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Abstract :During the recent years,  digital  high-definition televisions are widely used due to  the  terrestrial 

television broadcasting. In addition, ultra high definition television format such as 4K(3840x2160p) and 

8K(7680x4320p) has been standardized. And On the other side, high-speed wireless transmission system using 

MIMO-OFDM including IEEE   802.11n and 802.11ac wireless LAN standards have become more popular. 

Using such high-speed transmission systems, it is expected that high-definition video sequences can be 

transmitted without any degradation or loss of quality. Therefore, trying to develop such high-quality and high-

speed video transmission systems over a wireless media by combining lossless video compression algorithms and 

MIMO-OFDM wireless transmission technology considering both hardware implementation and wireless 

transmission conditions. In this project, we evaluate a configuration of lossless video transmission systems. 

Experimental result shows that video sequences can be transmitted over 22 db carrier to noise ratio (CNR) 

wireless channels with complete pixel restoration rate. 

 
1. INTRODUCTION 

 

      Recently, due to the spread of high-definition television with the start of digital terrestrial television 

broadcasting, high-definition and high-resolution images such as 1920×1080 are widely available in ordinary 

digital home appliances. Wireless video transmission is an important technology For consumer electronics, such as 

digital television(DTV),Mobile multimedia devices such as smart phones , mobile video terminals, and pad/tablet 

devices 

      HDTV (High Definition Television) has become more popular because it has higher resolution than traditional 

television systems and with an aspect ratio of 16:9 influenced by widescreen cinema. The data rate of uncompressed 

HD video can be as high as 3Gbps (1080p60, RGB444 pixel format at 8 bits per pixel). In the future, the data rate is 

expected to rise with increase in resolution and color quality. Since HD video sources require such large data rates, it 

may seem reasonable to compress the video stream before transmitting. However, compression introduces delay, 

reduces video quality and increases complexity at the transmitter and receiver .And also, the video display  have to 

support multiple codecs to maintain interoperability with the various transmitter. Furthermore, the HD connector 

interface for HD video sources and displays supports uncompressed HD transmission. In addition, higher resolution 

video standards such as 4K (3840×2160) and 8K (7680×4320) have also studied towards the further increase in 

image quality. However, current wireless video transmission systems including television broadcasting, which 
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supports high definition video sequences, are using lossy compression encoding techniques such as MPEG-2 where 

the bitrate is around 10 Mbps to 50Mbps. Since lossy compression algorithms utilize the characteristics of 

human vision, they can significantly reduce the amount of data. Meanwhile, in recent years, wireless transmission 

systems using the MIMO-OFDM such as IEEE 802.11 series wireless LAN systems are widely used widely, and 

these performance has greatly improved. In the latest wireless LAN standard, IEEE 802.11ac[1], transmission rates  

of  up  to  6.93 Gbps  have  been  standardized  with  the configuration of 8×8 MIMO and 160 MHz bandwidth 

 

1.1 MOTIVATION OF THE PROJECT 

 Motivated by above background, here am trying to enhance higher quality video transmission system over a 

wireless standard system  by the combination of lossless video compression algorithm and MIMO-OFDM wireless 

transmission system .By concentrating on efficient hardware implementation and error correction techniques to cope 

with transmission errors. In this project, we evaluate a configuration of lossless video transmission systems with 

MIMO-OFDM wireless transmission system based on IEEE 802.11n standard. 

