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Abstract. In recent years, there has been a dramatic increase in the number of 

users who access online videos from wireless access networks. It is highly 

desirable that such wireless networks are robust in handling sudden spurts in 

demand for some videos due to special events. An abrupt increase in the 

network usage should not significantly impact normal access to other 

applications. In this work, we tackle this problem in wireless mesh access 

networks by applying a distributed video sharing technique called Dynamic 

Stream Merging (DSM). DSM improves the robustness of the access network 

without directives from the video servers. We perform comprehensive 

simulation study based on a grid network topology. The experimental results, 

based on NS2 simulation, indicate that DSM is highly scalable.  

Keywords: Wireless Mesh Network, Access Network, Dynamic Stream 

Merging, Scalability Study.  

1   Introduction 

Rapid advances in networking technology have enabled large-scale deployment of 
online video streaming services in today’s Internet. In particular, wireless technology is 
expected to dominate much of the broadband access and a significant share of the 
distribution markets. Unlike wired environment, wireless networks have very limited 
bandwidth. It is desirable to have a robust wireless access environment that can sustain 
sudden spurts of interests for specific videos due to, say current events.  

By taking advantage of broadband wireless technologies such as 802.11 and 

WiMax, wireless mesh network (WMN), a special case of mobile ad hoc network 

(MANET) with mesh topology, has been used as an edge technology to provide 

broadband Internet access in residential, business, and even city-wide networks. In 

such a network, the wireless mesh access routers form a mesh-like wireless backbone 

network that allows users to access services in the Internet through mesh gateways. We 

refer to such a network environment as a Wireless Mesh Access (WMA) network. In 

this paper, we study the scalability of a robust WMA network design based on a 

technique called Dynamic Stream Merging (DSM). We first discuss related work in 

Section 2. DSM is then introduced in Section 3. In Section 4, we present our 

simulation study. Finally, we conclude this paper in Section 5. 
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2   Related work 

A promising approach to sustain spurts of demand for certain videos is to share video 

streams in the video delivery. Techniques such as periodic broadcast [1], overlay 

multicast [2][3] and Patching [4] are designed to facilitate video stream sharing. 

However, these multicast techniques would require the continuous coordination 

between the video servers in the Internet and various WMA networks at the edges. 

This is generally difficult to achieve efficiently in practice. 

On the other hand, several video multicast techniques [5][6] have been proposed for 

stand-alone WMN’s to facilitate data sharing. In this environment, the video server is a 

node on the WMN, and therefore may participate in the mesh network protocols. In 

practice, video servers are generally separated from the WMA networks by the 

Internet. To support this environment, we apply in this paper a method called Dynamic 

Stream Merging (DSM) [7]. It does not require directives from the video servers 

located in the Internet. Instead, DSM is a light-weight distributed solution which can 

improve the robustness of a WMA environment without imposing significant overhead 

on the network. The DSM technique was originally proposed in our previous work [7], 

where we present a prototype, with a 3-node linear topology, to demonstrate the 

operational capability of the system and the benefits of the technique. The purpose of 

the current paper is to investigate the scalability of DSM through simulation study. We 

target a much larger mesh network environment with a more complex topology. 

3   Dynamic Stream Merging 

We briefly present the DSM technique in this section to make the paper self-

contained. More details of the DSM technique can be found in [7]. Generally 

speaking, the main idea of DSM is the opportunistic reuse of data at each mesh node 

in order to save bandwidth for other applications. DSM consists of three basic 

functions: stream merging, buffer management, and merge cancelling. We discuss 

them in the rest of the section. 

A mesh network can be modeled as a directed graph G(V, E) where V is the set of 

mesh nodes and E is the set of links. A link <i, j> is a pair of two mesh nodes and who 

are in the communication range of each other, nodes are labeled with i, j where i, j = 1, 

2, …, N, and N = | V |. We model a video stream as a sequence of segments and 

assume that the segment ID of a video stream starts from 1 and grows in increasing 

order. We use x

it  to represent the highest segment ID of all the video segments that 

have arrived at node i from stream x.  

We explain the merging process by giving a simple example as shown in Fig. 1(a). 

Two identical streams, s1 and s2, are passing through link <1, 2>. After node 1 receives 

segment 5 from stream s1 (i.e., 1

1

s
t = 5) and segment 2 from stream s2 (i.e., 2

1

s
t = 2), 

node 1 notices that both streams s1 and s2 are the same video stream and they share the 

same next hop (i.e., node 2). Node 1 then notifies node 2 of its intension to merge these 

two streams (denoted as “s1 → s2”) and soon block stream s2 at node 1, after segment 

5. We refer to this segment as 2

1

s , the last segment from stream s2 before the stream 



merging occurs. In response, node 2 treats data packets arriving from s1 as data for 

both streams. That is, after node 2 finishes forwarding segments 2, 3, 4, and 5 from 

stream s2 to the next hop, node 2 continues to forward the subsequent segments by 

reusing these segments received earlier from stream s1. This can be achieved by 

spoofing the packet header with the header information of s2. The desirable effect of 

this merger is that we have one less stream transmission between nodes 1 and 2. 

