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INTRODUCTION
With the development of network communication and video compression technologies, real-time
video streaming becomes more and more popular in
daily life. Generally, for a video streaming system, it
is important to support a large scale of concurrent
users. This makes all of streaming systems encounter
the so-called scalability problem. Unfortunately, the
scalability problem cannot be efficiently overcome in
the traditional client/server model streaming system.
To counter this problem, various media distribution
technologies have been intensively studied in the past
two decades. IP multicast was firstly proposed and
studied in the 1990s (Deering and Cheriton, 1990).
However, it has not been deployed extensively because of some serious concerns regarding its scaling,
supporting for higher level functionality, and deployment. Then, the application layer multicast technologies were introduced (Banerjee et al., 2002; Ganjam
and Zhang, 2005), among which, Content Delivery

Network (CDN) (Akamai, http://www.akamai.com;
Limelight Networks, http://www.limelightnetworks.
com) and peer-to-peer (P2P) (Chu et al., 2000; Padmanabhan et al., 2002; Castro et al., 2003; Zhang et
al., 2005; Huang et al., 2006; Guo et al., 2007; Liu et
al., 2008; PPLive, http://www.PPLive.com) are the
two most deployed solutions. In CDN, a number of
proxy servers are deployed at the edge of the Internet,
and clients receive media streaming service from their
closest proxy server. The expensive cost of the dedicated proxy servers and high bandwidth required for
CDN has limited its broad adoption by the Internet
content providers. Differently, in P2P networks, clients are regarded as peers, which not only playback
but also relay streaming data to other peers. Since the
pre-deployed proxy servers are no longer needed, and
much bandwidth is contributed by the peers, the cost
of media distribution is greatly reduced. Therefore,
today, streaming data distribution through P2P technology attracts more and more attention from academia and industry.
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However, P2P video streaming systems pose
very different challenges from the traditional client/server streaming systems. On one hand, in P2P
streaming system, media data are distributed through
one or more multi-hop path(s) from the streaming
server to the peers, and high heterogeneity and high
dynamics exist in the hop links of the multi-hop paths.
The high heterogeneity leads to the existence of some
peers whose bandwidth is insufficient to support high
quality video, while the high dynamics, especially the
unpredictable disconnection of some peers, results in
packet loss or too late arrival. What is more, the
multi-hop transmission method tends to increase the
end-to-end delay, compared with the traditional single
hop method. On the other hand, video streaming data
have the characteristics of high bitrate, delay sensitivity and loss sensitivity, which make it very challenging to provide high-quality video streaming service in P2P networks.
The overlay of a P2P network can be constructed
as a tree, mesh or other hybrid structure. Since “tree”
is perhaps the most natural structure and it does not
suffer from a latency-overhead tradeoff, it is adopted
in the vast majority of the proposals up to date (Chu et
al., 2000; Liu et al., 2008). To exploit the bandwidth
diversity in the P2P network, multi-tree overlay has
been presented (Padmanabhan et al., 2002; Castro et
al., 2003). In this paper, adaptive video streaming
over the single tree structure overlay is studied, and
extending it to the multi-tree overlay will be a part of
our future work.
To cope with the bandwidth heterogeneity of the
clients in the traditional client/server video streaming
system, a few of rate adaptation schemes are proposed,
including rate control (Li et al., 2003), transcoding
(Vetro et al., 2003), scalable video coding (Schwarz et
al., 2007), bitstream switching (Krasic et al., 2003),
and rate shaping (Chakareski et al., 2005; Tu et al.,
2006), etc. Rate control requires so much computation from the streaming server that it is difficult to
concurrently support a large scale of clients. What is
more important, rate control cannot be applied in the
streaming systems in which the bitstreams are compressed off-line. Though transcoding involves lower
complexity than rate control, it is still too complex to
be applied in a peer with low computation capability.
Even though scalable video coding provides inherent
priorities among the compressed video data which in

