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Abstract: With the growing popularity of streaming content,
streaming platforms have emerged that offer content in
resolutions of 4k, 2k, HD etc. Some regions of the world face a
terrible network reception. Delivering content and a pleasant
viewing experience to the users of such locations becomes a
challenge. audio/video streaming at available network speeds is
just not feasible for people at those locations. The only way is to
reduce the data footprint of the concerned audio/video without
compromising the quality. For this purpose, there exists
algorithms and techniques that attempt to realize the same.
Fortunately, the field of compression is an active one when it
comes to content delivering. With a lot of algorithmsin the play,
which oneactually delivers content while putting less strain on the
users network bandwidth? This paper carries out an extensive
analysis of present popular algorithmsto come to the conclusion
of the best algorithm for streaming data. Both audio and video
compression are put under scrutiny and are compared on various
aspects prime to delivery of data.
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. INTRODUCTION

Audio-Video streaming has gained popularity over the years.
It has enabled easy communication between people who live
in different geographical locations. With enough bandwidth
and internet speed, smooth streaming is not a problem at all.
But in the regions where the internet speed and bandwidth is
low, smooth streaming is not feasible. Hence, there are
compression algorithmsto deal with this problem and thereby
improve the user experience. Most of the multimedia files,
especially videos are very large in size. Such large sized files
require higher bandwidth for streaming. Compression
algorithms try to decrease the size of such files but without
compromising with the quality of thefile. Streaming such files
whose size is reduced to a significant amount even in
bandwidth restricted conditions, take place smoothly.
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Thus, enabling successful streaming of multimediafiles. The
Compression algorithms can be lossy or lossless. Lossess
compression a gorithms apply very little compression on the
data thus keeping the quality of the file intact to most extent.
Thistype of compression method is not suitable for videos as
the file size will not be reduced to a large extent. However
most of the audio codes like MP3, AAC etc., are lossy as
audio filesare originally small in size and thus need not have
more compression. In lossless technique, the file size will be
reduced to the maximum possibility and thus quality might be
compromised more when compared to lossless technique.
The popular codecs like MPEG-2, H.264, H.265 etc., make
use of this. FLAC, ALAC are some audio codecs which use
lossy technique for compression of large audio files. The goal
of this paper isto identify existing techniques in audio-video
compression for transmission and carry out a comparative
analysis of the techniques based on certain parameters. The
side outcome would be a program that would stream the
audio/video file of our choice while the main outcome is
finding out the compression technique that performs the best
with respect to the selected parameters.

A. Abbreviationsand Acronyms

AAC : Advanced Audio Codec

MP3: MPEG Audio Layer 3

MP2 : MPEG Audio Layer-2

MP4: MPEG Audio Layer-4

MPEG-2 : Moving Picture Experts Group
FLAC: FreeLossess Audio Codec
ALAC : Apple Lossless Audio Codec
WMV : Windows Media Video

AVI : Audio Video Interleave

FLV : Flash Video

MKV : Matroska

3G2/3GPP2 : 3rd Generation Partnership Project 2
GUI : Graphic User Interface

API : Application Program Interface
RTSP: Real Time Streaming Protocol
UDP : User Datagram Protocol

TCP: Transmission Control Protocol
IP: Internet Protocol

HEVC : High Efficiency Video Coding
AVC: Advanced Video Coding

[I. PROBLEM DEFINITION

The network traffic has sharp and severe fluctuations in the
bandwidth. Audio-Video streaming at available network
speeds isjust not feasible for people at those locations.
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Multimedia Compression Techniques for Streaming

The only way isto reduce the data footprint of the concerned
audio/video without compromising the quality. For this
purpose, there exists algorithms and techniques that attempt
to realize the same. Hence, the goal isto carry out an analysis
of all the top techniques that strive to achieve the smoothest
possible audio-video streaming even in the most fluctuating of
network speeds.

1. OBJECTIVE

Our main objective is to identify the best compression
algorithm for multimedia, selecting efficient algorithm for
bandwidth restricted conditions by analyzing the performance
of selected algorithms.

