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Abstract

Recently, a number of studies have demonstrated that multipath streaming is a promising technique to overcome the challenges
of multimedia streaming over the best-effort Internet. These studies all focus on UDP-based streaming. Motivated by the wide
use of TCP for streaming in practice and our earlier results on single-path TCP streaming, we study multipath live streaming
via TCP in this paper. We design two simple schemes that use TCP for multipath live streaming and develop analytical models
for each of them. We then validate the models using extems\v@mulation and Internet experiments. Using these models, we
explore the performance of multipath live streaming via TCP over homogeneous and heterogeneous paths and demonstrate that
multipath live TCP streaming generally leads to satisfactory performance when the aggregate achievable TCP throughput on the
multiple paths is twice the media bitrate, with a few seconds of startup delay. Furthermore, multipath live streaming via TCP over

two similar paths can support more than twice the media bitrate supported by single-path TCP streaming over one path.

I. INTRODUCTION

High-quality multimedia streaming in the best-effort Internet need to overcome a number of challenges, including variable
delays, bandwidth constraints and packet losses. Recently, a number of studies have demonstrated that multipath streamin
(i.e., streaming over multiple network paths) is a promising technique to overcome these challenges [1], [2], [3], [4], [5], [6],
[7], [8]. These studies all assume that UDP is the transport protocol for multimedia streaming. Indeed, TCP is conventionally
regarded as inappropriate for multimedia streaming, since its backoff and retransmission mechanisms may lead to long delays
which violate the realtime requirement of multimedia streaming.

In this paper, we study an approach defying the conventional wisdom that relies on TCP for multipath streaming. This is
motivated by the wide use of TCP for streaming in practice and our earlier results on single-path TCP streaming. TCP streaming
is widely supported in commercial streaming products, including Real Media and Windows Media, the two dominant streaming
media products. Furthermore, recent measurement studies have shown that a significant fraction (around50¢@baive
commercial streaming traffic uses HTTP/TCP [9], [10], [11]. In our earlier work [12], we analytically study the performance
of single-path TCP streaming and found that its performance is generally satisfactory when the achievable TCP throughput
is roughly twice the media bitrate, with only a few seconds of startup delay. This result partly explains why TCP streaming
has been an attractive option in practice: such a bandwidth requirement can be satisfied even for broadband home users (usin
cable modem or ADSL technologies) for a large fraction of streaming multimedia clips in the Internet today.

In the scenarios where a single network path does not provide sufficient amount of bandwidth for TCP streaming, a natural
solution is to use multiple paths between a server and client. We focus on live streaming in this paper. In particular, we seek
to answer the following questions: (1) Under what circumstances can multipath live streaming via TCP provide satisfactory
performance? (2) What are the benefits of multipath TCP live streaming over single-path TCP live streaming? (3) What are

the impacts of path diversity on multipath TCP live streaming? To answer these questions, we design two simple schemes



for multipath TCP streaming and develop corresponding analytical models for them. The models allow us to systematically
investigate the performance of our schemes under various conditions, a task that is difficult when using empirical measurements
or simulation alone.

Our paper makes the following main contributions:

« We design two schemes for multipath live streaming via TCP, nastatit mpath-streamingnddynamic mpath-streaming
respectively. Static mpath-streaming constitutes an interesting baseline. Dynamic mpath-streaming utilizes the bandwidth-
probing mechanisms embedded in TCP to stripe packets over multiple paths. It is easy to implement and generally
outperforms static mpath-streaming.

« We develop analytic models for static and dynamic mpath-streaming. These models are validated using ewensive
simulation and Internet experiments.

« Using these models, we explore the performance of multipath TCP streaming under homogeneous and heterogeneous
paths. Our results demonstrate that multipath TCP streaming generally leads to satisfactory performance when the
aggregateachievable TCP throughput on the multiple paths is twice the media bitrate, with a few seconds of startup
delay. Furthermore, multipath live streaming via TCP over two similar paths can support more than twice the media

bitrate supported by single-path TCP streaming over one path.

The rest of the paper is organized as follows. Section I-A summarizes related work. Section Il describes problem setting.
Sections Il and IV present static and dynamic mpath-streaming schemes and corresponding models for them. Validation of the
models usingns simulations and Internet experiments is described in Sections V. A performance study based on the models
is presented in Section VI. Finally, Section VII concludes the paper and presents future work.

A. Related work

Multipath continuous media streaming is studied in [1], [2], [3], [4], [5], [6], [7], [8], [13]. In particular, [1], [2], [8]
demonstrate the benefits of using multiple paths for continuous media streaming. In [3], [4], [5], [6], coding techniques
(Multiple Description Coding) are applied to the video streams to improve loss recovery. The study [7] determines the sending
rate and the distribution of packets on the multiple paths to minimize loss rate at the receiver. The work [13] proposes a
heuristic-based algorithm for multipath video streaming that provides close to optimal performance. All the above studies use
UDP as the transport protocol. We study multipath streaming via TCP, which is fundamentally different from UDP-based
streaming. To the best of our knowledge, our work is the first study of multipath streaming via TCP.

