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Abstract 

This project tries to use the Riverbed Modeler 17.5 to simulate and analyze YouTube video streaming 

performance. Implementing the project will use the data from YouTube and design a series of scenarios, 

including a relatively ideal scenario, a scenario of video browsing with other users, a scenario with the 

effect of different data rates, and a scenario with the movement. These scenarios will consider the 

evaluation criteria such as latency, throughput, etc. 

 

Keywords: video browsing, mobile, throughput, delay 802.11g/n, movement 
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1.1 Introduction 

The increasing popularity of multimedia applications will lead to substantial growth in video traffic on 

both wireline and wireless networks [1].  As a result, evaluating the performance of network topologies, 

protocols, and procedures for video traffic is critical. YouTube is the second most visited website [2].  In 

2016, the number of hours of YouTube content reached 10 billion hours [3]. There are tons of videos 

related to all the subjects we learn, making YouTube a top choice when students face problems and 

searching for help. Therefore, there are usually some students watching YouTube videos in the library. 

The report mainly focuses on the simulation of this scenario. Since the user experience is closely related 

to the smoothness of video playback, the simulation's focus will be on throughput and delay. 

 

As the most commonly used technology in home networks, Wi-Fi is also used widely on campus. To 

increase the dependability of audio and video transmission, the IEEE 802.11 standard specifies many 

multicast techniques [4]. We choose IEEE 802.11n and IEEE 802.11g as our main protocols.  

 

Besides, one more scenario is added to find the influence of moving at different speeds. Mobile stations 

change positions in a real-time IEEE 802.11 WLAN scenario, resulting in imbalanced load distribution on 

available access points (APs)[29].  The movement will cause increased packet loss and unstable 

throughput [29].  

 

This report will describe the background of video streaming, Wi-Fi standard, Riverbed Modeler, and 

quality of service briefly. Then, it will describe the overview of the project and related work in this field. 

Next, the project will select and design some possible scenarios around a mobile. Then the report will 

detail how to implement these scenarios through Riverbed Modeler. After that, it will show the results of 

each scenario and discuss them. Finally, the report will conclude and provide some possible suggestions 

for improvements and future work.   

 

 

  



 

 

Page | 5 

 

1.2 Background 

1.2.1 Video streaming 

Video streaming is a continuous transmission of video files from a server to a client. It enables users to 

view videos online without having to download them [5]. Video streaming on YouTube is accomplished 

through TCP (Transmission Control Protocol) at the transport layer [6]. At the application layer, 

YouTube takes advantage of DASH, which stands for Dynamic Adaptive Streaming over HTTP. 

YouTube makes use of a MPEG-DASH variation of the DASH protocol [7]. Footage streaming services 

like YouTube and Netflix employ HAS to break the video into chunks that are subsequently encoded 

using multiple video qualities, as seen in the Figure below [8]. 

 

 

 
Figure 1-1 YouTube video service [8] 

Each chunk is sent as a distinct web object via HTTP. The client continually checks available bandwidth 

during video playback and requests successful chunks for the specified data rate. Usually, the client stores 

a buffer of chunks in case of network difficulties (e.g. latency, packet loss, connection loss) [8].  To 

ensure that video files are compatible with all browsers, devices, bandwidth, and quality requirements, 

customers may choose from various encoding options for each video file [8]. In addition, numerical 

identification is known as "itag" is utilized to distinguish different video encoding techniques. It is sent 

along with the HTTP requests. Furthermore, since each chunk is sent individually as a distinct web object, 

[8] the client continually evaluates available bandwidth and requests chunks for the data rate sustained 

during video playback. To cope with future network difficulties (e.g., latency, packet loss, connection 

loss), the client tries to retain a buffer of video data; to do so, a buffering technique is required [8].  

 

1.2.2 Wi-Fi Standard 

The IEEE 802.11 Working Group2 created and maintained the IEEE 802.11 protocols [9]. 

That standard, IEEE 802.11a, has a theoretical maximum data rate of 54 Mbit/s. The frequency is around 

5 GHz, which is unlicensed. Due to the 6cm-wavelength, it is easily absorbed by objects and walls. [9] 

However,802.11g Wi-Fi (2.4 GHz) is less readily absorbed. Currently, WLAN devices based on IEEE 

802.11g technology provide data rates of 100-125Mbps [9]. IEEE 802.11n has a data rate of up to 

540Mbps and works at 2.4 GHz and 5 GHz. The IEEE 802.11n standard, finally issued in 2009, aims to 

improve the MAC layer throughput over earlier standards. The IEEE 802.11n workgroup has been 

researching different upgrades to the physical and MAC layers to boost performance since its inception in 

2002 [9]. Changes to signal encoding techniques, numerous antennas, smart antennas, and MAC 

protocols are only a few improvements [9]. To boost throughput, IEEE 802.11n included additional MAC 
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layer methods. The standard employs MIMO [9] and a variety of innovative modulation and coding 

methods to enhance data speeds. The standard has a fixed channel bandwidth of 20MHz, which aids 

backward compatibility with previous standards. A 40MHz channel is also available in IEEE 802.11n. 

Only four spatial streams utilizing a single 40 MHz-wide channel may reach data speeds of up to 600 

Mbps [9]. 

 

Besides, "An Efficient Cooperative Retransmission MAC Protocol for IEEE 802.11n Wireless LANs" 

mentioned that 802.11n has frame aggregation mechanisms and block ACK mechanisms that can gather 

the frames together for enhancing the efficiency of throughput [19]. In the INET documentation, it said 

that 802.11n has MAC Service Data Unit (MSDU) Aggregation and MAC Protocol Data Unit (MPDU) 

Aggregation [20]. Furthermore, they showed that frame aggregation could enhance the performance of 

throughput. 

