
 

 

DB1 

As noted in this unit's reading, there are three main categories of streaming video systems. Name 

the three categories, give a brief comparison of the categories, then state (and support) your own 

argument for one of the three types being superior to the other two.  
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When considering the three main categories of streaming video systems, Kurose and 

Ross (2013) state the types as UDP streaming, HTTP streaming, and adaptive HTTP 

streaming (p. 593). What is interesting about each of these different streaming types is that they 

have different characteristics that define functionality; these attributes lead to specific, more 
practical implementations of the streaming categories. Additionally, it is important to note, 
because these technologies are tied to the TCP/IP protocol stack, they also inherit the 
complexities and properties of the associated protocol. 
 
In UDP streaming, the transmission rates may not be susceptible to levels of congestion. UDP 
streaming basically matches the consumption rate of the client, and then transmits the video bits 
based upon the returned information. Also, UDP streaming uses a short playout delay of 2-5 
seconds when removing network jitter from the transmission (Kurose & Ross, slide 16). What is 
network jitter? Network jitter is the time change in a packet’s inter-arrival time (How does the 
Internet work, n.d., para. 1). UDP has been implemented successfully in many streaming-based 
systems, however it does have a few drawbacks. For example, UDP can have issues with 
continuous playout (due to fluctuating bandwidth), suffer from increased costs with scalability, 
and the protocol itself can be blocked at the firewall level (Kurose & Ross, 2013, pgs. 595-596). 
 
In HTTP streaming, a video file is created and stored on a server. On the client-side, the user 
accesses this file using an Internet browser via a specific URL (the exact address to the file) 
(Kurose & Ross, 2013, p. 596). The process works by the client-side issuing an HTTP GET and 
then the bits traverse the Internet using maximum transmissions rates over TCP. The issues 
that UDP suffers from–continuous playout, scalability, and blocked at the firewall–the HTTP 
streaming does not have problems with. For instance, HTTP/TCP, unless specifically blocked, 
has higher implementation and usability rates. Similarly, because HTTP has a larger playout 
delay, the video transmission is smoother, even over TCP. 
 
The third category of multimedia streaming is dynamic adaptive streaming over HTTP or DASH. 
The DASH streaming type is very much like it sounds, it adapts to available bandwidth. This is 
accomplished by the video file being broken up into smaller chunks, stored, and encoded at 
different bit rates (Kurose & Ross, slide 18). The client and server work together to control the bit 
stream. This allows for the video to continue to arrive at its destination in a steady 
stream…though the quality of the video itself may change as the bandwidth changes (Kurose & 
Ross, 2013, p. 601). The “adaptive” characteristic is especially useful for mobile users or for 
those with minimally available bandwidth. 
 
So, my particular favorite multimedia streaming technology would be DASH. And, the reasoning 
is because it gives users available streaming options that they might not have otherwise. I use 
YouTube quite a bit for training and watching videos (on my laptop and phone); I particularly like 
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the option of being able to select 720p, 1080p, and recently, 1440p. I can see this feature being 
great when 4K becomes mainstream. Ultimately, offering users multiple streaming options 
allows for a wider user base. 
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When discussing different types of video streaming, the question of throughput must be 

considered. Which type of streaming is likely to put less strain on a network’s throughput? Why? 

Is one type of streaming generally more preferable overall than another?  

 

It really wasn’t all that long ago when posting static text-based web pages was the highlight of the 

Internet. Now, streaming audio and video content has pretty much taken over the Internet–where 

sites like Amazon, Apple, YouTube, Hulu, Netflix, Ustream, and many other sites are streaming 

video content. A couple of common video viewing options would include delivering a file via a 

download (known as a progressive download) and delivering a video over HTTP (referred to as 

streaming) (Kent, 2009, para. 1). Both types of delivery allows the user to view the content, albeit 

through different processes. In a video download, there is no form of bandwidth detection or 

intelligence, thus the maximum amount of bandwidth is used to deliver the video. This download 

implementation can be great for smaller videos (like clips), but loses its appeal quickly with larger 

sized videos (such as movies). The streaming type of download is more intelligent and factors in 

the encoded size of video, and even the available bandwidth between the server and the client.. The 

streaming video can adjust the bit stream automatically or manually, thus allowing for the most 

efficient use of bandwidth. So, back to the question, is one type more preferable over the other? 

http://www.garymcgath.com/streamingprotocols.html


 

 

The answer is yes; you want to choose a more dynamic process for the delivery of videos, which in 

this case is streaming. The only real problem with streaming, and one that I have sometimes, is that 

the viewing experience can be dramatically affected by lower bandwidth. I have Hulu and Netflix, 

and sometimes the video content looks like it was drawn in crayon (which makes me want to not 

use the services). But, if we’re talking about what is best for bandwidth, then streaming is my 

choice. 

