to those scenarios that provide application-driven data
transport. The motivation in both cases is also the same: some
parameters that decide how the data should be transported are
only known within the context of the application.

The comparison of the two approaches yields interesting
insight about the benefits of both approaches. Both approaches
significantly differ in their approach to address the questions
listed above. Because both approaches operate at the applica-
tion layer, we are able to compare the two approaches using
real Internet experiments.

Il. APPLICATION-LAYER MULTIMEDIA STREAMING

Adaptive filters, such as frame dropping filters for MPEG
streams, are used to reduce the amount of data streamed over
fluctuating, low-bandwidth connections [9], [8]. In times of
congestion, these filters estimate the amount of data that can
be sent over a connection and drop frames of less importance
while maintaining synchronization between audio and video.
When congestion is reduced, the “drop level” is reduced and
more (or all) of the data is sent. Multipath streaming provides
another dimension to address the bandwidth requirement prob-
lem. Multiple, disjoint paths provide another way to increase
the available bandwidth to an application.
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Fig. 1. Transport-layer multipath streaming

Recent developments towards moving routing behavior to-
wards the application layer provide a starting point: now the
application can be in control of routing its data. Overlay
networks, e.g., aim at implementing routing functionality at the
application layer and thereby allow a variety of communication
mechanisms to be implemented on top of the Internet, e.g.,
routing based on bandwidth [5], [6], [10], or application-layer
multicast [11], [12], [13], [14], [15]. More recent approaches,
such as the Internet Indirection Infrastructure i3 [16], and
the framework for topology-aware applications [17], provide
infrastructures that support different communication models in
a single architecture. Multipath streaming is another commu-
nication type that fits into these infrastructures.

I1l. MULTIPATH STREAMING IN THE INTERNET

We implemented two different version of multipath stream-
ing for an existing adaptive MPEG application [8]. Adaptation
is necessary in real network to address the inherent heterogene-
ity as well as dynamic resource fluctuations. The following
sections discuss the problems that have to be addressed by
combining adaptation and multipath streaming.

A. Transport-layer multipath streaming

The first approach to combining adaptation and stream
splitting is to adapt the data first and then distribute the
remaining data onto the different substreams. Figure 1 sketches
the design of such an architecture. The figure shows two
application parts: the frame-dropping filter and the client,
which are separated by a network. The data that arrives at
the filter is first adapted. The adaptation process consists of
four steps. First, network (UDP) packets are deposited into
the buffer (since filters may be cascaded, input and output is
in network packets). The filtering process reads the data from
this buffer as a stream (not as packets). Whenever a frame
boundary is found, the filter decides whether this frame should
be dropped or forwarded. If the frame can be transmitted,
it is marked and forwarded to the packetizer; if the network
conditions do not allow the transmission of this frame, it is
simply discarded. The packetizer wraps the frames up into
UDP packets. This packetization is necessary because a frame
is typically larger than a packet. A tight wrapping up allows
an efficient use of the UDP payload. Due to this wrapping,
a packet may also contain data from multiple frames. After
the packetization, the data stream is sent over the network in
the single-path case. However, using multipath streaming, the
stream is split. This splitting consists of a distribution of the
incoming packets onto the outgoing connections.

The description shows that this multipath streaming ap-
proach can be considered a completely separate step in the
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data processing at the filter. The MPEG filter we use for this
paper [8] implements client-based feedback. Every packet sent
from the filter to the client contains a sequence number. If
packets are lost due to congestion, the client advises the filter
to increase the drop level (i.e., drop more frames). As shown
in Figure 1, the adaptation process at the filter works with the
input multimedia stream, and the client measures the packet
loss(es) after the substreams have been merged again. The
advantage is that no changes in the adaptation process are
needed.

The benefit of this separation of adaptation and multipath
streaming can be increased even further by hiding the mul-
tipath streaming behind a common interface, e.g., the socket
interface. The multipath socket can easily be exchanged with
standard sockets and therefore allows an easy porting of ap-
plications from single-path streaming to multipath streaming.
Because this version of multipath streaming hides the splitting
behind the transport-layer socket API, we call this approach
transport-layer multipath streaming (TLMS).