V. METHODOLOGY

Our methodology in brief involves the following:

&>

Identifying popular codecs

Developing a platform for

audio/video streaming

Integrating the

chozen codecs

Identifying the parameters based on

which the analysizs can be carried out

Carry out the

analysis

List the characteristics of the
chozen algorithms and zelect the

best compreszion algorithm

G=D

Figure 1. Flowchart of the stepsinvolved in the project

As shown in the Figure 1, the steps involved in the project is
described below:

Step 1: Identifying the popular codecs used for compressing
video aswell as audio.

Step 2: Developing a platform that would enable video/audio
streaming from say a webcam, microphone or even a file
sitting in a secondary storage. The platform would mainly
consist of end user programs, in which sending, receiving and
playing can be done.

Step 3: Oncethe platform is ready, implementing the selected
techniques for audio and video compression respectively and
then implement it and integrate it into the platform. At this
point al the pieces are collected and analysis can be carried
out. But analysis needs to be done based on some predefined
parameters.

Step 4: ldentification of the parameters based on which
comparative analysis can be performed is the next task.
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Step 5: Once they have been identified, all that is left isto
carry out the test with respect to the parameters and record the
data.

Step 6: Finally, data gathered would be evaluated to conclude
the characteristics of each implemented al gorithm/technique.

V. IMPLEMENTATION

Entire processis divided into different sesgments which are
narrowed down to two segments:

A. Streaming

B. Analysis

A. Streaming

Implementation mainly involves creation of a platform that
would enable audio/video streaming from some source. The
platform consists of end user programs in which sending,
receiving and playing of audio and video files can be done.
To develop this platform, Humble Video, Java Swing, RTSP,
UDP and TCP (on networking end) were used.

In the program, various libraries and objects supported by
humble video were also used like Demuxer, DemuxerStream,
MediaPacket, MediaPicture, MediaAudio, Decoder, Encoder
Decoding loops, Muxer, MediaAudioConverter,
MediaPictureConverter.

Platform for streaming:

The user needs to open StreamingServer application.
StreamingServer then opens a server socket that listens for
incoming TCP connection. At this point, StreamingClient is
to be opened. The user is presented with an interface to
indicate that he/she should connect to the StreamingServer.
Connection can be established with StreamingServer by right
clicking to bring up the context menu and clicking on connect
option. On clicking the connect option, an input dialog box is
brought up where the user needs to enter 1P address where
StreamingServer is running. By default, localhost is assumed
to be running in the location of StreamingServer.

After entering the IP address, when user clicks on ‘ok’,
StreamingClient  establishes TCP  connection  with
StreamingServer. At thispoint, GUI from 'OFFLINE' changes
to 'ONLINE.

Once StreamingClient and StreamingServer are connected
RTSP messages get exchanged to enable next course of
action. The RTSP messages are generated as the result of
user’s action on client side. Therefore, in order to start
streaming audio and video files, user must do the appropriate
actions on client end.

First RT SP message that needs to be sent to server is SETUP
message. This SETUP message can be sent to server by right
clicking and selecting SETUP option. This brings up dialog
box where user needs to enter name of the audio or video file
that isto be played. After clicking ‘ok’, user is presented with
another dialog box, where he needs to choose audio or video
streaming. On clicking ‘ok’, Client generates SETUP
message and sends to the StreamingServer.

StreamingServer will be listening for RTSP request from the
StreamingClient on TCP connection where it receives a
SETUP request. The user prepares a thread based on the
type of streaming to perform and waits for the PLAY request.
Preparation for thread is necessary as StreamingServer
streams audio data on TCP and
video on UDP connection.
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User has to specify if the file should be played as audio or
video.

Similarly, on StreamingClient the thread is prepared. When
the user hits the play menu item, Client will start the thread
and send the PLAY message request to StreamingServer.
StreamingServer on receiving PLAY request will start to
prepare its thread. This thread will start streaming operation.
If it isavideo stream, the thread decodes packets from video
container and generates decompressed image which is sent to
client. Becausethe video isto be played at acertainrate on the
StreamingServer which maintains the time using which it
sends message at the appropriate time, it needs to be
displayed. Client on receiving theimage re scalestheimageto
fit the user’s screen.

It does this until no packets are available or isinterrupted by
main thread. For audio streaming, the StreamingServer thread
establishes TCP connection with client thread and writes out
audio fileon TCP stream. The client end decodes packet from
TCP stream to play back the audio on Client’s default sound
output device.