References 

Kent. (2009/1/12). Streaming vs. progressive download: Understanding the difference. Retrieved 

from 

http://blog.mydeo.com/2009/01/12/streaming-vs-progressive-download-understanding-the-differ

ence/ 

 

Kurose, J.F. & Ross, K.W. (2013). Computer Networking: A Top-Down Approach. 6
th

 Edition. 

Published by Addison-Wesley. 

 
9/7/2014 11:34:01 AM 
The problem with UDP is definitely the reliability...of course, it does seem faster due to its 
inherent characteristics, mainly being a connectionless protocol. I think the wave of the future will be the 
adaptive-based technologies. Adaptive (as in DASH) allows many different devices, such as mobile, to view 
video content. I also like having video viewing options, like those on YouTube, Hulu, and Netflix. The 4K 
option, that’s 4 times 1080p, will really push people’s hardware to the max, and it will be nice to have that 
option, and all the other options. I’ve actually even noticed 3D popping up in places as well. 
 
9/7/2014 11:50:34 AM 
You provided excellent examples of the media technologies, along with detail supported information. The 
streaming stored technology of YouTube that you mentioned, did you also know that YouTube does live 
streaming as well? I have watched several live videos on YouTube; a couple from Microsoft, and even a So 
You Think You Can Dance show. What kind of classification do you think the YouTube live streaming uses? 
I’m guessing it uses the HTTP adaptive. 
 
9/7/2014 12:30:05 PM 
I agree with you; DASH with HTTP seems to be the best solution. This has to do with a certain level of 
intelligence in bandwidth management. The progressive download just downloads the video content at the 
maximum bandwidth without actually determining the encoding of the video or fluctuating bandwidth. 
Without a level of intelligence, either automated or manual, the bit stream is more prone to congestion...and 
when congestion happens, blips or a complete break in the bit stream can happen. What this translates to 
on the client end is a disruption in the viewing experience. 
 
9/7/2014 12:54:30 PM 
You're right about the streaming server...and the particular protocols that must be used. For example, in 
Apple streaming, Apple uses HTTP Live Stream. What's really good about these "live" streaming delivery 
systems is that they work with the Apple apps, iOS, and any HTML5-based website (Apple, n.d.). I think the 
best solution will continue to be adaptive technologies over HTTP. Check out the Apple site listed in the 
references to read more about it; the site has a ton of information about how Apple is implementing live 
streaming content. 
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Other Aspects of Computer Networks 

In this unit, multimedia networking will be studied. Multimedia networking is one of the 
most exciting developments in the Internet today. People throughout the world are 
spending less time in front of their radios and televisions, and are instead turning to the 
Internet to receive audio and video transmissions, both live and prerecorded. This trend 
will certainly continue as high-speed wireless internet access becomes more and more 
prevalent. Moreover, with sites like YouTube, users have become producers as well as 
consumers of multimedia Internet content. In addition to video distribution, the internet is 
also being used to transport phone calls. In fact, over the next 10 years, the internet, 
along with wireless Internet access, may make the traditional circuit-switched telephone 
system a thing of the past. VoIP not only provides phone service inexpensively, but also 
provides numerous value-added services, such as video conferencing, online directory 
services, voice messaging, and integration into social networks such as Facebook® and 
Google+™. 

 

Outcomes 

After completing this unit, you should be able to: 

 Explain video and audio compression and their significance to overall 
multimedia performance. 

 Evaluate standard video streaming techniques and their application to a 
business’ teleconferencing ability. 

 Recommend a comprehensive internet telephony solution. 

 Plan and describe methods to transmit multimedia data including 
compression techniques and streaming protocols. 

 Assess LAN multimedia protocols and examine their significance in 
business environments. 

Course outcome(s) practiced in this unit: 

IT530-5: Analyze issues surrounding the connectivity and administration of networks. 



 

 

 

What do you have to do in this unit? 

 Complete assigned Reading. 

 Complete the Mini-Lab and Reflection Activity in the Reading area. 

 Participate in Seminar or complete the alternative assignment. 

 Participate in Discussion. 

 Complete unit Assignment. 

 Participate in Seminar or complete the alternative assignment. 

 

Textbook Reading for this Unit: 

Read Chapter 7, “Multimedia Networking.” 

Textbook Reading Summary: 

Multimedia networking is one of the most exciting developments in the internet today. 
People throughout the world are spending less time in front of their radios and televisions, 
and are instead turning to the Internet to receive audio and video transmissions, both live 
and prerecorded. 

This trend will certainly continue as high-speed wireless internet access becomes more 
and more prevalent. Moreover, with sites like YouTube, users have become producers as 
well as consumers of multimedia internet content. In addition to video distribution, the 
internet is also being used to transport phone calls. 