 

 

1.2.3 Riverbed Modeler 

The Riverbed Modeler Academic Edition provides a virtual environment for modeling, assessing, and 

forecasting the performance of information technology infrastructures, including applications, servers, 

and networking technologies[10].  Academic Edition, which is based on Riverbed's award-winning 

Modeler software, is intended to be used in conjunction with particular lab tasks that teach basic 

networking principles. Commercial versions of Modeler provide enhanced features that are intended to 

accelerate network research and development productivity, build proprietary wireless protocols and 

technologies, and assess modifications to standards-based protocols, among other things[10].  Riverbed 

software is utilized by thousands of commercial and government organizations throughout the globe and 

by more than 500 colleges and research institutions[10].  In addition to being designed for entry-level 

networking courses, the Modeler Academic Edition is also intended for use in the classroom. 

Incorporating tools for all stages of a project, Riverbed Modeler Academic Edition includes models for 

development, simulations for testing, data gathering, and data analysis[10]. 

 

 

1.2.4 Quality of service 

The phrase 'Quality of Service’ (QoS) refers to the ability of a network to measure its overall performance 

[11].  Our project mainly focuses on throughput and latency (packet delay) [12]. 

 

1.3 project overview 

This project will select a mobile node as the core, and it aims to simulate “a user using a mobile to a 

watch YouTube video” under a series of different scenarios. Then analyze the performance of mobile 

node in each scenario mainly.  

This project designs four main scenarios. The first scenario is to simulate the 1080P and 30 FPS video on 

YouTube at the mobile node and the fixed node (such as a desktop), then the throughput, latency, and 

retransmission of the two nodes will be compared. This object also aims to find the overall performance 

of video streaming on mobile in a relatively ideal environment, which will be regarded as the baseline for 

the followed scenarios. 
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The second scenario increases the number of fixed nodes to test video streaming performance when more 

users are on the network. This scenario simulates a YouTube video being watched in a library with some 

students present. In this circumstance, the project gives three sub-scenarios: two fixed nodes and one 

mobile node (Mobile node keeps the video browsing. Light browsing is used by one fixed node, while 

heavy browsing is used by the other). The report will call the first sub-scenario "mult11" in the followed 

contents. 

Next, the total number of fixed nodes increases to four, and half of the fixed nodes are light browsing, and 

the rest are heavy browsing. Therefore, the report will call the second sub-scenario "mult22" in the 

followed contents. 

The third sub-scenario is to increase the total size to eight and repeat the same distribution as the 

previous. Therefore, the report will call the third sub-scenario "mult44" in the followed contents. 

The video streaming node's WLAN parameter, application, and profile remain unaltered. The light and 

heavy browsing parameters are the default parameters provided by Riverbed Modeler. 

 

In the third scenario, the project experimented with various data speeds and Wi-Fi protocols to see how 

they affected the Video Streaming node's performance. This scenario consists of some sub-scenarios. 

Their topologies are similar to "mult22" in the scenario2 but different wireless LAN protocols. Therefore, 

the project selects 802.11g and 802.11n in this scenario.  

 

The fourth scenario is based on the scenario3. Scenario4 will re-place the mobile far away from the router 

and add a trajectory. Scenario4 aims to find the maximum effective range of each wireless LAN protocol, 

what happens when the mobile goes back to the router's effective range, and the effect of moving and 

distance on video streaming performance. 

 

1.4 Related Work 

This section presents previous attempts at this problem. P. Casas [13] et al presented an analysis of the 

YouTube service performance in cellular networks from an end-user perspective, focusing on video flows 

download throughput and simplified QoE(Quality of Experience) metrics. Furthermore, they show that as 

end-users QoE improves, user engagement Increases. The YouTube download flow varies from 1.3Mbps 

(Low SNR flows) to 2.1Mbps (High SNR flows)[13].  

S. Abdallah-Saleh et al in "Handover evaluation for mobile video streaming in heterogeneous wireless 

networks." [14] This study tested and evaluated the handover process and quality of service (QoS) of 

mobile video streaming in heterogeneous wireless networks from the network layer's perspective. It 

shows that handovers will cause a sharp drop in throughput, and a lower speed movement will have a 

better throughput for video streaming. 

D. Jain [15] et al in “Prediction of quality degradation for mobile video streaming apps: A case study 

using YouTube” proposed a lightweight method for early detection of network capacity degradation. 

They provided some traffic patterns when facing different “bad quality” of the network, which helps 

analyze the performance of YouTube videos. 

 

Michael Ng and Ching Ho Weng, in ‘Video Streaming over WiFi using Riverbed Modeler’ [16], built 

four scenarios to analyze the Average Throughput and Delay of video streaming on YouTube.  

Amandeep Kaur, Haotian Ye, and Ashiv Rao Dhondea, in “Performance analysis of video streaming with 

WiFi” [12], tested four throughput and packet delay scenarios to see how WiFi performs video streaming. 

From the two projects of Michael and Amandeep above, we learned some ideas about where to start to 

build the scenario and how to set the parameters. Besides, this report will thank “Performance analysis of 

video streaming with WiFi”[12] provide a guide on how to write a report. 
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Jay Kim, Jack Zheng, and Paniz Bertsch, in "Video Streaming over Wi-Fi," [21] built the scenario 

consisting of video streaming, VoIP, and web browsing. Then, they applied to video conferencing 

applications to substitute the role of video streaming. Besides, they test the influence of distance on video 

streaming performance first. 