B. Analysis

To carry out the analysis, initialy, popular codecs (currently
in use) and then the parameters were identified.

* Popular codecs used for analysis:

1. Video: AVC, HEVC, MPEG-2, WMV, VP9 and Theora
2. Audio: MP3, AAC, Vorbis, WMV, FLAC and MP2

* Parameters based on which the analysis was performed:

Bit rate, Quality, Time, Compression ratio (ratio of
uncompressed file size and compressed file size)

The software used for the purpose was FFmpeg. It supports
many functionalities like converting the formats, re-encoding
etc.

To carry out the experiment, 5 raw video and 5 raw audio files
were selected. The selection was done on the basis of size.
They werenamedasV1,V2,V3,V4,V5and Al, A2, A3, A4,
Ab respectively.

Sizes of raw video filess V1-7.9GB; V2-15.6GB;
V3-29.4GB; V4-47.9GB; V5-30.5GB.

Sizes of raw audio filess A1-39.7MB; A2-38.8MB;
A3-36.2MB; A4-40.3MB; A5-34.6MB.

Experiments and Results

1. Container

It can be considered as a collection of audio streams, video
streams and metadata pertaining to a multimediafile.

Here, various containers like: mp4, flv, mkv, mov, mdv, avi
and 3g2 are compared. Each container has a specific way of
storing the streams and meta information. Thus, by giving a
common stream, each for video (H.264) and audio (AAC),
one can compare how the formats store the (same) stream
efficiently.

Video

Analysis:

It isnoted that mp4, mov, mdv and 3g2 minimized the size of
all the 5 files to the higher extent i.e., V1 to 4545KB, V2 to
20170KB, V3 to 70714KB, V4 to 17294KB and V5 to
19629 KB (392, however, compressed V5 to 19628KB).
Result:

* |n terms of storage, 3g2, mov, mdv and mp4 performed
well. 3g2 stored the streams in more efficient way.

* In terms of supporting maximum codecs, mov is the best.
E.g. theorais supported only in mov and not in mp4 or 3g2.
Audio

Analysis.
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It was noted that mp4, mov, m4v and 3g2 minimized the size
of all the5filesto the greater extenti.e.,, A1to 3.65MB, A2to
3.54MB, A3t0 3.31MB, A4 to 3.71MB and A5 to 3.18MB.
Avi

container, however reduced the file size to the least extent.
Result:

* |n terms of storage, 392, mov, mdv and mp4 performed
well, yet again.

Conclusion: Out of all the selected containers, mov, 3g2,
mp4 and m4v are the best both for storing audios and videos
in terms of size. While avi container performed worst out of
all for storing both audio and video files.

2. Compression ratio

Here, the compression ratios which is the ratio between the
origina file size and the compressed file size, of different
video codecs and audio codecs is each being compared.
Video codecs selected are Theora, h264, hevc, vp9,
mpegd(xvid), h263, wmv, mpeg2. Audio codecs selected are
aac, opus, vorbhis, flac, wmav2, mp3, wavpack, mp2. Thisis
done to get an idea of the extent to which the compression is
done by these algorithms. Higher the compression ratio, better
the codec.

Video

Analysis:

It is observed in Figure 2 and Table 1 that HEVC and AVC
have the highest compression ratio. These are followed by
VP9 and Theora MPEG-2, MPEG-4, WMV9 and H.263
have the least. Highest compression is done by HEVC and
AVC andisaround 5778.29 for V1, 2904.44 for V2, 2330.75
for V3, 3382.73 for V4 and 2105.29 for V5. While the least
compression ratio is noted to be 446.939 for V1, 376.775 for
V2, 302.343 for V3, 478.553 for V4 and 286.175 for V5.
Result:

* HEVC, AVC prove to compress the files more when
compared to other codecs and H.263, WMV9, MPEG-2 and
MPEG-4 (Especially, H.263) compress the files in the least
possible manner.