Over the next 10 years, the internet, along with wireless Internet access, may make the 
traditional circuit- switched telephone system a thing of the past. VoIP not only provides 
phone service inexpensively, but also provides numerous value-added services, such as 
video conferencing, online directory services, voice messaging, and integration into 
social networks such as Facebook and Google+. 

 

 The most salient characteristic of video is its high bit rate. Video distributed 
over the internet typically ranges from 100 kbps for low-quality video conferencing 
to over 3 Mbps for streaming high-definition movies. 

 There are two types of redundancy in video, both of which can be exploited 
by video compression. 



 

 

 Digital audio (including digitized speech and music) has significantly lower 
band-width requirements than video. Digital audio, however, has its own unique 
properties that must be considered when designing multimedia network 
applications. 

 MP3 encoders can compress to many different rates; 128 kbps is the most 
common encoding rate and produces very little sound degradation. 

 Real- time conversational voice over the Internet is often referred to as 
Internet telephony, since, from the user’s perspective, it is similar to the traditional 
circuit-switched telephone service. It is also commonly called Voice-over-IP 
(VoIP). 

 

 Streaming video: In a streaming stored video application, the client 
typically begins video playout within a few seconds after it begins receiving the 
video from the server. This means that the client will be playing out from one 
location in the video while at the same time receiving later parts of the video from 
the server. 

 Interactive video: With interactive video, because the media is 
prerecorded, the user may pause, reposition forward, reposition backward, 
fast-forward, and so on through the video content. 

 Continuous playout: With continuous playout, once playout of the video 
begins, it must proceed according to the original timing of the recording. 
Therefore, data must be received from the server in time for its playout at the 
client; otherwise, users experience video frame freezing (when the client waits for 
the delayed frames) or frame skipping (when the client skips over delayed 
frames). 

 HTTP streaming: In HTTP streaming, the video is simply stored in an 
HTTP server as an ordinary file with a specific URL. When a user wants to see the 
video, the client establishes a TCP connection with the server and issues an 
HTTP GET request for that URL. 

 Dynamic Adaptive Streaming over HTTP (DASH): In DASH, the video is 
encoded into several different versions, with each version having a different bit 
rate and, correspondingly, a different quality level. The client dynamically 
requests chunks of video segments of a few seconds in length from the different 
versions. 

 Content Distribution Network (CDN): A CDN manages servers in 
multiple geographically distributed locations, stores copies of the videos ( and 
other types of Web content, including documents, images, and audio) in its 
servers, and attempts to direct each user request to a CDN location that will 
provide the best user experience. 



 

 

 Cluster selection strategy: A mechanism for dynamically directing clients 
to a server cluster or a data center within the CDN. 

 Internet telephony: Real-time conversational voice over the Internet is 
often referred to as Internet telephony, since, from the user's perspective, it is 
similar to the traditional circuit-switched telephone service. It is also commonly 
called Voice- over-IP (VoIP). 

Source: Kurose, J. F., & Ross, K. W. (2013). Computer networking: A top-down 
approach. (6 ed.). Boston, Massachusetts: Addison-Wesley. 

 
Unit 5 Self Check Quiz 
 

Seminar  
 
Attending live Seminars is important to your academic success, and attendance is highly 
recommended. The Seminar allows you to review the important concepts presented in 
each unit, discuss work issues in your lives that pertain to these concepts, ask your 
instructor questions, and allow you to come together in real time with your fellow 
classmates. There will be a graded Seminar in Units 1 through 5 in this course. You must 
either attend the live Seminar or you must complete the Seminar alternative assignment 
in order to earn points for this part of the class. 

Option 1: Attend Seminar: 

You are encouraged to attend the graded Seminar as an active participant. If you cannot 
attend, you may submit the alternative assignment to the unit Seminar Dropbox. 

In this week’s Seminar a range of multimedia concepts and technologies will be 
discussed. 

Remember, if you do not participate in the weekly Seminar, you need to complete the 
alternative assignment. 

Option 2: Alternative Assignment: 

It is to your benefit to attend the weekly Seminars at the scheduled times. If you are 
unable to attend the Seminar, you must review the course materials for the unit (text, Web 
readings, etc.) and complete an alternative assignment. After reviewing the course 
materials, you must write a paper that must be a minimum of 1 page and no more than 2 
pages in length. It will be double-spaced. 



 

 

Alternative Assignment Instructions: 

Complete the following research assignment. Once completed, submit the paper to the 
Unit 5 Seminar Dropbox. 

Please review the Seminar 5 recording and discuss the concepts presented in the 
Seminar. 