Using TCP for multimedia streaming eliminates the need for error-recovery at the application-level and automatically provides
TCP-friendliness and the capability to pass firewalls. A number of research efforts on TCP-based streaming focus on how to
adapt the video bitrate to deal with network bandwidth fluctuations [14], [15], [16], [17]. Our earlier work [12] analytically
studies the performance of multimedia streaming using TCP. A recent study [18] analytically determines the proper receiver
buffer size to ensure a prescribed video quality for TCP streaming. In this work, we use multiple TCP flows on multiple paths
instead of one TCP flow on a single path as in existing studies.

The literature on TCP modeling is extensive. Much of the TCP modeling focuses on TCP performance for file transfers,
assuming long-lived flows [19], [20], [21], [22], [23] or short-lived flows [24], [25]. The study of [26] provides a model to
obtain the probability distribution of TCP congestion window size, and then applies the model to determine a TCP-friendly
transmission rate for UDP video flows. In our earlier study [12], we develop an analytical model for single-path TCP streaming.
In this paper, we develop analytical models for multipath TCP streaming.
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Fig. 1. Live streaming.

II. PROBLEM SETTING

Suppose that a client is connected to a server usingaths > 2), indexedl to K. These paths are formed using a
multipath architecture, e.g., multihoming of the end hosts (i.e., the server or the client). We assume that these multiple paths do
not share performance bottlenecks. The client requests a video from the server. Corresponding to the request, the server stripe
the video via TCP over the multiple paths to the client. The client allows a startup delay on the order of seconds, a common
practice in commercial streaming products. All packets arriving earlier than their playback times are stored in the client’s local
buffer. This local buffer is assumed to be sufficiently large so that no packet is lost at the client side. This assumption is
reasonable since modern machines are equipped with a large amount of storage.

Measurement studies show that most videos streamed over the Internet are constant bit rate (CBR) [27]. We therefore
consider a CBR video with a playback rateopackets per second. For simplicity, all packets are assumed to be of the same
size. For analytical tractability, we assume continuous playback at the client. A packet arriving later than its playback time is
referred to as date packet A late packet typically leads to a glitch during playback. Therefore, we usérahtton of late
packetsi.e., the probability that a packet is late, to measure performance. Strictly speaking, the fraction of late packets does
not correspond directly to viewing quality, since human perception tolerates occasional glitches in the playback. However,
there is no quantitative metric that directly corresponds to the viewing quality of a video perceived by a human. We therefore
use fraction of late packets as a rough metric of streaming performance.

In this paper, we focus on live streaming. That is, the server generates video content in real time and is only able to transmit
content that has already been generated, as illustrated in Fig. 1. For ease of exposition, we assign a sequence number to eac
packet. The first packet is given a sequence numbdr afid subsequent packets have sequence numbers incremented by
Without loss of generality, we assume that the first packet is generated af tand sent immediately to the client. Later
packets are generated at a constant rate equal to the playback rate of the video.

We next describe the characteristics of live streaming. In Figz(t) represents the number of packets generated at the
server by timef. ThenG(t) = put. At the client side, letA(¢) denote the number of packets arriving at the client by timi¢
is the total number of packets that have arrived over all the paths. Note that although packets on the same path are in order,
packets arriving at the client may be out of order. Since only packets generated can be transmitted, Wwe )haveé: (¢).

Let B(t) denote the number of packets played out by the client by tinfuppose that video playback commences at time
7. That is, the startup delay is seconds. TheB(t) = p(t — 7), t > 7. Observe thati(t) — B(t) = ur. A packet arriving



earlier than its playback time is referred to as early packet At time ¢, let the number of early packets Bé(¢). Then

N(t) = A(t) — B(t). A negative value ofN(¢) indicates that the packet arrival is behind the playback-y(t) packets.
Since A(t) < G(t) andG(t) — B(t) = ur, we haveN(t) < G(t) — B(t) = p7. That is, there are at mogtr early packets in

live streaming at any time. This is an important characteristic of live streaming to be used in the models for multipath live
streaming in Section IV.

Another characteristic of multipath live streaming is that the average aggregate TCP throughput over the multiple paths
does not exceed the video bitrate due to the constraint that only packets generated by the server can be transmitted. We us
achievable TCP throughpuin a path to denote the throughput achieved by an infinite TCP source, i.e., from a server that
has infinitely backlogged data to transmit. In live streaming, the TCP throughput on a path differs from the achievable TCP

throughput on that path: the achievable TCP throughput can be higher than the TCP throughput.

IIl. SCHEMES FORMULTIPATH TCP LIVE STREAMING

A key decision in multipath TCP live streaming is to determine what packets to send over which path. Before presenting
our schemes, we use an example to illustrate that packets must be split carefully among the multiple paths. Let us assume
there are two paths between the server and the client, with achievable TCP throughputs 0.5 and 1.5 times of the video bitrate
respectively. One scheme for multipath TCP streaming is to send odd packets on the first path and even packets on the other
This scheme, however, will lead to a large fraction of late packets, as indicated by the results in [12]. Intuitively, this is because,
on the first path, the achievable TCP throughput equals to the assigned sending rate. Hence, packets are not accumulated int
the client’s local buffer fast enough to tolerate throughput fluctuations in TCP. The above example implies that a path with
higher achievable TCP throughput should be allocated a higher fraction of the video packets. This motivates us to develop two
schemes for multipath live streaming via TCP.