turn provides a natural method for selecting which
portions of the compressed data to transmit while
meeting the transmission rate constraints, it still has
high decoding complexity, which makes it not very
suitable for the peers with limited computation and
memory resources. Moreover, scalable video coding
loses 1~2 dB in compression efficiency compared
with traditional single layer coding (Schwarz et al.,
2007). Up to now, scalable video coding has not been
extensively adopted in real streaming systems. On the
other hand, bitstream switching and rate shaping are
broadly adopted in practical streaming systems due to
their simplicity and high efficiency.
Several rate adaptation schemes combining bitstream switching and rate shaping have been proposed in literature (Schierl and Wiegand, 2004;
Stockhammer et al., 2006). The existing work mainly
focuses on rate adaptation in traditional video
streaming scenarios where the streaming server and
client communicate directly through one hop connection. For each client, an instance of rate adaptation
algorithm is independently performed by the
streaming server, and in turn the optimal bitstream to
transmit is independently determined. However, the
network topology of a P2P system is generally much
more complex than that of a traditional system. Most
peers cannot directly connect to the streaming server
and the multi-hop transmission is involved. In order
to maximize the overall video quality of peers in the
network, it is not enough to determine the best bitstream by considering only the peers which directly
connect to the streaming server by one-hop connection. Fortunately, a peer acts as not only a client but
also a server, which makes the stream scheduling
algorithms performed in a streaming server can also
be applied in peers to further improve the system’s
overall performance.
In this paper, we firstly propose an adaptive
scheme combining bitstream switching and rate
shaping for tree-structure P2P overlay. The proposed
scheme is to maximize the overall perceived quality
in peers, which is achieved by collaboration among
the streaming server and peers. The streaming server
dynamically selects an optimal bitstream from
available bitstreams according to current network
condition in the overlay, and disseminates the selected
bitstream over the overlay. Before relaying the video
data, each peer drops some frames in a rate-distortion
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optimized way to meet the constraints on the available
output link bandwidth and the transmission delay.
The rest of the paper is organized as follows. The
problem of optimal bitstream selection for treestructure overlay and the proposed system model are
introduced in Section 2. In Section 3, a single frame
dropping module is modeled as a filter, and the
rate-distortion optimized frame dropping problem is
solved by a low complexity greedy algorithm. In
Section 4, the problem of optimal bitstream selection
is solved as a series of single frame dropping problems, and complexity issue of the presented solution
is also addressed. In Section 5, simulation results are
provided and analyzed to verify the performance of
the proposed solution. Finally, Section 6 concludes
this paper.

PROBLEM AND SYSTEM MODEL
Bitstream selection problem
The bitstream selection problem for treestructure overlay (BSP-TO) can be described as:
among the available multiple bitstreams in the
streaming server, which one should be distributed to
maximize the overall perceived quality of peers in the
overlay?
It is easy to get two simple heuristic solutions for
solving the BSP-TO. The first solution, named the
minimal rate transmission (MinRate), is that the
server sends the bitstream with the rate no more than
and as close as possible to the minimal available
transmission bandwidth among the hops. Apparently,
MinRate scheme tends to waste many resources in the
hops with higher bandwidth. The other solution is
called the maximal rate transmission (MaxRate). In
the MaxRate scheme, the streaming server sends the
bitstream with the rate less than and closest to the
available bandwidth of the hop from the streaming
server to its direct child node, and the intermediate
peers perform rate adaptation to shape the bitrate
when necessary. Although the MaxRate scheme
maximizes the usage efficiency of the network resources, it also cannot guarantee to achieve the best
overall perceived quality, which will be shown in
Section 5.2.
In this paper, the RDO method is exploited to
solve the BSP-TO. The system model is presented in

the rest of this section, and the problem is formulated
and solved in the subsequent sections.
System model
1. System architecture
The architecture of the tree-structure P2P
streaming system is shown in Fig.1. The overlay is a
tree rooted at the streaming server, and it is composed
of multiple sub-trees rooted at the direct children of
the streaming server. For example, there are two
sub-trees in the overlay in Fig.1, which root at nodes
N1 and N5. We assume that the output bandwidth of
the streaming server is much higher than that of the
peers, and that the optimal bitstream for each sub-tree
is independently determined by the streaming server.
According to the variation of network conditions in a
sub-tree, the streaming server dynamically switches
the streamed bitstream among the multiple available
bitstreams to maximize the overall perceived quality
of the peers in the sub-tree.
S