Sophia Calzada, Curtis Rietchel, and Tomasz Szajner, in their "Performance Analysis of a Wireless Home 

Network" [22], built the scenario consisting of video streaming, VoIP, gaming, and web browsing. Then 

they test the performance scenario with different data rates. 
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2. Design & Implementation 

In this project, the critical core is the mobile node, all results and discussion will focus on the mobile 

performance, and fixed nodes are the supports in this project.   

Note: Only mobile nodes will use the video browsing profile in Scenario2, Scenario3, Scenario4, so 

“video streaming performance” is equivalent to “video streaming performance of mobile” in this project 

2.1. Scenario 1: Mobile node VS Computer (fixed) node  

The network in Scenario1 contains two sub-scenarios: 

1. A router, a server, and a mobile node. (aka, Mobile_single) 

2. A router, a server, and a fixed workstation. (aka, Fixed_single) 

The router is a “WLAN Ethernet router” connected to the “ethernet server” by a “1000BaseX Ethernet 

link”. The Scenario1 is used to test some basic results with IEEE 802.11n (2.4G), and the data rate is set 

to 6.5Mbps/MAX 60Mbps. Next, we will simulate watching videos with 1080P and 30 FPS on YouTube. 

Another key idea is to compare video streaming performance with the mobile and fixed nodes.  

Note: This Riverbed project started from “Wireless LAN Tutorial” provided by Prof Trajkovic [30]. 

The topologies are shown below: 

 

Figure 2-1. Topology with a mobile node. 
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Figure 2-2. Topology with a fixed node. 

Note: The application and profile are in the topologies, just not in the screenshots 

The wireless LAN protocols of all nodes are set to “802.11n 2.4G - 6.5Mbps/60Mbps”. In addition, to 

ensure all the nodes are part of the same service set, the BSS Identifier for the router and node is set to 1. 
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Figure 2-3. WLAN Configuration. 

Here is the setting of the application: 

The page Interarrival Time is used to simulate frames per second. According to the previous reports [12], 

videos on YouTube are usually 24 FPS to 30 FPS. We choose 30 FPS, so the ideal page Interarrival Time 

would be 1/30 = 0.0333s. Considering the potential frame drop, the FPS is set to uniform (29,30), that is 

“uniform(0.0333,0.0345)” for page Interarrival Time. 

For simulating the video with 1080P and 30 FPS on YouTube: 

 

Figure 2-4. Setting of the Video Streaming application. 

Wireshark was used to sniff the packets while streaming a 1080p YouTube video with a Wi-Fi connection. 

As is shown in fig 2-5, the packets are transferred to the user’s computer from a local web cache rather than 

the original server of YouTube. (Since the host of “2001:569:2:8::e” is “cache.google.com” in Burnaby.) 

The packets are transferred on UDP protocol with a standard packet size of 1230 bytes. Hence, we define 

the object size as constant (1230) bytes.  

 

Figure 2-5. Wireshark trace of YouTube Video. 

 

Figure 2-6. Details of a YouTube packet.  
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According to YouTube Help [17], to watch a video with good quality, the recommended continuous speeds 

for different resolutions are 20Mbps for 4K, 5 Mbps for 1080p, and 2.5 Mbps for 720p. So, we choose 

5Mbps for this project.  

Therefore, with the video bitrates and packet size, we can calculate the parameter of Objects per page in 

the following way:  

5Mbps = 625 KBps. 

In 30 FPS, 625 KBps = 20833.33 = 20834 byte/frame, 20834/1230 = 16.93 = 17 packets/frame.  

 

Figure 2-7. Parameters of automatically Loaded Page Objects 

In the profile, the operation mode is set to be “Simultaneous,” and the total duration of video_http_profile 

will be the whole simulation process. 

 

Figure 2-8. Profile setting 

Finally, Add the video_http_profile to the mobile node and the fixed node.  Add the video_http_application 

to the server node. 

Aside:  

Here is the setting of Streamed Video Properties: 
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Figure 2-9. setting of Streamed Video Properties 

However, it seems this attribute will not influence the throughput and delay. We tested and compared the 

results of “All pages include a video” and “No video,” finding no difference. Hence, we banned this attribute 

and redefined the frame size in Automatically Loaded Page Object. 

Here are the test attributes and their results: 

     

Figure 2-10. Detailed settings of Streamed Video Properties 

 

Figure 2-11. Settings of automatically Loaded Page Objects 
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Figure 2-12. Delay and Throughput of noVideo and includeVideo 

As is shown above, the plots overlap. 

We define a 20-minute 720P 30 FPS video in streamed video properties in the attributes above.  However, 

the results of “All pages include a video” and “No video” look the same. 

Note: this is not a part of the scenario, so we show it here. 

 

2.2. Scenario 2: Video streaming of Mobile with other users  

In this scenario, we add more fixed nodes to find video streaming performance of mobile when there are 

more users in the same network. This scenario is the simulation of watching a YouTube video with some 

students in the library. We have three sub-scenarios in this scenario:  

1. One mobile node and two fixed nodes. One fixed node uses light browsing, and the other uses 

heavy browsing. (aka, mult11) 

2. One mobile node and four fixed nodes. Two for light browsing and the other two for heavy 

browsing. (aka, mult22) 

3. One mobile node and eight fixed nodes in total. Four for light browsing and the other four for 

heavy browsing. (aka, mult44) 

The wireless LAN parameter, application, and profile for the video streaming node (mobile) remain 

unchanged. Here are the topologies.  
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Figure 2-13. Case 1: One node of light browsing and one node of heavy browsing 

 

         

Figure 2-14. Case 2: Two nodes of light browsing and two nodes of heavy browsing;   Case 3: Four nodes of light 

browsing and four nodes of heavy browsing 

Since the application of light browsing and heavy browsing are not the focus of this report, we use the 

default settings in Riverbed. The object size is 500 bytes with just one object on a page or a “small 

Image” containing five objects per page in light browsing. This scenario simulates someone reading some 

news or articles with some small images. There will not be too much traffic with the page Interarrival 

Time set to exponential 720s.  
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Figure 2-15. parameters of light browsing 

In heavy browsing, the object size is larger as it contains five “Medium Images” and two “Short Videos.” 