 

2. Overview of IEEE 802.11n And OFDM-MIMO 

2.1  IEEE 802.11n  standard 

 IEEE 802.11n  is an improvement of previous IEEE 802.11 standards such as a/b/g by adding multiple 

input multiple outputs (MIMO). IEEE 802.11n operates  in 2.4GHz and 5GHz. When operating in 2.4GHz it is 

allowed by regulation to use 20MHz wide channels and 40 MHz-wide channels in 5GHz 

 IEEE 802.11n apply four spatial streams at a channel bandwidth of 40MHz and the integrated MIMO-

OFDM, which can significantly increase the physical transmission rate a high-throughput mode of IEEE 802.11n 

transmitter is used in this system, whose transmitter structure is depicted in. There is one data stream, one encoding 

stream, four transmitter antennas and five receiver antennas in the system. At the transmitter side, the MSB and LSB 

will pass the convolutional encoder and interleaver respectively, in case the MSB and LSB will mix up in the 

interleaver part. Then they are aggregated according to the given modulation scheme to pass the constellation  

mapper. In the MIMO module. 

Most PHY layer losses are recovered by retransmission-based error control mechanisms in the Media 

Access Control (MAC) layer [1]. Multiple transmission retries at the MAC cause drops in application throughput. 

In addition, most WLAN base stations and adapters employ automatic PHY transmission rate selection schemes to 

cope with reduced signal-to-noise ratio, which again translates into bandwidth fluctuations. Other traffic flows 

sharing the same network resources may also cause throughput degradation. MAC quality-of-service enhancements 

standardized by 802.11e [1] support traffic prioritization and reservation of dedicated transmission opportunities. 

However, these cannot entirely prevent bandwidth decreases due to channel degradations, and have not been 

widely deployed in current AV streaming systems. 
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2.2 WLAN AUDIO-VIDEO (AV) TRANSMISSION
  

  WLAN is the most widely used

of high-definition (HD) video, which poses

equipped with WLAN interfaces and 

network statistics and sends feedback 

bandwidth and delay estimates. The techniques d

 The system is designed to support

well as stored content. In the case of li

This prevents the usage of video pre fetching

rate. Fig.2.1 depicts the target WLAN

server and a WLAN access point form

bit-rate of the input bit stream .it  utilize

the transmission rate rather than the actual

open or closed-loop translating or even 

 

fig 2.2

2.3 ORTHOGONAL FREQUENCY-

 OFDM stands for Orthogonal Frequency 

modulation scheme used as a digital multi 

frequencies. More number of closely placed

several parallel data stream .Each sub 

Quadrature  amplitude modulation or 

similar to carrier modulation scheme in the same

modulation method, in addition constraints considered for the

that cross talk or the interference between the sub 

required. This greatly simplifies the propose 

transforms may be used to simplify the design

frequency domain and exploit the fact that any waveform may be decayed i

transforms are numerical algorithms used by computers to 

use of bandwidth.. In practice, the sub channels are allowed to partially overlap in 
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TRANSMISSION SYSTEM 

used standard in digital TV and DVDs. In particular, it studie

which poses a challenging scenario because of its high bit-rate.

 video decoder  form the client side of the system. The client

  messages. The main input parameters of the rate adaptation

techniques developed for obtaining these parameters 

support streaming from live video sources, such as cable/satellite

ive sources, picture frames arrive at the media transrater at

fetching methods that transmit the data at a rate higher than the

WLAN media streaming scenario. Compressed AV sources connected

form the sender side of the system. The server acts as a gatew

utilizes MPEG-2 encoded video. The main focus of this study

actual rate reduction method. The proposed technique can be

 with scalable video 

 

fig 2.2WLAN audio-video transmission system 

-DIVISION MULTIPLEXING 

Orthogonal Frequency Division Multiplexing which is a frequency division multiplexing

modulation scheme used as a digital multi carrier modulation used for encoding digital data on

More number of closely placed orthogonal sub carrier signals systems are used to carry

.Each sub carrier system is modulated with a conventional modulation scheme 

or binary phase shift keying at a low symbol rate by maintaining total data 

in the same  bandwidth. Hypothetically,This is a specialized 

in addition constraints considered for the carrier signal is orthogonal to one

or the interference between the sub channels is eliminated and inter carrier guard bands are not 

required. This greatly simplifies the propose at both the transmitter and the receiver side. OFDM 

the design. it convert signals back and forth between the ti

exploit the fact that any waveform may be decayed into a series of simple signal

are numerical algorithms used by computers to perform DFT calculations. it also enable OFDM to make 

channels are allowed to partially overlap in the frequency.
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rate. Display devices 

client also monitors 

adaptation methods are 

as cable/satellite receivers, as 

at periodic intervals. 