N5

N1

N3

N2

N6

N7

N10
N4

N8

N9

Fig.1 Architecture of the tree-structure P2P streaming
system

2. Streaming server
The basic building blocks in the streaming server
are illustrated in Fig.2. Before streaming, every video
program is encoded into multiple bitstreams with
different bitrates, which are represented as S1, S2, …,
etc. In addition, the side information, named as
rate-distortion hint tracks (RDHTs), is generated for
each bitstream (Chakareski et al., 2005; Stockhammer et al., 2006; Tu et al., 2006). The side information
mainly includes size and importance of each frame in
the bitstream. The Network Prober (NP) is responsible for periodically collecting network parameters of
the hops in the overlay. The Stream Switcher (SS)
periodically selects the optimal bitstream to transmit
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among the available bitstreams according to RDHTs
and the probed network parameters. The Frame
Dropper (FD) selectively drops frames to adapt the
output bitrate when necessary. The Streamer is responsible to packetize and send video data.
Network
Prober

S1
S2

Stream
Switcher

Frame
Dropper

Streamer

S3

...

RDHT

Streaming Server

Fig.2 Basic building blocks in the streaming server

3. Peer
The basic building blocks in a peer are shown in
Fig.3. A peer assigns a pair of NP and FD to each
direct child. Each NP periodically collects the network parameters of the hops in the sub-tree rooted at
the direct child to which it is assigned, and then sends
the probed results to the peer’s parent. Similar to the
FD in the streaming server, an FD in a peer shapes the
bitrate of bitstream into available transmission
bandwidth of the direct child it is assigned to. The
FDs are linked into a chain by decreasing order of
output bitrates. The output of each FD is not only
streamed to the direct child peer the FD is responsible
for, but also sent into its next FD in the peer. By this
way, each FD’s rate shaping is based on that of its
preceding FD, which eliminates much redundant
computation for intermediate peers with multiple
direct children.

Receiver

Peer

NP 1

NP 2

FD 1

FD 2

Streamer 1

…

…

NP N

FD N

Streamer 2 … Streamer N

Fig.3 Basic building blocks in the peer

4. Network prober
An NP has two functions. Firstly, it periodically
probes the network parameters of the hop from the

node to the direct child it is responsible for. Three
network parameters, including packet loss rate, round
trip time and available bandwidth, are probed as follows. Once a peer successfully receives a data packet
from its parent, it will send back an acknowledgment
(ACK) of a correctly transmitted packet by an RTCP
receiver report to its parent. According to the number
of sent packets and that of received ACKs, the packet
loss rate can be obtained. Small size packets are
periodically sent to probe the round trip time. Based
on the propped packet loss rate and round trip time,
the available bandwidth is calculated by the TCPfriendly bandwidth formula (Floyd et al., 2000).
Secondly, an NP collects the network parameters of
all the hops in the sub-tree rooted at the direct child it
is responsible for, and then sends the collected network parameters to the NP constructed for it in its
parent node.
Each single hop in the overlay is represented by
a five-tuple (PIDi, CIDi, Bi, Pi, RTTi), i=1,2,…,M.
PIDi and CIDi are the identifiers of the parent peer
and the child peer, respectively; Bi, Pi and RTTi respectively indicate the available bandwidth, the
packet loss rate and the round trip time; M is the count
of hops in the overlay. As mentioned previously, the
parameters of the hops are periodically updated by
NPs to reflect the variation in the overlay.
In this paper, we assume that the overlay network is dynamically optimized by P2P protocols such
as PeerCast (Deshpande et al., 2001) and ZigZag
(Tran et al., 2003) according to the network condition,
so that the available transmission bandwidth of the
hop decreases as the distance between the hop and the
server increases.