B. Application-layer multipath streaming

An alternative to transport-layer multipath streaming is
application-layer multipath streaming (ALMS) that integrates
the splitting of the stream into the application context. Figure 2
depicts this architecture. The activities are the same as in
Figure 1, except that splitting is done before filtering.

The application-layer multipath streaming setup is similar to
a multicast setup with individual stream adaptation, with two
exceptions. First, all substreams reach the same destination.
Second, multipath streaming and filtering must be combined
to ensure that (i) not the same data is sent in the different
substreams and (ii) the most important frames are transmitted
first (over any path). The latter problem is difficult because
the filter must decide for each frame (i) whether it should be
transmitted and (ii) if so, over which path. We address these
problems by introducing a filter coordinator. The adaptive
multipath filtering process lets every substream read the full
stream from the buffer at its own pace. However, the filters
are no longer independent; instead, the coordinator makes sure
that the most important frames are sent first and are sent only
over one path. E.g., if a multipath setup consists of two paths,
the coordinator may set one filter to pass all I-frames and the
other to pass all P-frames, or it may set one filter to pass all
even frames and the other to pass all odd frames.

The introduction of a coordinator also requires changes
in the feedback mechanism. First, the client must measure
the loss per substream. Second, feedback from the client to



| Criteria [ TLMS | ALMS |
fi Iter changes no coordinator
client changes no merging
other changes socket no
portability yes no
split granularity (UDP) packet | MPEG frame
number of streams unlimited frame layout
split metric bandwidth packet loss
adaptation metric packet loss packet loss
stream adaptation al together individual
TABLE |

COMPARISON OF TLMSAND ALMS.

increase or decrease the filtering level must no longer be
handled by the corresponding filter but must be forwarded to
the coordinator because a change in the filtering level for one
path affects all paths. If one path reduces the filtering level to
transmit additional frames, the coordinator must ensure that
the streams are still complimentary. Similarly, if one stream
increases the filtering level, the coordinator must ensure that
the high priority frames are still transmitted first. Assume,
e.g., that a multipath streaming filter has 2 substreams, one
transmitting I-frames, the other P- and B-frames. When the
first connection slows down, it cannot simply start dropping I-
frames. The coordinator must adjust the filtering level of both
paths. An I-frame that can no longer be transmitted over the
first path must be transmitted over the second path, which in
turn may have to start dropping B- and P-frames.

C. Comparison

Table | compares the two approaches according to different
design, implementation and performance criteria. To enable an
existing conventional single-path application, TLMS limits any
source code changes to using the new splitting and merging
sockets, whereas ALMS requires changes to the application
code. These changes may be hard to implement, especially
if the application’s module structure does not encapsulate the
communication activities.

The splitting granularity of the two implementations is
different. TLMS, which is closely related to the network,
works with UDP packets. In contrast, ALMS works with
application-specific data types (MPEG frames in this case).
The splitting granularity for ALMS is coarser than for TLMS
because an average MPEG frame is larger than a UDP packet.

The number of parallel streams for TLMS is only limited
by the host communication (network) interface (and the host’s
memory bandwidth), so for many settings, the number of
paths can be quite large. ALMS on the other hand may be
limited by application restrictions. The MPEG filtering process
distinguishes frames within a GOP, but not among them. That
is, the filter knows whether a B-frame is the first or the second
after an I-frame, but it does not know the difference between
the first B-frames in different GOPs. As a consequence, the
number of parallel streams is limited by the number of frames
in a GOP. Typical numbers are 12 or 15 possible parallel
streams.

The split metric is also related to the network for transport-
layer stream splitting. Bandwidth is a typical split metric, but
others network-related metrics, e.g., error rate for wireless con-
nections, could be used as well. In contrast, the coordinator of
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od ALMS | 100 | 106 | 1.06 | 106 | 107 | 107
& TOMS | 102 | 102 | L0l | 02 | L0z | 102
TABLE Il

PERFORMANCE OF TLMSAND ALMS.

the application-layer splitting distributes frames (not packets)
according to packet loss along the paths. The adaptation metric
is packet loss for both implementations, but the TLMS adapts
all substreams together, as if it were one single stream, whereas
ALMS adapts each substream individually.