Table 1: Result of comparing different containersfor the
same video stream H.264, size of thefilesin KB

mpa flv mkv mov mav avi 3g2
vl asas as3a 4560 asas asas as62 asas

v2 20170 20346 20202 20170 20170 20402 20170
v3 70714 71056 70777 70714 70714 71159 70714
va 17294 17762 17309 17294 17294 17923 17294
vs 19629 19912 19634 19629 19629 20012 1se28

H264

he L] i N
Figure2: Result of comparing different containersfor the
same video stream H.264, size of thefilesin KB

Audio

Analysis:

It is observed in Figure 3 and Table 2 that Opus and Vorbis
have the highest compression ratios. These are followed by

WMAV2, MP3 and AAC. MP2, FLAC and Wavpack have
the least.
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Highest compression is seento be around 14.21 for A1, 14.24

for A2, 13.78 for A3, 14.41 for A4 and 14.13 for A5. While

theleast compressionratio isnoted to be 1.35 for A1, 1.38 for

A2, 1.54for A3, 1.2 for A4 and 1.37 for A5.

Result:

* Opus and Vorbis prove to compress the files more when

compared to other codecs and Wavpack, FLAC, MP2

(Especialy, Wavpack) compressthe filesin the least possible

manner.

Table 2: Result of comparing different containersfor the
same audio stream AAC, size of thefilesin MB

mp4 fiv mkv mov mdv avi 3g2
Al 3.65 3.77 3.68 3.65 3.65 3.85 3.65
AZ 3.54 3.67 3.57 3.54 3.54 3.74 3.54
A3 3.31 3.42 3.34 3.31 3.31 3.5 331
A4 371 384 3.74 7 371 3.92 371
AS 3.18 3.29 3. 3.18 3.18 3.36 3.18
AAC

mmpd mfiv mmkv mmov mmdv mavi m3g2

Figure 3: Result of comparing different containersfor the
same audio stream AAC, size of thefilesin MB
Conclusion: If compression of file is the only goal, then
HEVC and AVC can be selected under video codecs while
Opus and Vorbis can be chosen under audio codecs. H.263,
WMV9, MPEG-2 and MPEG-4 under video codecs and
Wavpack, FLAC, MP2 under audio codecs perform least

compression and hence should be avoided.

In the next set of experiments, by atering the quality of the

files, size, memory consumed, time, and compression ratio

was noted. Each video/audio codec produces different results

when their parameters change. FFmpeg provides a quality

option wherein the quality output can be adjusted for each

algorithm. Q1 means the best quality and Q6 refers to best

compression. Going from Q1 to Q6, the quality level

decreases, but the compression level increases. Q6 does not

refer to the worst quality, instead it is just not good as Q1

quality level. For audio quality, the levels have been names

0,1...5. With 0 corresponding to Q1 and 5 corresponding to

Q6.

Comparison of various Video files

Time

For V1

Table 3: Result of comparing different video codecs when
put in the same container mkv, size of thefilesin MB

theora  h264 heve vp9 mpeg4(xvid) h263 wmy mpeg2

vi a8 1.4 1.4 2.9 13.5 18.1 14.6 14.5
v2 2.9 8.2 5.5 111 2a.8 az.a 34.9 35.8
v3 36 25.1 13.4 42.2 64 103.3 92.3 95.8
va 29.2 14.4 14.5 204 63.7  102.5 81.1 77.1
VS 35.2 18.7 14.3 34.8 67.2  105.2 93.5 93.5

VIDEO FILE SIZE

ve Wvp3 W mpegdpuid) wmy  mmpeg2

Mk 1| [ I"I | |H | | “ | |

Figure 4: Result of comparing different video codecs
when put in the same container mkv, size of thefilesin
MB
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Analysis:

It is observed in Figure 4 and Table 3 that when time

consumed during the process of compression is considered,

VP9 takes maximum time out of all to compress the file. It's

followed by Theora. HEVC takes moderate amount of time

for the file V1 of various qualities from Q1 to Q6. However,

least amount of timeistaken for compression by MPEG-2 for

Q1, Q2, H.264 for Q3, and then WMV for the remaining

qualities.

Conclusion:

If time is the parameter, for the small sized files like V1,

WMV (for higher quality files), MPEG-2 and H.264 (for

preferably lower quality files) can be chosen for quick

compression. VP9, Theora and HEVC must be avoided if

compression is to be done faster without bothering the file's

size. Similarly for the remaining 4 video files the same trend

was noticed.