FRAME DROPPER
An FD can be regarded as a filter as in Fig.4.
The filter’s input is the available or received video
data, and its output is a subset of the input video data.
The input bandwidth Bin and output bandwidth Bout
are also provided to an FD by its corresponding NP.
As a result of overlay optimization, Bout is generally
no more than Bin. So the task of an FD is to extract the
output video data to maximize the reconstructed
video quality under the rate constraint of Bout.
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Bin

Bout

Frame Dropper

Fig.4 Frame dropper model

To calculate the output video quality of an FD,
the term of importance is defined for each frame. For
the jth frame in the video stream with version v, the
importance for the quality of the reconstructed video
stream is denoted by I(j, v). I(j, v) is the total quality
increase of the reconstructed video when the jth frame
is correctly decoded, and
I ( j , v) =

1
⎡Q( f j , f j′,v ) − Q( f j , f c′( j ),v ) ⎤⎦ +
L⎣
1 L
∑ ⎡Q( f k , f j′,v ) − Q( fk , fc′( j ),v )⎤⎦,
L k = j +1 ⎣
j

(1)

k

where L is the number of frames in the video sequence; f and f ′ represent the original frame and its
reconstruction, respectively; Q(f, f ′) is the quality
measure reflecting the distortion when presenting f by
k means fk is eventually concealed by fj; c(j)
f ′; j
represents fj’s concealment frame, and c(0) represents
the default image, e.g., the grey image.
The dropping pattern is defined as a vector π
with L elements. π(j) is the jth element of vector π,
which is 0 when the jth frame is dropped, and 1 when
the jth frame is maintained. Then the reconstruction
quality of the bitstream Sv is obtained by
L

j −1

j =1

m =1
m≺ j

Q(π , v) = Q0 + ∑ I ( j , v)π ( j )∏ π (m),

(2)

where L is also the number of the frames in the video
sequence, Q0 = ∑ j =1 Q( f j , G ) L denotes the miniL

where r(j, v) denotes the size of the jth frame in the
video stream.
The constrained optimization problem of
Eqs.(3) and (4) can be converted into a non-constrained optimization using a Lagrangian multiplier
λ as
π*=arg max Q(π, v)+λR(π, v).

Eq.(5) is resolved in a low complexity manner as
follows. Generally, frames in a compressed video
stream are organized in GOP (Group of Pictures)
structure. For simplicity, the calculation of a frame’s
importance is performed independently for each GOP
in this paper, and the L of Eq.(1) is set as the length of
one GOP. Accordingly, the frame dropping process is
also performed in the unit of GOP, and then the
computing complexity is greatly reduced.
Applying frame dropping in peers results in that
some peers cannot receive the whole bitstream data.
When a frame is not available at the decoder in the
decoding process, an error concealment method is
required. In this paper, “freeze-picture” concealment
approach is applied. That is, the dropped frame is
represented by the timely nearest available frame. In
the case of consecutive frames, concealment is applied recursively. Consequently, the concealment
dependencies can be expressed by a directed acyclic
graph. An example of frame decoding dependency
graph and the corresponding concealment dependency graph is shown in Fig.5. The symbol G represents a standard presentation, e.g., a grey image,
which occurs when an I frame is dropped. According
to the frame concealment tree, each frame’s concealment frame is determined, and then its importance
is calculated by Eq.(1).
I1

π*=arg max Q(π, v)

(3)

subject to
j =1

B4

P5

B6

I8
B9

B7

B10

(a)
G

I1

P2
B3

B4

P5

B6

B7

I8
B9

B10

(b)

n

R(π , v) = ∑ π ( j )r ( j , v) ≤ Bout ,

P2
B3

mum quality when all the frames are presented as the
default image, and m ≺ j means that the mth frame is
required to correctly decode the jth frame.
The problem of frame dropping is formulated
into a constrained optimization problem described as

(5)

(4)

Fig.5 (a) Frame decoding dependency graph; (b) Frame
concealment dependency graph
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The algorithm’s complexity is analyzed here.
Assume the number of frames considered in the algorithm is L. The algorithm runs in loops. For each
loop, a frame is put into the remained frame set. Thus,
in the worst condition, the times of the required loops
are L. In each loop, Steps 2~4 are performed. The
complexities of Steps 2 and 3 are both O(L), and the
complexity of Step 4 is O(1). Therefore, the proposed
frame dropping algorithm has the complexity of
O(L2).