IV. EVALUATION

Table | shows that the two multipath streaming approaches
not only differ architecturally but also in many parameters.
All these differences influence the streaming performance of
each approach in various ways. This section discusses this
influence along three lines of thought. A first part looks at
the overhead of each approach with respect to the system
load on a filter and the delay overhead for the streaming. The
second part discusses synchronization problems in multipath
streaming, e.g., how the two approaches deal with large delay
differences along the subpaths. Finally, the third part discusses
the interaction between multipath streaming and adaptation
and its impact on the final multimedia quality.

A. Performance

Table 1l compares the load imposed on the filtering host
and the delay for data forwarding of the two approaches, as
a function of the number of paths in the multipath setup. The
system load is measured on a 933 MHz Pentium Il with
256 MB running Linux 7.2. The results are averages of 100
tests and are expressed in % of the total system load. The
results show that the load imposed by TLMS is independent
of the number of paths, whereas for ALMS the load increases
almost linearly. The reason for this increase is that the whole
filtering process is replicated for each additional stream in
the application-streaming approach. ALMS has therefore a
significantly worse scalability than TLMS.

The second set of rows shows the delay overhead of
multipath streaming normalized to the corresponding single-
stream implementation. For TLMS, the delay overhead is
measured between the sending command by the application
and the sending command by the splitting socket. For ALMS,
the measurement compares the time between the fetching of a
frame from the buffer and the sending of a frame. The numbers
show that the delay overhead is negligible; in practice the
absolute values are in the order of milliseconds.

A second issue related to the performance is the efficiency
of the stream splitting. For ALMS, this splitting is implicitly
integrated into the adaptation mechanism. The filtering process
of each substream fetches the data from the buffer at its
own rate, matching the capacity of the outgoing streams. In
contrast, an explicit splitting mechanism is needed for TLMS.
This splitting mechanism, which is part of the splitting socket,
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Fig. 3. Transmitted packets (network emulation based on rea traces)

receives UDP packets from the application and must distribute
them onto the outgoing connections. Three principal splitting
strategies are evaluated in this paper. Round robin distributes
the packets sequentially at an equal share. Random uses a
uniform distribution. Finally, the third strategy measures the
available bandwidth along each path and distributes the frames
based on the actual bandwidth availability. These bandwidth
measurement are also integrated into the splitting and merging
socket and are therefore hidden to the application. We report
on two different bandwidth splitting strategies: BW(1) splits
the streams according to a bandwidth sample that is taken
anew every second, whereas BW(10) takes a value averaged
over the last 10 samples to smooth heavy fluctuations.

To compare the different splitting strategies, we collected
a set of Internet bandwidth traces and emulate them between
the filter and the client. Two different videos are run over
these emulated traces. The amount of transmitted data is
measured as a function of the splitting strategy, the number
of parallel streams and the bandwidth distribution among the
paths. Figure 3 shows the amount of transmitted bytes, relative
to total bytes sent by the filter, in %. A value of less than
100% shows that some packets had to be dropped because
they could not be sent due to congestion. The x-axis denotes
the relative bandwidth distribution of the paths. A value of
(*/2,1/2), e.g., means that the multipath setup consists of
two subpaths with an equal average bandwidth (50%). To
achieve this distribution, the original traces are scaled so that
the average bandwidth of a trace matches the target average
bandwidth, while still keeping its fluctuation patterns. The total
amount of streaming bandwidth is always chosen to match the
bandwidth requirements of the video for this experiment.

The first and the third group of columns in Figure 3 exhibit
an equal share of bandwidth for each subpath. The results of
all 4 splitting strategies are similar. In contrast, the two static
splitting strategies (random and round robin) significantly drop
in performance when the bandwidth share is no longer equal
for the different paths, as shown in the 2nd, 4th and 5th group
of columns. Regarding the two dynamic splitting strategies,
we note that BW10) performs 5-10% better than BW(1).

We conclude from this figure that a good splitting strategy
is essential to get a decent performance for TLMS. Static
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splitting strategies are not useful when the paths do not have
an equal bandwidth, which is hardly the case in real best-effort
networks.