Our first scheme assumes that the achievable TCP throughputs on the multiple paths are stable throughout the video

transmission and are known beforehand. Tetenote the average achievable TCP throughput ortepath,k = 1,..., K.

Then the server sends a fractiam, = T}/ Zle Ty, of the video packets on the-th path. That is, the number of video
packets to be sent on a path is determined in a static manner and is proportional to the achievable TCP throughput on that
path. We refer to this scheme aatic mpath-streamingStatic mpath-streaming is not a practical scheme since it requires an
accurate estimate of the achievable TCP throughput beforehand. Furthermore, since packets are allocated in a static manne
over the multiple paths, network bandwidths are not used efficiently: the available bandwidth on one path cannot be used to
send backlogged packets assigned to another path. However, according to our earlier results [12], static muiti-path streaming
generally achieves satisfactory streaming performance when the aggregate TCP throughput on the multiple paths is roughly
twice the video bitrate, with a few seconds of startup delay. This can be explained as follows. Static mpath-streaming over
K paths can be treated &S single-path TCP streaming processes since the packets allocation is beforehand and static. Then
it is straightforward to show that, when the aggregate achievable TCP throughput on the multiple paths is twice the video
bitrate, under static mpath-streaming, the achievable TCP throughput on each path is at least twice the allocated sending
rate on that path, which satisfies the condition for satisfactory streaming performance via TCP [12]. We therefore use static
mpath-streaming as a baseline scheme for multipath TCP streaming.

Our second scheme does not require explicit knowledge of the achievable TCP throughput on each path. Instead, it utilizes
the bandwidth-probing mechanism (i.e., the additive-increase and multiplicative-decrease mechanism) embedded in TCP and

works as follows. The server places data generated into a source queue. At iintbe TCP sender on a path can send



data, it obtains one packet from the source queue when there is at least one packet inside the queue. We refer to this schem
asdynamic mpath-streamingince packets are allocated in a dynamic manner over the multiple paths. Note that, when using

dynamic mpath-streaming, a TCP session on a path with higher achievable throughput sends a larger fraction of the packets.
Dynamic mpath-streaming is easy to implement. Furthermore, we expect the performance of dynamic mpath-streaming to be
better than that of static mpath-streaming. This is because, in dynamic streaming, a TCP source can send a packet wheneve
it has available bandwidth to send the packet (given that there is packet to send) and hence utilizes the bandwidths on the

multiple paths more efficiently.

IV. MODELS FORMULTIPATH TCP LIVE STREAMING

We develop discrete-time Markov models for both static and dynamic mpath-streaming. Our models assume a single TCP
flow on each path from the server to the client (e.g., multipaths formed by multihoming at the server or the client). Before
presenting our models, we first briefly describe the Markov model for TCP in [21], [23], which is used in our mpath-streaming

models.
A. Model for TCP

In [21], [23], the behavior of TCP is described by a discrete-time Markov model. The state of a TCP source changes in
“rounds”. A round starts with the back-to-back transmissiomopackets, wher& is the current size of the TCP congestion
window. Once all packets in the congestion window are sent, no more packets are sent until ACKs for some or alllgf these
packets are received. The reception of the ACKs marks the end of the current round and the beginning of the next round. The
length of a round is assumed to be a round trip time (RTT). Packet losses in different rounds are assumed to be independent
and packet losses in the same round are correlated: if a packet is lost, all remaining packets until the end of the round are
lost. Furthermore, the effect of lost ACKs is regarded as negligible.

Let X* denote the state of the TCP flow on the th¢h path after the-th transition,i = 0,1,..., k=1,..., K. Then X}
is represented as a tupl&} = (WF, Ck LF EF RF), whereW} is the window sizeC¥ models the delayed ACK behavior
of TCP (CF = 0 and CF = 1 indicate the first and the second of the two rounds respectively)is the number of packets
lost in the previous roundE” denotes whether the connection is in a timeout state and the value of the back-off exptjnent;
indicates if a packet being sent in the timeout phase is a retransmigdgfos () or a new packetg* = 0). Let S¥ denote
the number of packets transmitted successfully bykttle TCP at thei-th transition.S¥ is determined by how the congestion

window changes at theth transition as detailed in [21], [23].

B. Model for static mpath-streaming

Static mpath-streaming can be treated as multiple independent single-path TCP streaming processes since packets are allocat
in a static manner on each path. Each streaming process contains a server, a TCP connection and a client with a buffer. Or
the k-th path, the server generates packets at the rate, pfpackets per second (since a fractionagf is sent on thek-th
path), the client plays back at the same rate starting from timand packets arriving earlier than their playback time are
stored in the client’s local buffer. LeV% .
ThenNE

Markov models, each corresponding to a streaming process on a path, with the length of a round (i.e., RTT) of that path

denote the maximum number of early packets for the stream sent dntthpath.