In addition, the page Interarrival Time is set to exponential 50s to produce more traffic.  
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Figure 2-16. parameters of heavy browsing 

The profile settings are like video browsing. Next, add the new applications to "application: supported 

service" on the server and assign the light profile and heavy profile to the respective nodes. The 

configuration of video browsing is the same as in scenario 1. 

 

2.3. Scenario 3: Effect of data rate and Wi-Fi protocol  

In this scenario, we tested different data rates and Wi-Fi protocols to find the influence on the performance 

of the Video Streaming node. We will use the second topology in Scenario2 (mult22): 
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Figure 2-17. Topology for scenario 3. 

In this scenario, we choose “mult22” (two light browsing nodes and two heavy browsing nodes) over 

“mult44” because of the limitation of the total event number in Riverbed Modeler Academic. Once the 

event number reaches 50,000,000, the simulation will be terminated automatically, which leaves around 7 

minutes for the simulation with “mult44”. To get enough data, we trade time with the number of nodes.  

Since 801.11g and 802.11n are the most commonly used protocol, we test 6 different data rates from each 

protocol. Here are the data rates we choose: 

802.11g (Mbps) 802.11n (Mbps) 

12 13 

18 19.5 

24 26 

36 39 

48 52 

54 58.5 

Table 1: Data rates 

The video streaming (video browsing), heavy browsing, and light browsing application settings remain 

the same as in Scenario2.  

2.4. Scenario 4: Effect of distance and movement on data rate and Wi-Fi protocol  

This scenario aims at simulating someone walking while watching a video. We mainly focus on these three 

aspects: 

1. The influence of the distance between the mobile node and the router.  

2. The different ranges of different protocols and data rates.  
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3. The reactions of nodes after backing into the effective distance for different protocols and data 

rates. 

The article “How far will your Wifi signal reach?” shows that “Wi-Fi routers operating on the traditional 

2.4 GHz band reach up to 150 feet (46 m) indoors and 300 feet (92 m) outdoors.”[18] However, changing 

the range of a router is not permitted in Riverbed Modeler Academic. To achieve our goal, the node must 

be 1000 meters away from the router, which is close to the range of 1200 meters.  
Note: Since we do not know and cannot set the router's effective range, we tested 200, 400, 600, 800, 1000, 

and 1200 meters with 802.11n/6.5Mbps, and only 1200-meter result showed that the mobile was out of the 

effective range.  

 

We add a trajectory to the mobile. Scenario4 employs the same WLAN parameter, application, and profile 

settings as Scenario3. There are two heavy browsing nodes and two light browsing nodes near the router as 

in Scenario3.  

 

Figure 2-18. Topology for scenario 4. 

Here are the trajectory data: 

 

Figure 2-19. Setting of trajectory. 

At the beginning of the scenario, the mobile node is placed to the left of the router at a distance of 1000 

meters from the router. It first moves 300 meters to the left and stays in place for two minutes, and this step 

aims to find the maximum effective distance of the current wireless LAN protocol.  
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Next, the mobile walks to the right until the end of the simulation. The speed is set to 1.5m/s all the time. 

In this step, the mobile will connect to the router again at one moment. Then the mobile will keep walking 

to close the router. After that, we can find what happens when the mobile reconnects the router and the 

effect of the distance between the node and router. 
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3. Result and Discussion 

Scenario 1: Mobile node VS Computer (fixed) node 
This scenario is designed to find the baseline performance of video streaming on a mobile node and 

compare the performance of a mobile node and a fixed node. 

Here is the comparison of one mobile node and one fixed node: 

 
Figure 3-1 Throughput of mobile and fixed nodes             Figure 3-2 Delay of mobile and fixed nodes 

 
Figure 3-3 Retransmission of mobile and fixed nodes      Figure 3-4 Retransmission(avg) of mobile and fixed nodes          
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        Figure 3-5 Traffic received from mobile and fixed nodes (packets/sec) 

 

Scenario1 is designed to be an ideal environment where only one node in the network and only one video 

streaming application is used. The setting of the video streaming application is uniform [0.0333,0.0345] 

second for the page interarrival time and 17 packets with 1230 bytes per frame. Therefore, the overall 

throughput trend is stable at about 5.4Mbps, with only slight fluctuations (Figure 3-7 shows the detailed 

throughput performance, and its range is around 10000 bits, which is small for 5.4Mbps). Its delay is 

around 0.0028 seconds, and the retransmission attempts are about 100-160 packets, as shown in Figure 

3.3.   

In this case, 5.4Mbps means the maximum throughput (100% efficiency) of the mobile with this page 

property under this WLAN protocol (802.11n/6.5Mbps). Therefore, it will be regarded as the baseline for 

the followed scenarios. Similarly, the mobile baseline also contains delay (0.0028 sec) and retransmission 

attempts (100-160). 