TLMS and ALMS differ in a third factor: splitting granular-
ity and splitting metric. The result of this difference is shown
in Figure 4. The experiment that leads to this figure is similar
to the previous one. Two different videos are sent over the
emulated traces for both approaches. The x-axis denotes the
total amount of available bandwidth for the multipath setup,
and the bandwidth of each of the n paths has */n-th of the total
bandwidth. TLMS uses BW(10) as a splitting metric. The y-
axis shows the amount of received bytes, in % of the total
bytes sent.

The performance for a single connection is always higher
because it does not have to pay the multipath streaming
overhead. Interestingly, the relationship within one group of
bars is different for TLMS and ALMS. The performance of
ALMS decreases with an increasing number of parallel paths
while it increases for TLMS. This different behavior is due
to the differences in the splitting mechanism. The decrease
in performance for the ALMS is due to the coarse and slow
splitting-adaptation mechanism. The adaptation mechanism is
lazy to ignore small bandwidth fluctuations to smooth the
video and, especially, to avoid packet loss. If a request to
change the filtering level arrives in ALMS, this request has
a much larger impact than for the corresponding request for
TLMS because frames are a factor of 2-5 larger than UDP
packets. It is therefore much more difficult to coordinate the
different filters.

In contrast, TLMS is more efficient for a larger number
of connections. We explain this observation with bandwidth
mispredictions. If there are only two parallel connections, a
misprediction has an impact on 50% of the of the streams,
whereas with 8 connections, only /g of the substreams is
affected.

The discussion shows that splitting granularity and metric
affect both approaches in a different way. Comparing the
two approaches, ALMS is generally better suited for a lower
number of parallel streams. TLMS does not only scale better
to a large number of streams from an implementation’s point
of view, it is also more efficient when the number of paths
increases.
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B. Synchronization

Real Internet paths are not only different in the available
bandwidth, they also differ in other metrics, such as delay or
jitter. These differences cause a synchronization problem for
multipath streaming. Packets that travel over a slower path
may arrive late at the client. In the worst case, they must be
discarded because they are too late to be displayed. Discarding
or loosing packets due to congestion has a negative impact on
the video quality. Because a packet is smaller than a frame,
a single packet loss may invalidate other packets as well, i.e.,
they are transmitted in vain. Even worse, the loss of a packet
containing an I-frame leads to an invalidation all the frames
that depend on this I-frame.

The ability to deal with a large difference in the path
latencies varies for the two multipath streaming approaches. To
show the differences, a video stream is sent over two emulated
paths based on Internet traces. The latency of these traces is
shown on the lower part of Figure 5. The x-axis denotes the
time, the left y-axis the latency in milliseconds. The two lower
lines show the latency of the two paths that form the multipath.
Their latency is similar until t + 30 seconds, when one trace
doubles its latency in two major steps whereas the latency of
the other path is only slightly increased.

The increase in the latency difference has an impact on
the filtering level if the client buffer is not much larger
than the latency difference. We therefore set the buffer size
corresponding to data for 0.5 seconds and 1.0 seconds, resp.,
for TLMS and to 0.5 seconds for ALMS. These buffer size
values are relatively small for Internet applications, but the
latency difference in the real Internet may also be much larger
than for the shown traces, so the same effect may happen on
a larger buffer.

The top of Figure 5 shows the filter drop level (y-axis on
the right) for TLMS and ALMS. (In the case of ALMS,
the filtering level of the coordinator is shown). All three
implementations increase their filtering level 30 seconds into
the experiment as a reaction to the increase in the latency.
The ALMS reduces the drop level again after 10 seconds. The
reason is for this reduction is that the adaptation mechanism
(of the single-path streaming) is able to adjust the speed of
a stream (the data rate) by delaying the sending of a packet

at the filter to keep a steady data flow to the client. Because
ALMS adapts every substream individually, it can increase the
speed of the high latency connection until the two substreams
are synchronized and no more packets are dropped. The same
adjustment in the speed is visible after 53 seconds and 96
seconds.