the actual video bit-

connected to a media 

way that adjusts the 

study is on selection of 

be used together with 

division multiplexing 

encoding digital data on different carrier 

are used to carry out data on 

conventional modulation scheme such as 

maintaining total data 

is a specialized frequency 

one another, meaning 

carrier guard bands are not 

OFDM in fast Fourier 

convert signals back and forth between the time domain and 

nto a series of simple signal. Fast Fourier 

also enable OFDM to make 

frequency. 
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 2.4 MULTIPLE INPUT, MULTIPLE OUTPUT-ORTHOGONAL FREQUENCY DIVISION 

MULTIPLEXING (MIMO-OFDM) 

Greg Raleigh invented MIMO in 1996. MIMO stands for multiple input, multiple output technology, which is used 

to multiply capacity by transmitting different signals over multiple transmitting antennas, and as defined in previous 

section Orthogonal frequency division which divides a channel into a huge number of closely spaced sub channels to 

afford more reliable communications at  very high speed. MIMO can be used with interfaces such as time division 

multiple access and code division multiple access MIMO-OFDM combination is most widely used and form base 

for most  wireless local area network and  broadband networks, because it achieves the greatest spectral capacity and 

delivers the highest efficiency and throughput. It forms a prevailing interface for 4G and 5G networks. MIMO is the 

first radio technology that treat multipath propagation as a phenomenon which is to be oppressed and it multiplies 

the effieciency of a radio link by transforming multiple signals over multiple located channels. This can be 

accompanied without the need of additional bandwidths.  

3. VIDEO COMPRESSION METHODOLOGY  

 3.1 Video data transmission format 

 The video transmission system should be capable of reproducing the original signal accurately at the 

receiving end with less loss of information .A sequence of video is represented as a collection of still images or 

frames with a fixed resolution elements, and these images or frames are displayed one after another at a regular 

intervals. A signal of video is created by the Camera is being scanned transversely and down exactly 312 1/2 times 

and is reproduced on the monitor screen. A next scan of 312 lines is exactly half a line downward and interlaced 

with the first scan to form a picture with 625 lines. This is known as a 2:1 interlaced picture scanning. Then 

combined 625 lines is considered to be as a bunch of video and made up of two interlaced field scan. The total 

voltage produced is around one volt from the bottom of pulse to the top . hence one volt peak voltage  average is 

considered. The luminance element of the signal is between 0.3v to 1 v, therefore is 0.75v is maximum. This is 

known as a combined video signal because the synchronization and video information is combined into a single 

signal. In the case of a colored signal, more information has to be provided. The color information is super imposed 

on the video signal by means of a color sub carrier. A reference signal, known as the chromatic burst is added to the 

back after the horizontal synchronization pulse to detect the difference in phase. The number of frames displayed per 

second is called frame rate. Values 15 to 60 frames per second (fps) are generally used. In addition, each still image 

is treated as a color image using three color components namely red, green, blue.each of which is represented by 

8 bit per pixel in general. The bit rate of uncompressed video data can be calculated by the following equation. 

Bitrate (bps) = Width × Height × 24 × Frame rate                   (1)  

Table I  shows the well-known video standards and its  uncompressed  bit  rates.  It can  be  seen  that  the  

amount  of uncompressed video data becomes very large especially when the image resolution is large. Therefore 

transmitting the raw data over wireless is impossible. To transmit video data over wireless channels, we consider to 
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use the lossless compression technique to reduce the amount of data without degradation of video quality. 

TABLE I.        VIDEO  STANDARDS AND  BIT-RATE . 