 

Fig. 1. Merging and cancelling process. 

To facilitate reuse of the data segments for the other stream later, we need to cache 

the current segments to a buffer. By buffering, DSM ensures that data packets are 

relayed in the same order they arrive at a mesh node. Suppose two streams x and y of 

the same video are forwarded at link <i, j>; and stream y begins to merge stream x (i.e., 

y → x) at x

i . The buffering can be done as follows. Node j caches y’s segments after 

segment x

i into a buffer while it is relaying the segments between x

it and x

i from 

stream x to the next hop in the downstream. When node j does not see any more data 

arriving in stream x from node i (i.e., i has blocked the stream), node j fixes the size of 

the buffer and starts to use it as a FIFO queue as follows. Each subsequent data 

segment from stream y is appended to the end of the queue while node j removes the 

segment at the head of the queue and forwards it to the next hop. By using this 

buffering scheme, node j maintains the order of stream x while it also reuses the data 

from y for x. The buffer is released at the end of the video session.  

Due to the dynamics of the network, we may have to cancel a merger in a link. For 

example, consider the merger s1 → s2 at link <1, 2> as illustrated in Fig. 1(a). If stream 

s2 is terminated by the end user or the routing protocol diverts s2 from node 1, it will 

experience the discontinuation of stream s2. In a different scenario, if the routing 

protocol changes the next hop of s2 at node 1, node 1 can recognize this change from 

the routing table. In any of these cases, we say that stream s2 is dead at node 1; and it 

needs to inform node 2 to stop caching data for stream s2 and release the FIFO buffer. 

Fig. 1(b) illustrates the process of cancelling a merged stream. In this example, we 

consider 3 streams s1, s2 and s3 with the same video ID. We label the subscripts of the 

streams according to the order of their start time, in which s1 starts first. At the 

beginning, only s1, s2, and s3 are passing on link <1, 2>. In this scenario, we have the 

merging chain s1→ s2→ s3. That is, we first have s1→ s2, and this merger then merges 

s3. As a result, node 1 needs only send s1 to node 2 while node 2 reuses the data from s1 

for both s2 and s3. Sometime later, s2 is dead at node 1. The affected mergers s1→ s2 

and s2→ s3 are cancelled at link <1, 2>. Since s3 is now set as unmerged, it is re-

merged by s1 (i.e., s1→ s3). 



4   Performance Study 

Our current prototype [7] performs reliably with seven mesh nodes (using seven small 

netbook computers). However, DSM can efficiently support much larger mesh 

networks. To study its scalability, we conducted simulations using NS-2.34 [8] due to 

limited hardware resources.  

4.1   Experiment Setup 

In the simulation study, the transmission range and carrier sensing range are both set 

to 140 meters. RTS/CTS is disabled to reduce the overhead. The MAC parameters are 

set according to IEEE 802.11g standard, where basic data rate is set to 54Mbps. 

AODV is employed as the unicast routing protocol. Evalvid [9] framework is 

employed as an extension of video transmission in NS2. DSM is set to allow merging 

of two video streams if the temporal difference in their start times is less than 10 

seconds. An mp4 video clip, encoded by an MPEG-4 encoder with 100 seconds in 

length, is used. Since we repeat each simulation run 100 times for each network 

scenario to obtain the average results, a shorter video than typical ones was used in 

our study for the sake of reasonable simulation times. 

A 5×5 grid topology is applied in our study. The distance between any two 

adjacent nodes is 100 meters. The 25 nodes cover an area of 700x700 square meters. 

Node 0 is the gateway and is also the video source. Node contention is significantly 

more severe in a grid topology as compared to simpler topologies such as a linear 

chain. To increase the network capacity, we further implemented multi-channel multi-

interface (MCMI) extension of NS2 [10] for both DSM and non-DSM techniques in 

our simulation. Since channel assignment techniques are beyond the scope of our 

study, we simply adopted the technique presented in [10] for our implementation. 

In this study, we assume that video requests are equally likely initiated by clients at 

any one of the 24 non-gateway mesh nodes. The arrival of these requests follows a 

Poisson process. We varied the average inter-arrival time to investigate the different 

degrees of stress on the mesh network. We note that our mesh network design is 

intended for a wireless access network. However, since this work focuses on the 

scalability of DSM in the wireless environment, we perform our simulation based on 

a stand-alone wireless mesh network.  

4.2   Experimental results 

Three performance metrics are used in this study:  (1) Packet loss rate is the number 

of packets received at the destination divided by the total number of packets for the 

video clip. In our experiment, the UDP packets are set with a maximum size of 1052 

bytes. (2) End-to-end delay is calculated as the difference of time elapsed between the 

time a packet is initiated at the gateway and the time it is successfully received at the 

destination. Since packet can be dropped during the transmission, we only take into 

account the received packets in the end-to-end delay study. (3) Node workload is the 

amount of data forwarding activity measured at each mesh node in terms of the total 



number of data packets forwarded. All the performance data presented herein is the 

average over 100 simulation runs under the same setting. 