TLMS does not have the ability to react accordingly because
the multipath streaming is hidden. The adaptation algorithm
only notices that some packets are discarded by the client
buffer. Assuming that the discarding is a result of congestion,
TLMS increases the drop level at the filter. However, this
increase has no effect because the latency difference is still
there. The “0.5s buffer” client continues to increase the drop
level until the maximal level of 10 is reached (i.e., 10 out of
the 12 frames in each GOP are filtered out). The effects on the
video quality are devastating, especially compared to ALMS
with the same buffer size! Doubling the buffer size for TLMS
to “1.0s” also leads to an increase in the filtering level, but
with two differences with respect to the “0.5s” buffer. First,
the filtering level increases later because the larger buffer can
hide the effects of the first latency increase. Second, when
the latency difference decreases again after 95 seconds, the
filtering level is also reduced.

We make three observations here. First, the buffer size is
a critical parameter for multipath streaming, especially at the
transport layer. A larger buffer is advantageous to deal with
synchronization problems. However, there are other factors
that limit the buffer size, e.g., constraints imposed by the client
hardware.

Second, the ability to deal with synchronization problems
is limited for TLMS because the multipath mechanism is
separated from the adaptation mechanism. The adaptation
mechanism has no way to find out the right cause of the
packet loss in this implementation. One way to deal with
the synchronization would be to integrate synchronization into
the multipath streaming (socket) as well. However, several
changes are necessary. First, the socket has to measure the
latency along each path. Second, latency differences must
either be reported to the application or be compensated using
a sophisticated packet scheduling where packets are buffered
and scheduled according to the target arrival time. Finally,
the API has to be opened to allow an application to specify
which latency differences can be tolerated and what to do if
these bounds cannot be met. The last point violates the trans-
parency assumption, however, leading towards an integrated
adaptation—multistreaming approach again.

Finally, synchronization is only one kind of the “asym-
metry” problems that can occur with multipath streaming.
In a wireless environment, e.g., the different paths have an
“asymmetric” probability of losing packets due to transmission
errors. ALMS can detect these differences and react, e.g.,
by sending the most important frames over the most reliable
connection. A transport-layer implementation cannot deal with
an unequal error rate because it does not know that multiple
paths are used. Implementing a scheme to send high priority
frames over the most reliable connection within the splitting
socket would be very difficult, especially because the splitting
socket does not know which part of a frame is contained in a
packet.
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of the multipath for application-layer streaming.

C. Multipath streaming and adaptation

The performance analysis in Section IV-A has measured
only the amount of transmitted bytes. Important for the video
quality at the client, however, is not the amount of transmitted
data, but the number of correctly displayable frames, which
determines to the video quality.

To assess the video quality at the client, we stream again
two different videos over the emulated Internet traces with a
varying number of paths. Each run is repeated 50 times with
different Internet traces. The traces are again scaled to match
the average target bandwidth. For each run, we measure the
number of displayable frames, separately for each frame type.
The results of this experiment are shown in Figures 6 and 7.

Both figures show the number of displayable frames on
the y-axis, grouped by frame types, as a function of the
multipath bandwidth and the number of paths that make up
the multipath bandwidth. Both figures are similar in the layout
of the received frames, that is, if the multipath bandwidth is
low, only I-frames are transmitted. P-frames are sent when
more bandwidth becomes available, and finally B-frames
get through. This shows that the adaptation and multipath
streaming mechanism work well together. Analyzing the data
further reveals that ALMS results in a slightly higher number
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of frames. Especially the probability of losing an I-frame is
almost zero, which means that this approach almost perfectly
combines adaptation and multipath streaming. The results for
TLMS, however, are almost as good as those of ALMS.
However, it must be noted that these values are achieved only
by a good setup of the transport-layer streaming, i.e., we used
the BW(10) splitting strategy, the paths are free of error, and
the client-side buffer is large enough to avoid synchronization
problems. Any of these problems can significantly reduce the
performance of TLMS whereas ALMS is more robust and only
slightly affected.