Comparison of various Audio codecs

1. Quality

For Al

Analysis.

For audiofile Al and codec AAC, inFigure5and Table 4 one

can note that for quality Q0 and QL1 there is decrease in file

size from 2.83MB to 2.8MB which is negligible, and for the

remaining, with the increase in qudlity, the file size also

increases. For the audio file A1 and codec MP3, It's quiet

clear that the size of the file decreases from 7.08MB to

3.45MB for the increasing qualities from QO to Q5.

Table4: Result of codecs AAC, M P3 of different qualities
for A1, with size as parameter

Quality  Size (MB) Quality Size [MB)
233 708
28
518 mMP3
851
122
123

6.19
5.19
452
399
345

AAC

"W
“ B W

AAC MP3

10 et
———t
I —_—

Figure 5: Result of codecs AAC, M P3 of different
qualitiesfor A1, with size as parameter
In Figure 6 and Table 5, it’s observable that for audio file Al
and codec Vorbis, thereisincreasein file size from QO to Q2.
But, there is decrease in the size from Q3 to Q4 with values
3.45to 3.02 and then again there is increase in the size from
Q31to Q5. Also for audio file Al and codec WMV, thereisno
change in the file size for any range of qualities.
Table5: Result of codecs Vorbisand WMV of different

qualitiesfor A1, with size as parameter

Quality  Size (MB) Quality  Size (MB)
L67 3.87
207 3.87
345 WMV 3.87
.02 3.87
145 387
3.87

=
g
e wNe e

4.26

Vorbis wmMv

R s —

——

— 0 e—

Figure 6: Result of codecs Vorbisand WMV of different
qualitiesfor A1, with size as parameter
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It'snoted in Figure 7 and Table 6 that for audio file A1 and for
both the codecs FLAC and MP2, thefile size remains constant
whichis27.4MB and 10.8MB respectively irrespective of the
quality. The result is observed to be similar with different
values for the remaining Audio files.

Table 6: Result of codecs FLAC and M P2 of different
qualitiesfor A1, with size as parameter

Quality Size (MB) Quality  size {MB)

[] 174 [] 10.8

1 274 1 0.8

FLAC 2 a4 MP2 2 w8

3 274 3 1048

4 a4 4 18

5 24 5 638

FLAC MP2
TNV RNR — e ——
1 2 3 4 5 6 1 2 3 ‘ 5 B
——Cuaity == Cuality

Figure 7: Result of codecs FLAC and M P2 of different

qualitiesfor Al, with size as parameter

2. Bit rate

For Al

Analysis:

In Figure 8 and Table 7, it’s observable that for audio file Al

encoded by codecs AAC and MP3 for differing values of bit

rates with size alone being the parameter, size of the file

increases from 1.7MB to 8.51MB from 64K to 256k and

hence there is sudden reduction in the size for higher bit rates

like 320k. There is linear increase in time taken for

compression. For MP3 codec, the size is seen to increase

linearly and so is the time from 4.635 seconds to 5.32 seconds

(except at the bit rate of 192k, which is negligible).

Table7: Result of codecs AAC, M P3 of different bit rates
for Al, with size and time as parameters

Bit rate(k) Size(MB) Time (sec) Bit rate(k] Size(MB) Time (sec)

64 17 18% 64 164 4635
128 333 3962 128 328 5304

RAC 192 a9 a3 MP3 192 4% sa7
% 851 5.091 % 657 5313
20 819 6547 320 81 532
AAC MP3

—__

== Bit rate(k) Size[MB; == Bit rate(k}

4

Figure8: Result of codecsAAC, M P3 of different bit rates
for A1, with size and time as parameters

In Figure 9 and Table 8, it’s observable for the audio file Al
encoded by codec Vorbisfor differing increasing values of bit
rates with size alone being the parameter, there isincrease in
size from 1.55MB to 8.32MB, time taken shows some
non-linearity by taking lesser time than previous low bit rated
file and then increasing the time consumption with the
increase in hit rate values from 4.144 seconds to 5.021
seconds. In the case of WMV, size increases initialy, but for
the bit rates 192k and 256k size remains intact i.e., 7.07MB
and then increases as usua. Time taken increases almost
linearly with inconsiderable differences and fluctuations.
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Table 8: Result of codecs Vorbis, WMV of different bit

ratesfor Al, with size and time as parameters
Bit rate(k) Size(MB) Time (sec) Bit rate(k) Size(MB) Time (sec)