 

Compared to the mobile node, the fixed node has almost the same performance of throughput and traffic 

received as mobile. The fixed node has better performance in delay, and it has 0.0027 seconds. Both of 

their delays are good enough for watching a video. The retransmission attempts of fixed node are around 

100-170 in Figure 3.3 

In figure 3.4, we can see that the average retransmission attempts of the fixed node are higher than mobile 

overall. In chapter 1 of the lecture, the transmission may generate transmission delay [26]. The 

retransmission attempts may let the server re-send the packet, leading to a delay (spend more time). In 

this scenario, retransmission is not the main factor for delay (because mobile has a higher delay and fewer 

retransmission attempts) 

Besides, according to Figures 3-6 and 3-7 below, the shape of throughput and traffic received (packets) in 

mobile are the same (regardless of value), also because of constant object size and numbers. Therefore, in 

this case, the analysis of throughput and packet are the same. Hence, the traffic received (packets) will not 

join the discussions of followed scenarios. 
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              Figure 3-6 Traffic received from mobile                                Figure 3-7 Throughput of mobile 

 

Hence, the mobile’s baseline data in this project are:  

5.4Mbps throughput, 100-160 retransmission attempts, and 0.0028 seconds' delay. 

Mobile’s throughput performance is the same as the fixed node’s. 

Mobile’s average retransmission attempts are fewer than the fixed node’s. 

Mobile’s delay performance is worse than the fixed node’s. 

The following scenario will add more fixed nodes with light and/or heavy browsing to see what happens 

to the mobile node's performance. 

 

Scenario 2: Video streaming of Mobile with other users  
This scenario compares the mobile performance of mult11(one video streaming mobile node with one 

heavy browsing node and one light browsing node), mult22, mult44, and single mobile. (four sub-

scenarios totally) 

The result of single mobile comes from mobile performance in scenario 1.  

This scenario tries to find the effect when there are more nodes around the mobile 

Here are the results of throughput (figures 3-8, and 3-9) and one group of samples of heavy and light 

browsing (figures 3-12, and 3-13): 
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Figure 3-8 Throughput of scenario 2                                Figure 3-9 Throughput average of scenario 2 

According to the figures 3-8 and 3-9, when there is only one node in the network (Mobile_single), the 

throughput value stays stable at around 5.4 Mbps. When more nodes are added (from mult11 to mult44), 

the value of throughput starts to fluctuate. The graph of average throughput shows that the more nodes are 

joined, the smaller the throughput is.  

According to the figures below: 

 
                  Figure 3-10 Throughput sum of mult22                     Figure 3-11 Throughput of each node in mult22 
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Figure 3-12 Throughput of heavy browsing              Figure 3-13 Throughput of light browsing 

 
According to the Figures 3-10 and 3-11, we find that the reason for the decline in Mobile throughput is 

that the throughput is partially split by heavy browsing and light browsing users and while they still sum 

to 5.4Mbps, as shown in Figure 3-10. 

Note: The figures may not display clearly, but it is indeed 5.4Mbps.  

Due to processing the packets for other users, the efficiency of processing mobile is influenced. For 

example, here are the figures of single mult11 below: 

 

 
     Figure3-14 Mobile throughput of mult11         Figure3-15 Mobile retransmission of mult11         Figure3-16 Mobile delay of mult11 

 
It shows that when the decline of throughput occurs, the value of retransmission attempts, and delays 

increases around the same time. 

Here are the results of delay and retransmission attempts in this scenario: 
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Figure3-17 Delay of scenario 2                              Figure3-18 Delay Average of scenario 2 

 

 
Figure 3-19 Retransmission of scenario 2          Figure 3-20 Retransmission average of scenario 2  

 
In the lecture of chapter 3 [28], Prof Trajkovic described one case of congestion: When the buffer is large 

enough, the higher the sending rate, the higher the delay (exponential growth), the lower the throughput, 

and the lower the efficiency [28]. 

Although the project did not set an infinite buffer, the case of congestion may help to analyze the 

performance of throughput, delay, retransmission, and their relationship in this scenario. 

As shown in Figures 3-14, 3-15,3-17, and 3-18, when the router must process packets for other users, it 

will quickly lead to fewer packets arrive the Mobile node in time. The mobile may resend more packets, 

which further reduces efficiency [28].   

As shown in Figures 3-19 and 3-20, the delay increases because the router needs to process other packets 

in the delay part. Then, other packets generated by retransmission may increase the delay further. 
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More retransmission attempts may lead to higher delay, and higher delay may make mobile increase the 

number of retransmission attempts. They may influence each other and reduce the efficiency overall [28]. 

After that, when there are more other packets (more users) that need to process, the delay and 

retransmission attempt also increase.  

Hence, the average retransmission attempts, and delays of mobile are increasing with the increase of 

users. 

Besides, the decline in mobile throughput also represents that traffic is beyond the capacity of the current 

WLAN protocol (6.5Mbps). Therefore, it cannot keep a stable continuous data transmission in such a 

case. There are two methods to deal with this problem. The first way is to reduce the total packets, 

namely, fewer users. The second way is to enhance the performance of the WLAN protocol so that it can 

deal with more packets in unit time. Therefore, we will test different WLAN protocols with various data 

rates in the following scenario and compare their performance. 

According to the figures (such as figures 3-8) above, the simulation time decreases as the number of users 

rises. The Riverbed Modeler Academic version will terminate the simulation once the events number is 

over 50,000,000, so the earlier the termination time, the more events are processed per unit time. (the 

more events with more users added) 

 

Hence, the mobile’s overall performance becomes worse with the increasing of nodes (especially the 

"heavy browsing" client). The next scenario will keep mobile with 2 light browsing nodes and 2 heavy 

browsing nodes and pursue to change the data rate and wireless LAN protocol. 

Note: the “overall performance” in this project includes throughput, average retransmission attempts, and 

delay.  