As mentioned previously, before streaming,
several compressed versions for a video sequence are
prepared, which are denoted by {Sv}, v=1,…,V. For
each version of bitstream, side information is generated and stored in an RDHT, which includes frame
size, decoding timestamp, frame importance, and
dependencies among frames.
Based on the topology of a sub-tree and the
bandwidth of its hops, a simulator of FD chain is
constructed to simulate the real transmission in the
sub-tree. As previously mentioned, each peer creates
an FD chain to adapt the video rates to its children,
and each child peer is associated with an FD. Through
connecting all of the FDs in peers in the sub-tree by
decreasing order in the output bandwidth, a big FD
chain can be obtained. The big FD chain is called the
FD chain of the sub-tree. An example of the construction for a sub-tree’s FD chain is shown in Fig.6.

0k
60

Step 1: Performing initialization for related variables. For
each frame, the utility of importance per bit is calculated as
λ(j,v)=I(j,v)/r(j,v); the number of bits which can be used to
transmit the GOP is calculated as C=BoutL/f, where Bout is the
target bitrate, L is the number of frames in the GOP, and f is the
frame rate; the remained frame set Sr is set to be empty, and the
candidate frame set Sc is set to only include I frames.
Step 2: Moving a frame from Sc to Sr. Search for the frame
F with the largest utility λ(F,v) among the frames whose sizes
are not larger than C in Sc. If F is found, move F from Sc to Sr;
otherwise, go to Step 4.
Step 3: Updating related variables. Add frames satisfying
the following conditions into Sc: the frame is not in Sr or Sc, and
its ancestors in the decoding dependency graph are all in Sr;
subtract the size of frame F from the bits to transmit the GOP C,
C=C–r(F,v); go to Step 2.
Step 4: Performing the frame dropping. Drop the frames
which are now not in Sr.

STREAM SWITCHER

bp
s

To assure that a remained frame can be correctly
decoded after the frame dropping process, all of its
ancestors in the frame decoding dependency graph
must also be remained. Hence, the solution to the
optimization problem Eq.(5) can be regarded as a
subset of frames in the bitstream, which maximizes
the reconstruction quality of the video sequence under
the constraints of meeting the target bitrate and
keeping the remained frames decodable.
In the proposed algorithm, two frame sets, such
as remained frame set and candidate frame set, are
defined. The remained frame set consists of the
frames which have been decided so far to be remained,
and the candidate frame set consists of the frames
under consideration whether they can be put into the
remained frame set. The algorithm just greedily updates the two frame sets according to the side information until the available output bandwidth is used up.
The frame dropping algorithm is described below:

80
0k
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40
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s

FD
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Fig.6 FD chain for a general tree

Each FD in a sub-tree is represented by a twotuple (PIDi, Bi), i=1, 2,… ,M. M is the number of the
peers in the sub-tree. PIDi and Bi indicate the ith FD’s
ID and output bandwidth, respectively. The model of
the FD chain is shown in Fig.7. Note that PIDi is the
ID of peer i, and Bi is the available receiving bandwidth of peer i.
(PID1, B1)
S

FD1

(PIDl, Bl)

...

FDl

Fig.7 FD chain model

(PIDM, BM)

...