 
NAME RESOLUTIO

N 

FRAM

E-

RATE(

fps) 

BIT-RATE 

DVD(480p) 720X480 60 497.7Mbps 

720p 1280X720 60 1327.1Mbps 

Full 
HD(1080p) 

1920X1080 60 2986.0Mbps 

4K 3840X2160 60 11.9Gbps 

SHV(8K) 7680X4320 120 95.6Gbps 

 

3.2 Encoding of video images  

Each wireless channel is capable of data rates of up to 4-Gbps therefore when all four are combined in this 

way, up to 16-Gbps of data throughput can be achieved.  However interference was observed when there was a 

separation distance of less than one meter between neighboring connections 

Therefore, Uncompressed video data is too large to be transmitted over wireless channels as described 

above . However, redundancy in general video data is also large, so it is possible to reduce the amount of data 

significantly by various approaches. 

The compression approaches of video sequences can be roughly divided into three approaches:  

(1)    utilizes the characteristics of the human visual system,  

(2)    utilizes the temporal correlation, and  

(3)     utilizes the spatial correlation 

 

 First approach utilizing human visual characteristics exploits that the human vision system is very sensitive 

to low frequency components but not much sensitive to high frequency components. By using this fact, the amount 

of data can be reduced by decomposing image data into frequency components using spatial transformations such 

as discrete cosine transform (DCT), and decimating the high frequency components. This technique has been 

adopted by JPEG format widely used for photographic image compression, and by MPEG standards. However, 

the loss of information cannot be avoided in this method since it performs compression by decimating the high 

frequency components. Therefore this method is not suitable for lossless video transmission systems. 

 The next approach utilizes the correlation in the temporal domain. This approach performs compression by 

using the information of several previous frames. In some cases, the following frames are also used. In the case of 

ordinary moving pictures, temporally adjacent frames are resemble. Therefore it is possible to reduce the amount 
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of data by handling the difference between them. MPEG series utilizes this feature, whose technique  is  called  

motion  compensated inter-frame prediction, in addition to the aforementioned DCT. However, since some 

previous frames must be stored completely in order to use this technique, the required memory size becomes quite 

large. Therefore we do not utilize this approach in this project considering the hardware cost. 

The third approach utilizes the spatial correlation, which is adopted in this project as the compression 

approach. This approach tries to utilize the characteristic that the values of the pixels located near each other 

have similarity. By taking the difference between adjacent pixels, the possibility that they have a small value near 

zero becomes high. By utilizing this small deviation of the probability distribution function, it is possible to reduce 

the amount of data by entropy coding in the subsequent stage. 

 Compared to the first two approaches, this approach has an advantage that it can achieve  lossless  

compression  without  any  data losses. This approach can also reduce memory usage because it only uses the data 

of adjacent pixels, compared to the second approach. In the contrary to these advantages, the compression 

efficiency of this approach remains relatively very low. 

 

OVERVIEW OF THE PROPOSED SYSTEM 

4.1 The system overview 

The system overview considered in this project is shown in Fig. 4.1.It consists of transmitter and 

receiver part where once  the system receives an input frame of RGB color space of video frame and this color space 

is converted from RGB to YUV form and  this  conversion is performed to enhance the compression efficiency and 

robustness. After that, each input frame is divided into blocks of different sizes to prevent the propagation of 

transmission errors. Next, image compression is performed based on different compression techniques for each 

block independently. then, Reed-Solomon encoding is applied as a countermeasure for transmission errors to detect 

and correct the error if any. Then each block is packetized and these packets are transmitted over wireless 

channels with 8×8 MIMO-OFDM modulation. and at the receiver end demodulation and decoding is done to get 

back the sequence without degradation or loss . 

Functional blocks shown in Fig.4.1 are roughly classified into three parts:  

• image compression part,  

• error correction part ,and  

• wireless transceiver part.  