= ayp7 following the observation in Section Il. Our model for static mpath-streaming consigtsinflependent

as the time unit. More specifically, the model for theth path is represented as a tugl&®, NF), where X¥ is the state

of the TCP flow (see Section subsec:model-tcp) affdis the number of early packets after theh round, Nf < NE

max?



k =1,...,K. To satisfy the condition thal* < Nkt .
(i + 1)-th if NF = Nk

max*

the TCP flow on thek-th path does not send any packet in the

The evolution of N follows

N}, = min(NF,

7 max?

Nik + Sf — agpRy)

where Ry, is the RTT on thek-th path andS¥ is the number of packets transmitted by the TCP onkthtle in thei-th round.
A detailed description of the state transition probabilities for the Markov model on each path and the time taken for each state
transition is in Appendix II.

Let f; denote the fraction of late packets on th¢h path,k = 1,..., K. It is obtained using the technique for single-path

TCP streaming in [12]. Then the fraction of late packets under static mpath-streaming is

K
f=> arf 1)
k=1

C. Model for dynamic mpath-streaming

We develop a model for dynamic mpath-streaming by considering the data production and consumption at the client-side
buffer: the multiple TCP connections from the server to the client produce (transmit) packets and store them in the client-side
buffer; the client starts to consume (i.e., play back) packets in the buffer fromtieea constant rate gf packets per
second. At any time, the number of early packets in the buffer never exééeds, N.... = p7, which follows from an
earlier observation made in Section Il. To satisfy this constraint, a producer stops transmitting packets when fkigrg. are
packets in the buffer. We therefore develop the following model for dynamic mpath-streaming.

Let the tuple(X},..., XX, N;) represent the finite-state Markov chain for dynamic mpath-streaming, wiifres the
state of the TCP connection on tlketh path andN; is the number of early packets in the client’s local buffer aftertiie
transition,k = 1,..., K. The transition of the Markov chain occurs in the presence of two types of events: (1) when a TCP
flow makes a transition, (2) when a packet is consumed (played back) from the client’s local buffék, £ef’ denote the
event that a packet consumption triggers transitio8imilarly, let E; = P, denote the event that a transition of the TCP flow
on thek-th path triggers transition Then the evolution ofV; follows

N . N; —1, E;
17 min(Npae, Ni + SF),  E;

C
. @

Recall thatS¥ is the number of packets transmitted by the TCP flow onktie path at the-th transition. In order to satisfy
the condition thatV; < N,,.., @ TCP source does not make a transitioiVif = N,,... A detailed description of the state
transition probabilities for the Markov model and the time taken for each state transition can be found in [28].

For sufficiently long videos, the fraction of late packets can be approximated by the steady state probability of having no

early packets in the client’'s local buffer while playing back a packet. That is,
[f=P(N;<0|E;=0C) 3)

We numerically solve for the stationary distribution &% using TANGRAM-II modeling tool [29] to obtain the fraction of
late packets .
Note that the above model for dynamic mpath-streaming is not exact since it does not account for out-of-order packets.

Suppose packet is lost by a TCP flow and packet (j > i) is sent successfully by another TCP flow. This will lead to



backgr ound

~—flows ~

“background

fl ows

Fig. 2. Validation setting ims the video server spreads the video over two paths to the client. Packet losses are caused by buffer overflows on the links
from routerry; to r12 and routerra; to roo.

Config. | TCP | HTTP | Prop. Delay| B.w. Buffer
(ms) (Mbps) | (pkts)

1 9 40 40 3.7 50

2 9 40 1 3.7 50

3 19 40 40 5.0 50
TABLE |

CONFIGURATIONS OF THE BOTTLENECK LINK ON A PATH

out-of-order packets at the receiver, while in our model, packets are consumed as if they are in order. However, since the
round trip time of a TCP flow is typically much smaller than the startup delay, the out-of-order packets can be accommodated
by the startup delay. We therefore expect our model to provide an accurate approximation for relatively short round-trip times
and low loss rates. This is confirmed by our validation through simulation and Internet experiments (see Section V).

V. MODEL VALIDATION

In this section, we first validate our models for static and dynamic mpath-streamingnsssimgulations. We then validate
the model for dynamic mpath-streaming using experiments over the Internet (static mpath-streaming is not a practical scheme).
Two paths are used between the server and client for all the validations.

A. Model validation usingns

The topology used ims is shown in Fig. 2. A video server streams a video to a client via TCP over two paths. On path
1, the link (r;1,7;2) is the bottleneck link, where packets are lost due to buffer overflow,1,2. A bottleneck link is also
traversed by multiple TCP and HTTP flows (referred to as background flows).