 
 
Unit 5 Assignment 
 
Outcomes addressed in this activity: 
 
Unit Outcomes: 
 
• Explain video and audio compression and their significance to overall multimedia performance. 
 
• Evaluate standard video streaming techniques and their application to a business’ teleconferencing ability. 
 
• Recommend a comprehensive internet telephony solution. 
 
• Plan and describe methods to transmit multimedia data including compression techniques and streaming 
protocols. 
 
• Assess LAN multimedia protocols and examine their significance in business environments. 
 
Course Outcomes: 
IT530-5: Analyze issues surrounding the connectivity and administration of networks. 
 
 
Assignment Instructions:  
 
1. In recent years, SIP (session initiation protocol) enabled telephony networks have introduced a number 
of radical innovations in that way that people use telephony in general, including allowing people to take 
business-related calls seamlessly, even when they are not physically “at the office”. Research the elements 
that comprise SIP. In what ways does SIP differ from PBX or VoIP? Put yourself into the position of a 
system administrator considering updating your business’s telephony system. What elements of the 
technology would you compare or assign the greatest value? Would you even consider using a SIP or VoIP 
telephony solution? Why or why not? If you have “real world” experience with SIP and/or VoIP, please 
include a brief overview of that experience. If you do not have personal experience of the technology, 
include an overview of a case study of SIP or VoIP. 
 
2. Based on your research, write an 6–8 page paper that researches the concept of internet telephony, as 
well as providing an analysis and comparison of several telephony technologies currently available. 
 
 
Preparing your Assignment 
  



 

 

The written essay/paragraph formatted paper should be 6–8 pages long NOT including cover page and 
references. As you research internet telephony, ALL of the pages must have citations and references. No 
more than one direct quotation (of 40 words or more) is allowed per page and bullet lists without substantial 
narrative included are strongly discouraged. There should be no spelling or grammar errors. All written 
assignments should be in APA format. APA formatted in-text citations and references are required for all 
sources, and all figures and tables must be captioned in APA format. If you are unfamiliar with APA 
formatting, please see the Kaplan Writing Center for more information on how to work with APA. 
 
Unit 5 Assignment 
 
Outcomes addressed in this activity: 
 
Unit Outcomes: 
 
• Explain video and audio compression and their significance to overall multimedia performance. 
• Evaluate standard video streaming techniques and their application to a business’ teleconferencing ability. 
• Recommend a comprehensive internet telephony solution. 
• Plan and describe methods to transmit multimedia data including compression techniques and streaming 
protocols. 
• Assess LAN multimedia protocols and examine their significance in business environments. 
 
Course Outcomes: 
 
IT530-5: Analyze issues surrounding the connectivity and administration of networks. 
Assignment Instructions:  
 
1. In recent years, SIP (session initiation protocol) enabled telephony networks have introduced a number 
of radical innovations in that way that people use telephony in general, including allowing people to take 
business-related calls seamlessly, even when they are not physically “at the office”. Research the elements 
that comprise SIP. In what ways does SIP differ from PBX or VoIP? Put yourself into the position of a 
system administrator considering updating your business’s telephony system. What elements of the 
technology would you compare or assign the greatest value? Would you even consider using a SIP or VoIP 
telephony solution? Why or why not? If you have “real world” experience with SIP and/or VoIP, please 
include a brief overview of that experience. If you do not have personal experience of the technology, 
include an overview of a case study of SIP or VoIP. 
 
2. Based on your research, write an 6–8 page paper that researches the concept of internet telephony, as 
well as providing an analysis and comparison of several telephony technologies currently available. 
 
Preparing your Assignment  
 
The written essay/paragraph formatted paper should be 6–8 pages long NOT including cover page and 
references. As you research internet telephony, ALL of the pages must have citations and references. No 
more than one direct quotation (of 40 words or more) is allowed per page and bullet lists without substantial 
narrative included are strongly discouraged. There should be no spelling or grammar errors. All written 
assignments should be in APA format. APA formatted in-text citations and references are required for all 
sources, and all figures and tables must be captioned in APA format. If you are unfamiliar with APA 
formatting, please see the Kaplan Writing Center for more information on how to work with APA. 
 
Unit 5 Assignment Grading Rubric = 90 points 
Assignment Requirements Points  
Possible 



 

 

Points Earned 
 
1. Document includes introductory paragraph discussing the general concepts of SIP and VoIP. 
0–20 
2. Document includes well supported argument pro or con for implementing a particular telephony 
technology. 
0–20 
3. Document includes example of “real world” use of internet telephony. 
0–20 
4. Discussion of internet telephony considerations should be substantial and flow logically. 
0–30 
Total (Sum of all points)  
Less: Standard requirements points deducted. Plagiarism is totally unacceptable. 
Adjusted Total Points 

 