64 15 5609 M LT 123
128 312 AW 28 35 1316
Vorbis 192 a6 A6 WMV 19 707 135
%6 656 4612 %6 107 1341
W 832 s 320 141 1315
Vorbis wmv

=== Bit rate{k Size[M8;

Figure 9: Result of codecs Vorbis, WMV of different bit
ratesfor Al, with size and time as parameters

In Figure 10 and Table 9, it is observed that for the audio file
A1 encoded by codecs FLAC and MP2, the size and time
increases linearly along with the increase in the bit rate from
64k to 320k. Sizeinthe case of FLAC increasesfrom 1.77MB
to 14.1MB whilein the case of MP2, it's seen to be having the
increase from 1.64MB to 8.21MB. Time in both the casesis
seen to vary in very small amounts.

Similarly for the rest of the audio files chosen similar results
were found.

Table 9: Result of codecs FLAC and M P2 of different bit
ratesfor Al, with sizeand time as parameters

Bit rate(k) Size[MB) Time (sec) Bit rate(k) Size[MB) Time [sec)

64 1n 0.724 64 164 0.437
128 3.53 0.7116 128 4.92 0.591
FLAC 192 1.07 0.719 mp2 192 6.38 0.737
256 7.07 0.72 256 6.56 0.782
320 14.1 0.748 320 81 0.802
FLAC MP2

== Bit rate(k Size{MB)

Figure 10: Result of codecs FLAC and M P2 of different
bit ratesfor A1, with size and time as parameters

VI. CONCLUSION

Comparison first started with containers and how well they
storedata. MOV filesclearly take the lead with a support for a
wide variety of streaming algorithms and a minimal storage
size. In terms of storage MP4, 3G2, M4V containers thet are
equally good as MOV.

A main distinction between the various compression
algorithms in the field is how well they can compress the
input. HEVC, H.264 and VP9 are the top codecs in this
respect. They leave the competition in the dust with their
considerably small output sizes. Among HEVC, H.264 and
VP9, HEVC isthe clear winner.

The compression ratios are consistent with the older codecs
while with the newer ones alot of variation is seen.
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This makes sense as the newer ones mostly implement the
interframe compression strategy, while the older ones went
with the intraframe compression strategy.

When it comes to audio, with respect to the quality level,
some of the codec produce the same sizes regardless of
quality level indicating that not much changes or compression
is being performed. The codecs exhibiting this behavior are
WMV, FLAC, and MP2. Vorbis and AAC clearly are better
than the rest offering greater compression. AAC and Vorbis
offer considerable compression with file sizes that dominate
the rest of the algorithms, including MP3. While it's a close
match between the two, Vorbis|eads by asmall margin. When
it comesto compression ratios on the audio codecs side, all of
the current popular codec achieve consistent compression
ratios, with the compression ratios of AAC and Vorbis being
the best. When it comes to hitrate although the sizes are
relatively the same for all codecs, the least sizeis still offered
by Vorbiswith MP3 and AAC closely behind.

While compressed sizes are important, the time taken to
produce such results are also important. The older codecs
seemingly have an edge in this respect as MPEG-2, WMV
finish compression at afaster pace than the modern ones. But
this comes at a cost as data compression achieved is nowhere
near to the modern codecs accomplishments. But the only
surprising exceptioninthisregard isH.264. Thetimetaken by
H.264 is similar to the times of the older codecs but as a
relatively modern codec, its compression ratios are way better
than WMV and MPEG-2. Thusif quicker compression isthe
requirement, H.264 is the only answer. The modern codecs
like VP9 and HEV C take far longer with VP9 being the worst
of the bunch. In audio, while VVorbis, AAC dominated when it
came to the size of the output file, it takes a step back in the
time required for producing the output. Instead it's FLAC,
MP2 and WMV that take the lead and offer outputs in less
time, but of course at the cost of worse compressions.
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