 

Scenario 3: Effect of data rate and Wi-Fi protocol 
We select 802.11g and 802.11n with different data rates in this scenario and compare their performance. 

The base topology of Scenario3 is that the mult22 comes from Scenario2. This scenario assigns different 

data rates with different wireless LAN protocols to mult22. As a result, this scenario consists of six sub-

scenarios for 802.11g, six sub-scenarios for 802.11n, and mult22 (13 sub-scenarios in total).  

Note: Only sub-scenarios within the same protocol will compare data rates. Different protocols will 

compare overall performance 

Here are the results of throughput of each protocol:  
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                  Figure 3-21 Throughput of 802.11g                                 Figure 3-22 Throughput of 802.11n 

 

In terms of termination time (such as figures 3-21 and 3-22), 802.11g usually stops running within 8 

minutes, while 802.11n can run for about 12 minutes (except 6.5Mbps), which means 802.11g processes 

more events than 802.11n per unit time.  

The paper [19]and documentation [20] said that 802.11n could have higher throughput using the MIMO 

and frame aggregation technique. 

 

scenario 3.1 throughput part 
As is shown in Figures 3-21 and 3-22, the general trend of throughput of 802.11g is “The higher the data 

rate, the higher the throughput.” However, in 802.11n, almost all data rates maintain around 5.4Mbps 

throughput (except 6.5Mbps), which matches what we discussed in scenario 1, namely that the 5.4Mbps 

may be the maximum throughput (100% efficiency) the mobile can reach.  

 

More detailed throughput figures 3-23 and 3-24 also represent that 802.11n/19Mbps is good enough to 

deal with a mobile node, two light browsing nodes, and two heavy browsing nodes. Only 48Mbps and 

54Mbps for 802.11g to meet the exact requirement.  
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               Figure 3-23 Detailed throughput of 802.11g                Figure 3-24 Detailed throughput of 802.11n 

 

 

Here are the results of delay and retransmission attempts for each protocol: 

 

                      
                 Figure 3-25 Delay of 802.11g                                               Figure3-26 Delay of 802.11n 
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               Figure 3-27 Retransmission of 802.11g                          Figure 3-28 Retransmission of 802.11n 

  

According to the figures 3-25,3-26,3-27, and 3-28, it is generally observed that throughput increase with 

data rates, while delays and retransmission attempts decrease as data rates increases. Here is a more 

detailed discussion: 

 

scenario 3.2 Retransmission & delay part 
In terms of retransmission, as the figures 3-27, and 3-28 are shown above, 802.11n generally has fewer 

retransmission attempts than 802.11g. However, the attempts vary from 800 to 1000 packets in 802.11g, 

while only 100 to 400 packets in 802.11n. According to the documentation of “frame aggregation” [20], 

one possible reason is that 802.11n can put a few frames into one big frame to enhance the performance 

of retransmission attempts. Another possible reason is that higher throughput in 802.11n reduces the 

retransmission attempts. 

According to the figure (3-27, and 3-28) for 802.11g retransmission, the general trend is “the higher data 

rate, the fewer retransmission attempts.” Due to the higher data rate can reach higher throughput (process 

more packets), which reduces the retransmission attempts from clients. 36Mbps, 48Mbps 54Mbps have 

fewer retransmission attempts than 12Mbps, 18Mbps 24Mbps 

However, in 802.11n, there is no significant difference between the data rates other than 6.5Mbps. 

Therefore, all of the retransmission attempts are between 100 to 200. Compared with the baseline we 

discussed in Scenario1 (5.4Mbps, 100-160 retransmission attempts), we thought that since they have 

reached the maximum throughput (5.4Mbps, we discussed above), the 100-200 retransmission attempts 

are also the close to the minimum retransmission attempts they can reach. Another reason is that the 

retransmission attempts have already small when the data rate is 13Mbps, and then the effect of 

increasing to the higher data rate (19.5,26,39,52,58.5Mbps) is not apparent. 

The reason is that they have met the requirement to transmit at the maximum rate, so there is no 

significant transmission blockage. Also, due to the inherently low retransmission count of 802.11n, a 

more extensive data rate does not have a noticeable effect on reducing the retransmission number.  

 

In terms of delay, as the figures 3-25, and 3-26 are shown above, the general trends of both wireless LAN 

protocols are “the higher data rate, the lower delay.” The higher data rate makes clients receive the 
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packets faster, which reduces the delay. Based on the technique advantage of 802.11n [9][19][20], 

802.11n has a faster delay than 802.11g generally. Besides, as we discussed in scenario 2, the fewer 

retransmission attempts of 802.11n may influence their delay and make it faster. 

 

In this scenario, 802.11n performs much better than 802.11g on mobile devices.  

In the same wireless LAN protocol, the overall performance of mobile becomes better as the increase of 

data rate. 

So far, all the simulations have been done on the premise that the mobile is not moving. So next, we try to 

join the trajectory and place the mobile far away from the router. 

 

Scenario 4: Effect of distance and movement on data rate and Wi-Fi protocol 
The sub-scenarios of this scenario are modified by their corresponding sub-scenarios in Scenario3 (same 

date rate and protocol). All mobile nodes in Scenario3 will be added a trajectory and re-placed. 

This scenario investigates three aspects of a mobile node watching a video while moving: the impact of 

distance between the user and the router; the range of different protocols and data rate; the action of 

different protocols and data rate when the user re-enters the range of the router.  

Due to the completed results being more complex than in previous scenarios, we selected four separate 

data groups and discussed their performance first. Then, we discuss the overall performance of mobile 

with different data rates (802.11g and 802.11n) like what we discussed in scenario 3. 