The following section, describes an overview of each functional block. 
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Fig 4.1.: System overview of a lossless video transmission system 

 

4.2. MIMO-OFDM wireless transmitter and reciever part 

 In this project, it uses an 8×8 MIMO-OFDM wireless transmission system is used based on IEEE 

802.11ac standard. The system uses radio waves of 5 GHz frequency band, eight spatial streams, and 80 MHz 

bandwidth for each. In this IEEE 802.11ac standard, configurations of  one  to  eight  spatial  streams  and  20 

MHz  to 160 MHz bandwidth are defined. I n  o r d e r  to deal with the conditions of transmission channels, some 

parameter are considered by setting certain standard values, such as coding rate of the convolutional coding and 

sub-carrier modulation schemes such as BPSK ,QPSKQ,QAM etc are defined.  

 

TABLE II.        RELATION  BETWEEN  MCS AND  BIT-RATE  IN 8×8 MIMO 
     80 MHZ BANDWIDTH CONFIGURATION . 

  
 

MCS Modulation Coding rate Bit rate 

0 BPSK ½ 234 Mbps 

1 QPSK ½ 468 Mbps 

2 QPSK ¾ 702 Mbps 

3 16-QAM ½ 936 Mbps 

4 16-QAM ¾ 1404 Mbps 

5 64-QAM 2/3 1872 Mbps 

6 64-QAM ¾ 2106 Mbps 

7 64-QAM 5/6 2340 Mbps 

8 256-QAM ¾ 2808 Mbps 

9 256-QAM 5/6 3120 Mbps 
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4.3.Video compression part 

      High-speed but low-power video compression which can be implemented by low hardware resources is required 

to the video compression part .The algorithm utilized in this project, is same as the existing method ,so we explain 

the algorithm briefly in following sections 

 The algorithm used here performs compression by using the information of two pixels that are adjacent 

to the left and above of the target pixel and here spatial correlation is considered.  

  

Block diagram of video compression algorithm. 

Golomb-Rice coding 

 Golomb-Rice coding first converts an input value to �-bit binary code and then codes upper (�-�)-bit with 

unary codes while lower � bits are left as they are.Unary coding outputs series of 1 whose number is same as of the 

input value and outputs 0 as a separator bit at the end. 

Adaptive binary  coding :  If  �1 ≤  �   ≤  �2    where the target pixel value and two adjacent pixel values are  

� ,�1 , and �2 , respectively, we use a geometric based  adaptive binary coding to code prediction error �, 

which  is � − �1 or �2 − � . 

Color-space conversion 

 In the proposed system, we utilize color-space conversion. Since variance of chrominance values is 

smaller than that of luminance, chrominance compo- nents can be compressed efficiently compared to the 

luminance component. When input is RGB, the input is converted to YUV before compression in order to improve 

compression ratio in the proposed system. 

RGB Color Space: The red, green, and blue (RGB) color space is widely used throughout computer 

graphics. Red, green, and blue are three primary additive colors (individual components are added together to form a 

desired color) and are represented by a three-dimensional, Cartesian coordinate system. The indicated diagonal of 

the cube, with equal amounts of each primary component, represents various gray levels. The RGB color space is 

the most prevailing choice for graphics because color displays use RGB to form the preferred color. hence, the 

preference of the color space simplify the construction of the complete system, since this color space has been 

approximately for a number of years.   
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To support reversible color transformation from RGB to YUV, in the case of general YUV conversions such as 

that used in MPEG series or other systems, bit length of each pixel component in YUV color-space should be more 

than that in original RGB color-space. To solve this problem, reversible color transformation (RCT) is used in 

JPEG2000[6], which is  one  of  image  compression standards. In the case  of  8- bit input for each RGB 

component, the original RGB pixel can be restored from 8-bit luminance and 9-bit chrominance component. 