FDM
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To construct a simulator for an FD chain, the
whole real FD chain is divided into several FD segments which contain one or more consecutive FDs,
and each segment is implemented as one FD in the
simulator. As shown in Fig.8, an FD chain simulator
consists of a series of FDs, each of which is represented by a triple (Nl, Bl, Wl), l=1,2,…,N. N is the
number of FDs in the simulator; Nl, Bl and Wl indicate
the lth FD’s ID, output bandwidth, and weight, respectively.
(N1, B1, W1)
S

FD1

(Nl, Bl, Wl)

...

FDl

(NN, BN, WN)

...

FDN

Fig.8 FD chain simulator

The real FD chain is dived into segments by the
following steps. Firstly, the number of FDs in the
simulator N is determined by the available computational resource in the streaming server. Secondly, the
range of the output bandwidth of the real FDs is determined and equally divided into N sections. Generally, if the output bandwidth range is [Bmin, Bmax], the
lth section is calculated as [Bmax−l(Bmax−Bmin)/N,
Bmax−(l−1)(Bmax−Bmin)/N], l=1,2,…,N. Finally, the real
FDs whose output bandwidth is in the lth section are
represented by the lth FD in the simulator.
The output bandwidth of an FD in the simulator
is the average output bandwidth of the real FDs in the
segment it represents. And the weight of an FD in the
simulator is calculated by

Wl = M l / M ,

(6)

where Ml is the number of the real FDs represented by
the lth FD in the simulator, and M is the total number
of the real FDs in the sub-tree.
When the video stream Sv is distributed over the
sub-tree, the average quality of the outputs of the FDs
in the simulator, Q(v), is used to predict the real average perceived quality of the peers in the sub-tree.
Q(v) is calculated by
N

Q(v) = ∑ Q( N l , v)Wl ,

(7)

l =1

where Q(Nl, v) denotes the quality of the video output
from the lth FD in the simulator.
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According to the previous definitions and formulations, the problem of BSP-TO can be described
as: which v from {Sv} can maximize Q(v)? And the
problem can be formulated as
v*=arg max Q(v).

(8)

According to Eq.(7), the problem Eq.(8) can be
solved as multiple independent frame dropping
problems. And the frame dropping problem can be
further solved by the proposed algorithm in Section 3.
The complexity of the proposed solution to the
problem Eq.(8) is determined by five factors, including the number of considered bitstreams V, the
period of bitstream switching T, the number of the
frames involved in the simulation L, the number of the
FDs in the FD chain simulator N, and the complexity
of the frame dropping algorithm. Actually, the
trade-off between the complexity and performance
can be achieved in the following aspects:
(1) The number of considered bitstreams V. In
the practical streaming system, the number of the
available bitstream versions for a video sequence is
limited, for example, 4~6. When the available computation resource in the streaming server is scarce, the
number of bitstream candidates can be reduced to
lower the complexity.
(2) The period of bitstream switching T. To respond to the variation in the network condition as
soon as possible, the optimal bitstream should be
determined at any random access point, for example,
once for a GOP. However, frequent running of the
bitstream selection algorithm increases the burden of
the streaming server. The parameter T can be adjusted
to trade-off between the switching complexity and the
response time to the network dynamics.
(3) The number of FDs in the FD chain simulator
N. The FD chain simulator is an effective tool to scale
the required computation in the optimal bitstream
selection. An FD in the FD chain simulator can represent one or more real FDs, thus, the time of running
frame dropping algorithm can be greatly reduced
when necessary. Through adjusting the number of
FDs in the simulator, the trade-off between the required computation and performance can be achieved.
Besides, the FD chain simulator can be implemented
as each FD stores some of intermediate results and
feeds them into the FDs following it, and the following FD performs frame dropping based on the