We select 802.11g/12Mbps, 802.11g/24Mbps, 802.11n/13Mbps, and 802.11n/39Mbps.  

Here are their plots of “delay,” “delay vs. throughput,” and “delay vs. retransmission”: 

802.11g/12Mbps 

 
                 Figure 3-29 Delay                     Figure 3-30 Delay vs Throughput      Figure 3-31 Delay vs Retransmission 

 

802.11g/24Mbps 

 
               Figure 3-32 Delay                  Figure 3-33 Delay vs Throughput        Figure 3-34 Delay&Retransmission 

 

802.11n/13Mbps 
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               Figure 3-35 Delay                Figure 3-36 Delay vs Throughput         Figure 3-37 Delay&Retransmission 

 

802.11n/39Mbps 

 
             Figure 3-38 Delay                      Figure 3-39 Delay vs Throughput       Figure 3-40 Delay&Retransmission 

 

According to the four groups of figures (Figures from 3-29 to 3-40) shown above: 

As figures 3-31, 3-34, 3-37, and 3-40 shown above, when the mobile is out of the router's effective range, 

the mobile will keep sending retransmission attempts, zero throughputs, and no delay. During this period, 

the maximum retransmission attempts (per unit time) in 802.11g are around 18000 packets, and 802.11n's 

are around 7000 packets. In this case, 18000 may be the upper limit of retransmission attempts that 

mobile can reach with the given page properties under 802.11g. Similarly, in this scenario, 7000 may be 

the upper limit of retransmission attempts in 802.11n. 

Then, when the mobile goes back to the effective range of the router, the throughput increases to 5.4Mbps 

in a short time, and the delay and retransmission seriously increase and then decrease to the typical level 

in short. This phenomenon is serious in 802.11n.  

There is a paper "Bufferbloat: Dark Buffers on the Internet" that describes a problem called "bufferbloat": 

This problem occurs when too many packets/requests are in a huge buffer, the packets become much 

harder to arrive in time and have to stay in the buffer [25]. Then the hosts will keep sending requests that 

may make the situation worse. Furthermore, the final result is a huge delay and a huge buffer. The papers 

"Resolving Bufferbloat in TCP Communication over IEEE 802.11n WLAN by Reducing MAC 

Retransmission Limit at Low Data Rate" [23], "An empirical evaluation of bufferbloat in IEEE 802.11n 

wireless networks" [24] mentioned the bufferbloat problem in 802.11n, and it may lead serious problem 

in real-time transfer such as VoIP.  

Furthermore, during a short time, the mobile sends massive retransmission attempts. As a result, its 

corresponding delay also becomes very high, which matches the case of congestion we discussed in 

scenario2: “the higher the sending rate, the higher the delay.” [28] 

 



 

 

Page | 33 

 

In this case, the phenomenon of 802.11n we described above may mean the bufferbloat(congestion) 

occurs when the phone returns to the router's effective range. The huge cumulative requests of mobile 

need to be processed, which may lead to high retransmission and high delay in a short. Furthermore, when 

cumulative requests are completed, the retransmission and delay go back to the typical level like the plots 

in scenario 3. In 802.11g, their retransmission attempts keep high (18000). However, as the figures of 

delay of 802.11g (figures 3-29, 3-32, 3-35, and 3-38) shown above, the delay is still increased 

temporarily, representing that the bufferbloat(congestion) may occur, but not severe. 

Hence, the mobile may occur bufferbloat(congestion) when it arrives in the router's range due to the 

cumulative retransmission attempts and resulting in a high delay in a short time. Furthermore, 802.11n 

may be affected more seriously than 802.11g from bufferbloat(congestion). 

 

Here are the total complete figures of 802.11g and 802.11n with different data rates: 

 
  Figure3-41 Throughput of 802.11g (scenario 4)         Figure3-42 Throughput of 802.11n (scenario 4) 
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          Figure3-43 Delay of 802.11g (scenario 4)                            Figure3-44 Delay of 802.11n (scenario 4) 

 
Figure3-45 Retransmission of 802.11g (scenario 4)            Figure3-46 Retransmission of 802.11n (scenario 4) 

 

Based on any six figures shown above, the higher the data rate in the same wireless LAN protocol, the 

smaller the effective range. According to Figures 3-41 and 3-42, the later it returns to 5.4Mbp, the closer 

it is to the router, and the smaller the effective range is. Besides, the 802.11g/12Mbps and 

802.11n/13Mbps's effective ranges are over 1000 meters because they have throughput at the beginning. 

 

Notes: When the mobile is out of the router's range, there is no event for the mobile so the simulation 

time can be over 8 or 12 minutes. 
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When the mobile is back to the router's effective range in each wireless LAN protocol, the retransmission 

attempts, and delay will temporarily increase and then decrease to the typical level. As we described 

before, this phenomenon may mean that the bufferbloat(congestion) occurs. 

As the figures 3-41 and 3-42 are shown above, when the mobiles with different data rates keep moving in 

the router's effective range, the throughput performance is almost the same as their performance in 

scenario 3.  

Here are figures about detailed performance, delay and retransmission attempts when mobile is in the 

effective range: 

 

 
Figure3-47 Detailed throughput of 802.11g (scenario 4)    Figure3-48  Detailed throughput of 802.11n (scenario 4) 
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   Figure3-49 Detailed delay of 802.11g (scenario 4)              Figure3-50  Detailed delay of 802.11n (scenario 4) 

 

 
Figure3-51 Detailed retransmission of 802.11g (scenario 4)      Figure3-52  Detailed retransmission of 802.11n (scenario 4) 

 

As figures from 3-47 to 3-52, mobile's overall performance (throughput, delay, and retransmission 

attempts) in the range matches their corresponding overall performance in scenario3.  