We performed stress test to validate the scalability of DSM with a grid topology 

under heavy traffic. In each test setting, a request for the same video is initiated with a 

constant arrival rate  at any one of the 24 mesh nodes with equal probability. This 

random process repeated until the total number of video streams reaches a set value. 

For a given number of concurrent video streams, a more scalable design should place 

less stress on the network and experience less average packet loss rate.  

The results for the stress test are in plotted in Fig. 2(a). It reveals that the stress on 

the DSM network is significantly less (i.e., the packet loss rate is much lower) 

compared to that of the non-DSM network. As the number of concurrent streams 

increases, the packet loss rate gradually rises to 0.15 when there are 30 concurrent 

streams in the DSM network; whereas it soars all the way to 0.7 for the non-DSM 

network. From a different perspective, if the packet loss rate is not allowed to exceed 

0.15, then non-DSM can serve no more than 7 concurrent users while DSM can 

sustain more than four times (i.e., 30) as many users. This observation confirms that 

DSM is a very robust design that can absorb a much bigger spurt in the video demand.  

 

Fig. 2. Stress test under concurrent video streams. 

To investigate the impact of arrival rate  on DSM, we repeat the experiments of 

stress test under different inter-arrival times. The number of concurrent streams is 

fixed to 15 and inter-arrival times of the video requests vary from 0.5 to 3.0 seconds. 

These inter-arrival times are randomly generated as follows:  ti = -log(RV)/ , where ti 

is the inter-arrival time between stream i and stream i+1, and RV is a uniformly 

distributed random variable ranging from 0 to 1. The simulation results are plotted in 

Fig. 2(b). As the ti increases, the traffic reduces slightly for non-DSM resulting in a 

slightly lower average packet loss rate. In contrast, the advantage of DSM reduces 

with a higher ti due to the decreases in the opportunity for stream merging. 

Nevertheless, the overall performance gaps between the two techniques are still very 

large throughout. We can expect that this performance gap disappears when the inter-

arrival time is increased beyond 10 seconds. This is due to the fact that we set the 

merging criterion as 10 seconds (i.e., 1/10 of the video length), and very few streams 

can be merged when the inter-arrival time exceeds 10 seconds. We note that this does 

not mean that DSM is beneficial only when inter-arrival time is noticeably less than 

10 seconds. This is only due to the very short video (100 seconds) used in our 

simulation study and we have to set the merging criterion very small accordingly. In 



practice, we often have much longer videos and a 10% of the video length would 

provide a very significant temporal window for merging video streams.  

 

Fig. 3. Average end to end delay with arrival rate is 0.5. 

We further investigated the end-to-end delay. We stressed the network by 

gradually increasing the number of concurrent streams. The result is shown in Fig. 3. 

Again, we observe that non-DSM suffers significantly higher end-to-end delay, 

whereas DSM can sustain the spurts in demand for the video much better. 

Node workload is a good measure to get insight into the performance 

characteristics of DSM. We plot the workload for each of the 25 mesh nodes under 

both DSM and non-DSM in Fig. 4. This study considers both a light traffic condition 

(10 streams) and a heavy traffic condition (25 streams). We observe the same 

behaviour in both scenarios – the gateway has the highest traffic and nodes closer to 

the gateway experience higher workloads. Under the light traffic condition (10 

streams), DSM, in comparison, is much less demanding on the gateway bandwidth 

leaving much of the bandwidth for other applications and users. This is evident under 

the heavy traffic condition (25 streams). Since DSM, in this scenario, does not 

exhaust the gateway capacity, it allows every mesh node in the network to participate 

in data forwarding. In other words, users farther away from the gateway can also use 

the network and experience good performance. In contrast, non-DSM quickly 

exhausts the gateway. Heavy congestion renders many packet drops at the gateway. 

Consequently, mesh nodes farther away from the gateway have little data to forward 

despite there are a large number of active streams in the network.  

 

Fig. 4. Workload under different traffic conditions (left:10 streams, right:25 streams). 



5   Conclusion 

In this work, we performed simulation to study the scalability of a technique, called 

Dynamic Stream Merging (DSM), in providing a robust wireless mesh access 

environment. The simulation results based on a 25-node grid topology indicate that 

DSM is effective in mitigating the stress on the network when it experiences spurts of 

demand in certain videos due to situations such as special events. Under such 

conditions, a DSM mesh network does not overload the network leaving much of its 

bandwidth available for other applications and users. DSM also lessens the demand 

on the gateway. This allows a given gateway to support a larger mesh access network 

to service a larger user community. 

Our future work includes study of handoff techniques to support mobile users. 

Furthermore, we will consider optimization techniques in multi-channel multi-

interface allocation to further enhance DSM performance. 
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