We simulate three different configurations for the bottleneck link on a path, listed in Table I, to create different settings.
For each setting, we makd® runs to obtaird5% confidence intervals. In each setting, we obtain the fraction of late packets

from the model and the simulation, denoted fas and f; respectively. We say the model and the simulation match well

[ Setting | Dynamic mpath-streaming | Static mpath-streaming ]
p1 P2 R | Ry |T5 [T 1 P p2 Ri | R | T5 | T3 | (= p2)
(ms) | (ms) (pkts ps) (ms) | (ms) (pkts ps)
1 0.023] 0.023| 210 | 210 | 1.6 | 1.6 50 0.019] 0.018| 210 | 210 | 16| 1.6 25
2 0.037| 0.036| 150 | 150 | 1.7 | 1.7 50 0.027 | 0.025| 150 | 150 | 1.7 | 1.7 25
3 0.053| 0.053| 200 | 200 | 1.9 | 1.9 30 0.044| 0.045| 200 | 200 | 1.9| 1.9 15
TABLE Il

MODEL VALIDATION IN NS HOMOGENEOUS PATHS



[ Setting | Dynamic mpath-streaming | Static mpath-streaming ]

P1 P2 R | R [T5 |75 Iz D1 P2 R | Ry [T5 |15 B 2
(ms) | (ms) (pkts ps) (ms) | (ms) (pkts ps) | (pkts ps)
1-2 0.023| 0.036| 210 | 150 | 1.6 | 1.7 50 0.019] 0.025| 210 | 150 | 1.6 | 1.7 25 25
1-3 0.023 ] 0.053| 210 | 200 | 1.6 | 1.9 40 0.019| 0.052| 210 | 200 | 1.6 | 1.9 26 14
2-3 0.036| 0.063| 150 | 200 | 1.7 | 1.9 40 0.025] 0.052| 150 | 200 | 1.7 | 1.9 26 14
TABLE Il

MODEL VALIDATION IN NS HETEROGENEOUS PATHS

if one of the following two conditions is satisfied;, falls within the confidence interval obtained from the simulation, or

0.1 < fm/fs < 10. The reason for the second condition is as follows. We use the fraction of late packets to roughly measure
the viewing quality. Whery,, and f, lie within the same order of magnitude of each other, we regard that they correspond to
similar viewing quality (the quality is classified as either satisfactory or unsatisfactory since our ultimate goal is to determine
the conditions under which TCP provides satisfactory streaming performance).

Our validation is in two settings: when the configurations of the two paths are the same and when they differ, referred to
ashomogeneous patrend heterogeneous pathespectively. For the video packets streamed onittiepath via TCP, lep;
denote the average loss rafe; the round trip time andz’., the value of the first retransmission timer of the TCP. We further
defineT}, = R, /R;. For static mpath-streaming, lgt denote the sending rate on tixh path,u; + 2 = p. In all cases,
the video streams uses TCP Reno. We are interested in the steady-state behavior of multipath streaming and set the videc
length to10000 seconds. We now describe the validation results.

1) Homogeneous pathsWe consider3 different settings with homogeneous paths, one for each configuration of the
bottleneck links listed in Table I. The parameters of the video stream using dynamic and static mpath-streaming are listed in
Table 1l. They are averaged over 30 simulation runs. As expected, the various parameters on the two paths are similar. The
playback rate of the video i80 or 30 packets per second and each packet580 bytes. Therefore, the bandwidth of the
video is600 or 360 Kbps. In static mpath-streaming, the video is split evenly across the two paths. We observe that, in the
same setting, the RTTs and first timeout values are similar under dynamic and static mpath-streaming while the loss rates
under dynamic mpath-streaming are higher than those under static mpath-streaming. This might be due to more aggressive
transmission in dynamic mpath-streaming. However, we expect the difference in loss rates between static and dynamic mpath-
streaming to be less dramatic when the links are shared by more flows as is usual in practice. In each setting, the fraction of
late packets predicted by the model is compared to that from the simulation. We next describe the validation for Setting 2 in
detail, as shown in Fig. 3; the results for other settings being similar [28]. From Fig. 3, we observe a good match between the
model and the simulation for both static and dynamic mpath-streaming. Furthermore, as expected, the performance of static
mpath-streaming is inferior to that of dynamic streaming.

2) Heterogeneous pathsNe consider3 different settings with heterogeneous paths by pairing two different configurations
for the bottleneck links listed in Table |I. The parameters of the video stream using dynamic and static mpath-streaming are
listed in Table Ill. The playback rate of the video is eitliror 40 packets per second. We next describe the validation for
Setting 1-3 (i.e., using configuration 1 and 3 in Table | for the bottlenecks of the two paths); the results for the other settings
being similar [28]. Fig. 4 depicts the fraction of late packets from the model and simulation for Setting 1-3. We observe similar
results as in homogeneous paths: the model and the simulation results match well; dynamic mpath-streaming outperforms static
mpath-streaming.
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B. Model Validation Using Experiments over the Internet

We now validate the model for dynamic mpath-streaming through experiments conducted over the Internet. In each experi-
ment, we useacpdump[30] to capture the packet timestamps on each path. The average loss rate, average RTT and timeout
value of each TCP flow are estimated from tapdumptraces. We use Linux-based machines for all experiments.