452

Zhang et al. / J Zhejiang Univ Sci A 2008 9(4):445-456

information from the previous FDs. In this way, a
following FD’s work is based on that of the FDs previous to it, which can remove a great amount of redundant computation.
(4) The number of frames considered in the
simulation L. To determine the best bitstream for time
interval T, the more the number of frames is considered in the simulation, the more the accuracy of the
simulation result is, and the more the computation is
required. Therefore, the number of frames involved in
the simulation should be skillfully decided to do a
good trade-off between the complexity and the accuracy of bitstream selection.
In summary, the computation required by the
bitstream switcher in the whole streaming process can
be approximated as O[V×(1/T)×N×L×L]. Since V and
N both can be defined as constants, the complexity of
each run of the bitstream selection algorithm is at the
same level as that of frame dropping, which is O(L2).
SIMULATIONS AND ANALYSIS
Simulation setup
A simulation environment is constructed by C++
for the experiments. Simulations are run over a
sub-tree with up to 1000 nodes. The actual number of
peers participating in each simulation varies between
800 and 1000. The bandwidth of the hops in the
sub-tree distributes in the scope [175, 725] kbps. The
nodes are divided into 11 groups according to their
receiving bandwidth, and the nodes with receiving
bandwidth in the scope [725−50i, 725−50(i−1)],
i=1, 2, …, 11, are placed into the ith node group.
Accordingly, the FDs of each node group are represented by an FD in the FD chain simulator in the
stream switcher.
Three common intermediate format (352×288)
test video sequences, News, Foreman and Bus are
used. The sequences are encoded at 30 frames/s with
JM 11.0 at different rates. The encoding structure is
IBBPBBPBB, the length of GOP is 15, the number of
B frames between adjacent I/P frames is 2, and every I
frame is encoded as an IDR frame. The bitrate of a
bitstream is controlled by QP in the encoding process,
and each sequence is encoded into 7 bitstreams with
bitrates from 180 kbps to 700 kbps. The bitrates of the
bitstreams used in the simulations are shown in Table
1.

Table 1 Bitrates of the bitstreams in simulation (kbps)
No.
News
Foreman
Bus
1
672
700
654
2
598
604
569
3
488
520
425
4
387
397
326
5
347
297
252
6
255
262
219
7
184
181
192

In the following figures, symbol “S” represents
the streaming server, “Ni” represents the average of
the evaluated metric for the nodes in the ith node
group, “avg” represents the average of the evaluated
metric for all the nodes in the sub-tree, and “Sv”
represents the bitstream with No.v.
Optimal bitstream for streaming over static P2P
networks
In the experiment, the simulations are run over a
static network environment. The bandwidths of the
hops in the sub-tree are equally distributed in the
scope [175, 725] kbps, and they are kept static in the
whole simulation process. Each of the bitstreams of
the three sequences is independently streamed over
the sub-tree, and the frame dropping algorithm proposed in Section 3 is applied when the rate adaptation
is needed. The average perceived quality of each node
group and the average quality of all the nodes in the
sub-tree are shown in Fig.9. For every sequence, the
average perceived quality of all the nodes has a
similar apparent trend that firstly increases up to the
best quality and then decreases along with the decrease of bitstream bitrate. The bitstream producing
the best perceived quality is neither the bitstream with
the maximal bitrate, nor the one with the minimal
bitrate. For News, Foreman and Bus, the best average
quality is achieved at S5, S4 and S4, respectively. And
for the three sequences, the best qualities achieved by
the optimal bitstreams are higher than the corresponding worst ones by 3.3, 3.7 and 2.5 dB, respectively.
Bitstream switching for streaming over static P2P
networks
In this experiment, the static network environment applied in Section 5.2 is also adopted. Three
streaming schemes are compared in the throughputs
and the perceived qualities in the peers. The first one
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Fig.9 Perceived qualities in the nodes when each bitstream is independently streamed. (a) News; (b) Foreman; (c) Bus