Since “the mobile keeps moving” is equivalent to “the mobile is approaching the router,” the distance 

decreases. Hence, we can see that the change in distance does not affect throughput performance, and 

they have the same performance as their performance in scenario 3, which is not matched what the paper 

[29] said. 

There are two possible reasons why distance does not influence the throughput:  

First, the throughput reaches the maximum once the mobile goes back to the range. 

Second, the distance will not influence the throughput in these Riverbed configurations.  

 

In terms of retransmission attempts and delay, figures 3-43, 3-44, 3-45, and 3-46, all mobiles with 

802.11g keep around 18000 retransmission attempts out of the range, and mobiles with 802.11n keep 

around 7000 attempts. According to the figures 3-43, 3-44, 3-45, and 3-46, when they go back to the 

range, the bufferbloat(congestion) may occur. In 802.11g, the bufferbloat(congestion) problem only 

results in a temporarily high delay.  

Besides, the general trend is that the higher the data rate, the lower the maximum value of “high delay,” 

which may be due to the higher data rate can process the requests more efficiently. 

In 802.11n, the bufferbloat(congestion) problem represents the temporarily serious retransmission 

attempts and high delay, and their performance is worse than 802.11g when bufferbloat(congestion) 

occurs. Besides, the general trend is similar to the 802.11g except for 19Mbps and 39Mbps. Therefore, 

802.11n/Mbps has the worst performance during this short time. 

Hence, in this scenario, when the mobile is out of the range, they do not have throughput and delay and 

keep sending retransmission attempts. When the mobile arrives at the range, the bufferbloat(congestion) 

may occur. During the short time, the throughput increases to 5.4Mbps, and the retransmission and the 

delay increase seriously. After that, the throughput kept around 5.4Mbps, and the retransmission and the 

delay decreased. When the phone is near the router, the mobiles with different data rates have the same 

performance as in Scenario3, and the distance does not affect the performance. 
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4.Conclusion & Improvement 

This project simulates a mobile watching a 1080P/30FPS YouTube video in different scenarios through 

Riverbed Modeler. 

The first scenario shows the overall performance of mobile: about 5.4Mbps, around 100-160 

retransmission attempts, and about 0.0028-second delay. On the other hand, the delay performance of 

fixed nodes (Computer) is better than mobile, and the rest performance is the same as mobile. Therefore, 

both mobile delay and fixed nodes' delay will not affect the QoS in video streaming. 

 

In the second scenario, the mobile performance will be influenced due to the other users' requests that 

need to be handled. As a result, the mobile will send more retransmission, leading to congestion, delay, 

and lower throughput. Then the mobile may be extra influenced due to the sent retransmission by itself. 

The more the other nodes, the worse the overall mobile performance 

 

In the third scenario, the mobile has a better overall performance with a higher data rate. Furthermore, 

mobile with 802.11n has better performance than mobile with802.11g. Besides, when a node's profile 

archives 100% efficiency, the higher data rate will keep throughput and improve delay (obvious) and 

retransmission attempts (slight). 

 

In the fourth scenario, the router's effective range becomes smaller as its data rate becomes higher. When 

the mobile is out of the router's effective range, it will keep sending the retransmission attempts and has 

no throughput or delay. On the other hand, when the mobile arrives at the effective range, the massive 

retransmission may lead to bufferbloat(congestion) phenomenon and will be done quickly. Besides, the 

distance and movement do not affect the mobile performance in this scenario due to the configuration. 

 

Here are possible suggestions for improving this project and future work: 

Due to the academic version of the Riverbed Modeler, this project suffers from two significant 

limitations: First, the academic riverbed modeler has a cap of 50000000 events. Second, it cannot 

customize the router's valid range. If the project can be on the full version of the Riverbed Modeler, the 

project should be better. 

 

This project only selects 1080p 30fps for simulation in terms of YouTube, but there is more resolution 

[720p 2k, 4k] and frame options (24fps, 60fps). Furthermore, the comparison between different 

resolutions and frame number combinations is one for future work. 

Besides, the project set the attributes "uniform(0.0333,0.0345)" page interarrival time and 

"constant(1230) with constant(17) number" objects based on the data from YouTube Help[17]. 

Chapter 2 lecture describes how streaming stored video works [27]. In the future, the project can define 

other kinds of video browsing, such as "step-by-step data transfer" (Right now, it defines "continuous 

speed" video browsing). YouTube also uses DASH technology to do video streaming[7]. “A Framework 

for Generating HTTP Adaptive Streaming Traffic in ns-3” also mentioned that YouTube and Netflix 

applied HAS technology to transfer chunks.  

 



 

 

Page | 38 

 

In terms of scenarios, there is a large potential to build more complex and detailed topologies for new 

scenarios. For example, scenario4 found that distance and movement do not affect mobile performance. 

Therefore, the project can focus on scenario4 and build new topologies for improving it in the future. In 

other words, it is possible to apply the “cache” to the scenario as a new parameter. 

 

Generally speaking, this project selects a group of YouTube parameters (1080P-30FPS) and builds a 

series of scenarios to test and analyze its performance. 
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Licheng Linqi Yiran 

Reference and literature review 30 35 35 

Project website 80 10 10 

Simulation scenarios 33.3 33.3 33.3 

implementation 40 30 30 

analysis, and discussion of simulation results 40 30 30 

 Project presentation 30 30 40 

Written final report 33.3 33.3 33.3 

Note: the project website is very easy to build and maintain through WiX, so only one person is good 

enough to deal with it.  
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