With no access to multihomed machines, we emulate multipath streaming by streaming from a server to two clients and
then combining the traces at the two clients. We place the video server inside University of Connecticut and use nodes in
planetlab [31] as clients. Multipath streaming via two homogeneous paths is emulated by streaming from the server to two
nodes that are connected through ADSL in San Francisco, California. Multipath streaming via heterogenous paths is emulated
by streaming from the server to one node in San Francisco, California and another in Hefei, China. The playback rate of
the video is25 or 50 packets per second (for the homogeneous paths) and 100 packets per second (for the heterogenous
paths). Each packet consists bf48 bytes. Therefore, the bandwidth of the video varies fram Kbps to 1.2 Mbps. We
conductedl 0 experiments from July 21 to July 27, 2006 at randomly chosen times; each experiment lasted for 3000 seconds.
Fig. 5 presents a scatterplot showing the fraction of late packets for various startup delays obtained from the measurements
versus that predicted by the model. T4 degree line starting at the origin represents a hypothetical perfect match between

the measurements and the model. Along the upper and l¢svelegree lines, the fraction of late packets from the model is
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respectivelyl0 times higher and lower than that from the measurements. All but one scatterplot points fall within the upper
and lower45 degree lines, indicating a match between the model and the Internet experiments. For startup delay of 10 seconds,
the fraction of late packets is O for 6 experiments (therefore are not in the plot). In these 6 experiments, the model predictions

are also 0 for 5 of them anth—* for one. We speculate that the discrepancies is due to an insufficient number of samples in
the data trace.

VI. PERFORMANCE ANDBENEFITS OFMULTIPATH LIVE STREAMING VIA TCP

In this section, we compare the performances of multipath and single-path TCP live streaming. In doing so, we identify the
benefits of using multiple paths over a single path and provide guidelines as to when multipath TCP live streaming leads to
satisfactory performance. We assume that the performance of TCP strearsatgsfactorywhen the fraction of late packets
is below10~* for a startup delay of arountD seconds. This is because people can usually tolerate several seconds of startup
delay and studies show that video quality drops when the packet loss rate exgeéds.g., [32]). Unless otherwise specified,
multipath TCP streaming in the following refers to dynamic mpath-streaming (since it is more practical and performs better
than static mpath-streaming). The results for single-path TCP live streaming are derived from the model in [12].

We first compare the performances of multipath and single-path TCP live streaming, assuming homogeneous paths in



multipath streaming for simplicity. We then explore the impact of path diversity on multipath TCP live streaming. We use two
paths (i.e.,K = 2) for multipath TCP streaming throughout this section.

A. Multipath versus single-path live streaming via TCP

For a fair comparison, we compare multipath and single-path TCP live streaming in the following manner. For single-path
streaming, lefl; denote the achievable TCP throughput on this single path, which is the TCP throughput for an infinite source
(see Section Il). For multipath streaming, IEf denote the achievable TCP throughput on khth path,k = 1,2. Let T},
denote the aggregate achievable TCP throughput over the two faths, 7.}, + T2. Let u,, and i, denote the playback
rate of multipath and single-path TCP streaming respectively. Then we compare the performances of multipath and single-path
TCP streaming under the same ratio of the (aggregate) achievable TCP throughput over the video playback rate, i.e., when
To/tm = Ts/ps. We set this requirement for the following reason. The achievable TCP throughput on a path reflects the
available bandwidth of that path. The performance of TCP streaming improvés, 4s,, or Ts/u, increases (for a higher
ratio, packets accumulate in the client's local buffer faster relative to the video playback rate). For ease of exposition, we refer
to this ratio simply as<’/p.

While comparing multipath and single-path streaming, we provide answers to the following two important questions:

« If a video bitrate can be satisfied by a single path, can two paths, each with half of the achievable TCP throughput of
the single path, support the same video bitrate? When the access link is the bottleneck of a path, this question transforms
to: can a high bandwidth access link be replaced by two lower bandwidth links while maintaining the same streaming
performance?

« If avideo bitrate is satisfied by a single path, can two such paths support videos with twice the bitrate? When the access link
is the bottleneck of a path, these questions transform to: if a user subscribe to two access networks of similar bandwidth
(e.g., ADSLs from two different providers), can he view videos with bitrates twice as those that can be supported by a

single access network?

The first question corresponds to the condition that the same video is played in multipath and single-path streaming, and the
two paths in multipath streaming each has achievable TCP throughput half that in single-path streamingTFhat is2, =

Ts/2, um = us. The second question corresponds to the condition that the two paths in multipath streaming have the same
achievable TCP throughput as that in single-path streaming while multipath streaming transmits a video of twice bitrate as that
in single-path streaming. That i%}, = T2 = Ty, u,m = 2u,. Both conditions satisf\f’,, /i, = Ts/ps. We next compare the
performances of multipath and single-path streaming under these two conditions.

1) Condition 1 (0}, = T2 = T,/2,um = ps): For a TCP flow, its achievable TCP throughput is determined by three
parameters: loss rate, RTT and timeout value (the ratio of first timeout value over RTT). When comparing multipath and
single-path streaming, we first fix the parameters of the single-path streaming and then obtain the parameters of multipath
streaming correspondingly. Since the two paths in multipath streaming each has achievable TCP throughput half that in single-
path streaming, we consider two ways to obtain the parameters of a path in multipath streaming: using a longer RTT (assuming
the path has a longer queuing delay and processing time) or higher loss rate (assuming the path is more lossy). We only describe
the results when each path in multipath streaming has a higher loss; the results when using a longer RTT are similar.