Fig.10 Throughputs in the nodes in static network
environment. (a) News; (b) Foreman; (c) Bus

is the proposed Optimized scheme, and the other two
are MaxRate and MinRate. In the proposed Optimized scheme, the FDs in each node group are represented by an FD in the FD chain simulator. In the
MaxRate scheme, the frame dropping algorithm
proposed in Section 3 is also exploited to implement
rate adaptation.
The throughputs averaged over node groups are
shown in Fig.10. A peer’s throughput means the rate
in which the peer receives video data. BW represents
the available bandwidth for the peer to receive data. It
can be seen that the MaxRate scheme maximizes the
throughputs, while the MinRate scheme minimizes
the throughputs, and the Optimized scheme achieves

the throughputs at a medial level between those two
schemes.
The perceived qualities of peers averaged over
node groups are shown in Fig.11. For the MaxRate
scheme, the perceived quality in a peer decreases with
the decrease of the receiving bandwidth of the peer.
However, the perceived quality in the low bandwidth
peer is very poor. Especially, no frame is received by
some leaf nodes when News is streamed with the
MaxRate scheme. For the MinRate scheme, the perceived quality in a peer keeps at a low and constant
level. For the Optimized scheme, the perceived quality in a peer is more stable and better than that of the
MaxRate scheme, and is much better than that of
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MinRate scheme in most peers. Averagely, the Optimized scheme outperforms about 3 dB over the
MaxRate scheme and about 1.5 dB over the MinRate
scheme in perceived video quality of peers. It is interesting that the best video quality is obtained by the
45
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Fig.11 Perceived qualities in the nodes in static network
environment. (a) News; (b) Foreman; (c) Bus

Optimized scheme, although its bandwidth usage is
much lower than that of the MaxRate scheme.
Bitstream switching for streaming over dynamic
P2P networks
In this experiment, the Optimized scheme,
MaxRate scheme and MinRate scheme are compared
in a dynamic network environment instead of the
static one in Sections 5.2 and 5.3. The three video
sequences are streamed for 50 s respectively. The
bandwidth of peers changes every 10 s. The ratio of
the number of nodes in each group and that of all the
nodes in the sub-tree over time is shown in Table 2.
When the video sequences are streamed with
each scheme, average perceived quality of peers over
time is shown in Fig.12. It is interesting that the
MaxRate scheme gets better quality than the MinRate
scheme for low motion sequence News, while it gets
worse quality than the latter for fast motion sequence
Foreman. And for the sequence Bus, the MaxRate
scheme is inferior to the MinRate scheme in the early
streaming process, and is superior to the MinRate
scheme in the later process. This can be explained by
that for low motion sequence spatial information
contributes more than temporal information to the
perceived video quality, and for high motion sequence
temporal information contributes more than spatial
information. On one hand, the MaxRate scheme tends
to drop more frames but the spatial quality of the
retained frames is higher, it places more weight on
spatial information. On the other hand, the MinRate
scheme tends to drop fewer frames but the spatial
quality of the retained frames is lower, it places more
weight on temporal information. With the help of
RDO, the Optimized scheme can optimally allocate
available bandwidth between spatial and temporal
information, it gains over the MaxRate scheme and
the MinRate scheme in perceived quality over all the
peers and sequences.

Table 2 Distribution of the nodes in the groups over time (%)
Time (s)
0~9
10~19
20~29
30~39
40~49

N1
0
0
20
20
20

N2
0
0
20
0
0

N3
0
0
20
0
0

N4
0
20
20
0
0

N5
0
20
20
20
0

N6
0
20
0
20
0

N7
20
20
0
20
0

N8
20
20
0
20
20

N9
20
0
0
0
20

N10
20
0
0
0
20

N11
20
0
0
0
20
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44

Y-PSNR (dB)

than simple heuristic streaming schemes do.
More importantly, a framework to cope with the
heterogeneity in P2P live streaming network is proposed. With the help of FD module, the peer is endowed with the ability to adapt the video rate to the
heterogeneous and dynamic network conditions.
Other advanced rate adaptation techniques, such as
data partition based packet dropping or scalable video
coding (SVC), can be easily integrated into the proposed framework by just replacing the FD module
with a new rate adaptation module.
In the future, we will investigate the scheme of
multi-bitstream simulcasting (Liu et al., 2006) in the
overlay to improve the bandwidth utilization efficiency in high bandwidth hops. Furthermore, single-tree overlay will be extended to multi-tree overlay
to improve both error resilience to network dynamics
and bandwidth utilization efficiency.
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