D. Multipath streaming in best-effort networks

The previous discussion compares ALMS and TLMS and
highlights its pros and cons; the net benefit of multipath
streaming for an application is shown in Figure 8. It shows the
number of received frames as a function of the number of paths
and the multipath streaming strategy. For this experiment,
a video stream of 1.5 Mbps is streamed over a different
number of parallel connections. Each connection is emulated
with Internet traces whose average bandwidth is between 300
and 500 Mbps. Every experiment is repeated 10 times with
different traces. Every bar shows the average number of frames
received, with the min and max numbers. The first bar denotes
the number of received frames over a single path, i.e., the
common single-path streaming. All other bars use multipath
streaming. With two streams, the number of received frames
is almost doubled and the video quality is greatly increased.
Finally, four parallel streams transmit the video almost in
the original quality. These results show that the presented
approaches to multipath streaming can significantly increase
the video quality. The key to this improvement lies in the
exploitation of the resources that are available in the network
via alternative paths.

V. RELATED WORK

The idea of using multiple paths to stream data over a net-
work is not new at all. The networking community has applied
the graph theory algorithms, developed in the 60s, to QoS net-
works. Rao and Batsell [3], e.g., show the relationship between
the network metrics, such as bandwidth and latency, and the
routing algorithms. Because several algorithms to evaluate a



graph are NP-complete, the authors describe approximations
that can be applied to QoS networks. A summary of further
routing algorithms is described by Chen and Nahrstedt [2],
who also refer to multipath routing as a future direction in
networking when talking about next-generation high-speed
networks. This paper, in contrast, evaluates two solutions
for multipath streaming in a best-effort network where no
resource guarantees are available. Its focus is therefore on the
interaction between adaptation and multipath streaming.

Multipath streaming in the Internet is closely related to the
recent advances of overlay networks [6], [5], [10]. Overlay
networks allow the routing of data based on application-
specific metrics. So far, overlay networks have only considered
single-path streaming. Multipath streaming is an almost natural
extension to the capabilities of overlay networks. Especially
the transport-layer multipath streaming implementation exactly
fits into the model of overlay network routing.

Similarly, the presented approach also fits well into the In-
ternet Indirection Infrastructure i3 [18]. This infrastructure de-
fines a rendez-vous based model for different communication
types that can be expressed by indirection, e.g., multicast or
mobility. The same triggers which are injected into the network
to allow the implementation of different communication types
can also be used to implement multipath streaming. A first
trigger (a kind of filtering trigger) splits the data and sends
each stream to a different, secondary trigger, and so forth until
each substream reaches the final destination.

Another area that is closely related to this work are active
services [7]. Active services advocate for the placement of
application-specific services inside a network. The authors
propose to use video gateways (streaming filters in our ter-
minology) inside the network. The adaptive MPEG filter in
this paper is in fact implemented as a kind of service that is
embedded in a larger framework for future applications [17].

V1. SUMMARY AND CONCLUSIONS

This paper presents two different approaches to multipath
streaming in best-effort networks. Multipath streaming in best-
effort networks is challenging because it must be combined
with adaptation mechanisms that address resource fluctua-
tions. The first approach, transport-layer multipath stream-
ing (TLMS), splits the data after the adaptation, whereas
application-layer multipath streaming (ALMS) splits the data
first and then adapts every substream individually.

From an engineering point of view, TLMS has the advantage
that no changes are needed in the (possibly complex) appli-
cation code. The splitting can be hidden from the application,
which makes TLMS also portable to different applications.
It fits conceptually well into other overlay networking ap-
proaches. TLMS also has a low overhead and a low impact
on the system performance.

However, TLMS has significant disadvantages. Every path
in a best-effort network has its own dynamic behavior, e.g.,
different latencies or error rates. Any asymmetry in this
behavior must be addressed by an application, e.g., to maintain
synchronization. TLMS only sees the effects of the asymmetry
on the whole stream, but it is neither able to identify the
misbehaving path nor can it take appropriate reactions.

In contrast, ALMS integrates the multipath streaming and
the adaptation into the application context. Because it first
splits the data and adapts every substream individually, it is
able to deal with path asymmetries.

We also observed that although TLMS has a lower overhead
and is more efficient with respect to the number of bytes,
ALMS is able to deliver a better video quality because the
adaptation and the splitting mechanisms use application-layer
metrics. The mapping of networking metrics (bandwidth)
onto application-layer metrics (MPEG frames) is not easily
performed. So we caution to expect that the promising perfor-
mance results of overlay network will automatically translate
into noticeable quality increases for an application.
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