For single-path streaming, we vary the loss rate in the range r6tt to 0.04. The timeout valueT, is varied from1
to 4, based on several measurements in [20] and our measurements. The RTT is in the r&hgesab 300 ms based on
measurement results that the median RTTs between two sites on the same coast and the two coasts in tiedof 468
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Fig. 7. Performance comparison of single-path and multipath TCP streaming under Condfign=2 T2, = Ts, ptm = 2us), To = 4, RTT is 300 ms.

ms respectively [33]. In the following, we vary the valueBfy from 1.4 to 2.2 to identify the minimum value of’/u that
leads to satisfactory performance under multipath streaming. Since the achievable TCP throughput in a round (i.e., a RTT) is
determined by the loss rate and timeout value, we @Bfy in single-path streaming by fixing the loss rate and timeout value,
and varying either the RTT or video playback rate,Let p, and p,, denote respectively the loss rate under single-path and
multipath streaming. Thep,, is determined correspondingly from, as to be described later.

We first fix the video playback rate and vary the RTT so that varies from1.4 to 2.2. Fig. 6 plots the required startup
delay such that the fraction of late packets lies beltw* under single-path and multipath streaming, = p,, = 25
packets per secondy = 4 (required startup delay for lower values B, are lower). In single-path streaming, the loss rate,
ps, IS 0.004, 0.02 and 0.04, representing low, medium and high loss rates. Correspondingly, the los®yaté multipath
streaming i9.013, 0.05, and0.089, obtained from the achievable TCP throughput formula in [20], so that the achievable TCP
throughput on each path in multipath streaming is half that in single-path streaming. We observe that the required startup delays
in multipath streaming are significantly lower than those in single-path streaming when the loss rate is low. For medium loss
rate, multipath streaming still requires lower startup delay in most cases. Under high loss rate, multipath streaming requires
lower startup delays whef/u > 2. Furthermore, we observe that, for all the cases, multipath TCP live streaming provides
satisfactory performance when the aggregate achievable TCP throughput is twice the video bitrate.

We next fix the RTT and vary the video playback rate so that varies from1.4 to 2.2. The RTT in single-path streaming
is set to100 ms, 200 ms o300 ms. We observe a lower required startup delay under multipath streaming for most cases.
We also observe that, for a large RTT, high loss rate and timeout value (RTT is ak@&asts, p,, > 0.05 andTp = 4),
multipath streaming requires tens of seconds of startup delay for a fraction of late packetsl befow

In summary, the required startup delay such that the fraction of late packets lies bEtdwin multipath streaming is
general smaller than that in single-path streaming under Conditichl, 1= T2 = T/2, im = us). We therefore conclude
that a single path can be replaced by two paths, each with half of the achievable TCP throughput of the single path, to support
the same video bitrate.

2) Condition 2 ), = T2 = T, um = 2ps): Under this condition, each path in multipath streaming is the same as that
in single-path streaming while the playback rate is doubled. In this setting, the performance of static mpath-streaming is the
same as that of single-path streaming (in static mpath-streaming, the fraction of late packets obtained on the two paths are the

same, equal to that in single-path streaming). Since dynamic mpath-streaming outperforms static mpath-streaming, we expec
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that dynamic mpath-streaming to outperform single-path TCP streaming. This is indeed the case. One example is shown in
Fig. 7 wherep,, = ps = 0.004,0.02 or 0.04, To = 4 and the RTT is300 ms. The video playback rate is varies such that

T/u varies from1.6 to 2. We observe that the startup delays required so that the fraction of late packets lied (etoave
significantly lower in multipath streaming (the third bar) than those in single-path streaming (the first bar). The above results
indicate that two equivalent paths can support videos with twice (even more than twice) the bitrate than that supported by a
single path.

For the sake of comparison, we also plot the required startup delays for single-path streaming under the same achievable
TCP throughput (2Z,) and playback rate () as those in multipath streaming (the second bar). This is obtained by using a
loss rate lower tham,, calculated using the formula for achievable TCP throughput in [20]. We observe that using two paths
provides a better performance than that using a higher-bandwidth single path. This demonstrates that using multiple paths
can be more beneficial than increasing the bandwidth of a single path. When the access link is the bottleneck of a path, this
indicates that subscribing to two providers can be better than choosing a provider that doubles the current achievable TCP
throughput.

B. Impact of path diversity

To explore the impact of path diversity, we compare the performances of multipath streaming with homogeneous and
heterogeneous paths. For homogeneous pathg,Jleind R,, denote respectively the loss rate and RTT on both paths. For
heterogeneous paths, Igf, and R* denote respectively the loss rate and RTT on khd path,k = 1,2. We consider
two types of heterogenous paths: (1) the paths have different RTTs. In this case, we setp?, = pn, R = vRn,

R2 =1/(2—1/v) so that the achievable TCP throughputs under homogeneous and heterogenous paths are the same; (2) the
paths have different loss rates. In this case, wel§gt= R? = R,,, p., = vpm, andp?, is set using the formula for the
achievable TCP throughput in [20] to obtain the same aggregate achievable TCP throughput as that in homogeneous paths. W
setp,, = 0.004, 0.02 or 0.04, R,, = 300 ms, andy = 1.5 or 2.0. For all the settings, we observe close performance between
homogeneous and heterogenous paths. Fig. 8 shows the resultpyhen0.02, R,, = 300 ms,~y = 2. The above results

indicate that the performance of multipath streaming is not dramatically affected by path diversity. Rather, the performance is

more closely related to the aggregate achievable TCP throughput over the multiple paths.



VIlI. CONCLUSIONS ANDFUTURE WORK

In this paper, we developed two schemes, static and dynamic mpath-streaming, for multipath live streaming via TCP and
analytical models for each of them. We validated the models using extarssumulation and Internet experiments. Using these
models, we explored the performance of multipath TCP live streaming under homogeneous and heterogeneous paths. Our result
demonstrate that multipath TCP live streaming generally leads to satisfactory performance when the aggregate achievable TCF
throughput over the multiple paths is twice the media bit rate, with a few seconds of startup delay. Furthermore, multipath live
streaming via TCP over two similar paths can support more than twice the media bitrate supported by single-path TCP streaming
over one path. As future work, we are pursuing in the following directions: (1) explore the performance of multipath stored-
video streaming via TCP; (2) investigate the performance of multipath streaming via TCP under other multipath architectures,

e.g., through multiple servers streaming video to a client or through an overlay network.

APPENDIXI
MODEL FOR STATIC MPATHSTREAMING
Our model for static mpath-streaming consistgofndependent Markov models, each corresponding to a streaming process
on a path, with the length of a round (i.e., RTT) of that path as the time unit. More specifically, the model foththpath
is represented as a tupl&*, NF), where X} is the state of the TCP flow (see Section IV-A) aN¢ is the number of early

packets after the-th round, NF < N

max

=aqpur, k=1,... K.
We now describe in detail the state transition probabilities for the Markov model ok-ffegh and the time taken for
each state transition. Lef;, =PWk,=w CF, = Lk, =UEF, =€¢ R, =1 N, =n|

. ! 7 7 ’ ’ ’
c,le,rn;w’ ¢’ e’ r'\n

Wk =w,CF =c L¥F =1,EF = ¢, RF = r, NF = n) be the probability associated with the state transition from gfaté =

w,CF =c¢,LF =1,EF = ¢, Rf =r,NF =n) to state(W},, =w',CF, =¢ L =V EF, =¢ RF, =7 NF,=n).

Let rk

wederna o e o D the time taken for this state transition. kgtand Ry, denote respectively the loss probability

and the RTT on thé-th path. LetR%., be the value of the first retransmission timer. Denote the maximum window size as
Wmaz- The state transition probabilities and the times taken for the transitions are listed in Table IV. In the table, there are
groups ofp’s andr’s corresponding respectively to situations (1) no packets are lost in a round; (2) one or more packets are

lost in a round; (3) one or more packets are lost in a short round; (4) exponential back-off; (5) packet playback.

APPENDIXII
MODEL FOR DYNAMIC MPATH-STREAMING

Let the tuple(X},..., XX, N;) represent the finite-state Markov chain for dynamic mpath-streaming, wkifrées the
state of the TCP connection on tketh path andN; is the number of early packets in the client’s local buffer afterthie
transition, N; < N,... = pu7. The transition of the Markov chain occurs in the presence of two types of events: (1) when a
TCP flow makes a transition, (2) when a packet is consumed (played back) from the client’s local bufféy.-L & denote
the event that a packet consumption triggers transitiddimilarly, let E; = P, denote the event that a transition of the TCP
flow on thek-th path triggers transition

We now describe in detail the state transition probabilities for the Markov model and the time taken for each state transition.
If E; = Py, that is, a transition of the TCP flow on theth path triggers transition letpf, ., . . .../ .1 ,=PWE, =

elrln
Pk a7k o omk o pk o0 Nk | Tk k _ ko E _ E _ ko
w,Cy = Li, = U Ey =€ Ry =71 N5y =0 | W =wCf =cLi =1LE =eR =rN’=n)

be the probability associated with the state transition from gtate ..., X/, V;) to state(X},,,..., X, N;41), where



Xf_H =X/, j=1,....K,j #k, and X} = (w,c,1l,e,7), XF = (W, U e r); rk be the time

i w,c,le,rynsw’ e’ v’ n’

taken for this state transition. Then we hayg e @NdrE . the same as those listed in

c,le,rn;w’ ¢l e’ w,c,le,rynsw’ el e’

Table IV except thatV¥ is replaced byV,,... If E; = C, that is, a packet consumption triggers transitiptet . e the

axr

time taken for this state transition (i.e., from sta¢},..., X5, N;) to state(X}, ;,..., XX, N;11)), whereXF , = XF,

k=1,...,K,andN; =n, Niy; =n’ =n—1. Thenr;, , ; =1/p.
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