RCT and inverse RCT are shown as follows  

Y=[R+2G+B/4] 
U=B-G 
V=R-G 
 

G=Y-[U+V/4] 
R=V+G 
B=U+G 
 

In order to convert RGB to YUV form we can also use the equation shown below 

Y= 0.299R+0.587G+0.114B 

U=0.493(B-Y) 
V=0.877(R-Y) 
 
In the proposed system, RCT is used for color-space conversion. 

 

4.4 Transmission error concealment part 

 

In the previous sections, the video compression algorithm used in the proposed system is described. 

However, because of the use of information on adjacent pixels to restore the pixel data, there is a problem 

that the value of adjacent pixels is changed from its original value by transmission errors. In this case, the 

algorithm cannot restore any following pixels correctly. Therefore, we utilize a method to restore data using Reed-

Solomon error correcting code. In addition, we divide video frames into blocks to narrow the affected area. 

 

Reed-Solomon error correcting code:   

 Reed-Solomon code is one of the error detecting and correcting codes. Due to its high performance, Reed-

Solomon code is widely used from optical media storages, such as DVD and CD, to communication technologies 

such as digital terrestrial broadcasting . 

 

 Reed-Solomon code treats multiple bits as a symbol and forms code-words with multiple symbols. 

Assuming that  �, and � represent the number of bits, symbols, the original data symbols in one code-word, 

respectively, these  numbers follow.� − � is the number of the redundant symbols generated by the Reed-

Solomon encoding.  

It can detect � − � pieces of symbol errors, and correct (� − )/2 pieces of symbol errors. The generated Reed-

Solomon code is called �(�, � ). 
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Block division of video frames: When

occurs, it  is  not  possible  to  restore  

compression is performed for each frame,

restored. To alleviate this problem, the

independently. Each block is processed,

division also facilitates parallelization

 

5. RESULT ANALYSIS AND PERFORMANC

5.1 compression efficiency Evaluation

In this chapter the results are evaluat

we already know that the compression algorithm

prediction, evaluation can be performed using

video which is divided into several frames and 

MIMO  system 

Table III. For without compression without RS Encoder and 8x8 MIMO

SNR Compression ratio

-5 100 

-4 100 

-3 100 

-2 100 

-1 100 

0 100 

5 100 

 

Table IV
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When the transmission error that cannot be corrected by Reed

 the  original  data,  and  is  no longer a lossless transmission. H

frame, when an error occurs at a pixel in the frame, no subsequent

the compression is performed for each small block divided

cessed, Reed-Solomon encoded, and transmitted as a different pac

parallelization of the compression/decompression process 

ANALYSIS AND PERFORMANCE E VALUAT ION 

ficiency Evaluation results 

aluated by the performance of the applied compression algorithm.

compression algorithm does not have any time domain process

performed using video frames as still images as an input. Figure

which is divided into several frames and used in this evaluation to compare compression efficiency of OFDM

 

. For without compression without RS Encoder and 8x8 MIMO 

Compression ratio BER PSNR 

0.0154 23.28 304.87

0.0081 25.99 163.64

0.00403 28.78 86.05

0.00171 32.57 35.93

0.00059 36.61 14.171

0.00017 44.53 2.28

0 ∞ 0

Table IV. For with compression with RS Encoder and  8x8 MIMO 
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Reed-Solomon code 

transmission. However, if the 

subsequent data can be 

vided from input frame 

ferent packet. This block 

algorithm. Because As 

process, like as inter-frame 

Figure 7.1 shows  input 

to compare compression efficiency of OFDM-

MSE 

304.87 

163.64 

86.05 

35.93 

14.171 

2.28 

0 
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Table V. For with compression without RS Encoder and 8x8 MIMO 

 

Tables above show the compression ratio for each input still  image of a video sequence using various SNR 

values. From these tables, it can be seen that the compression ratio of image for different combinations  is differed 

.Since image  contains more fine textures such as a part of road,vehicle, it is considered that it makes the 

correlations of adjacent pixels low and that it leads the bad compression ratio. It should be noted that the 

compression ratio varies depending on the spacial redundancy of the input data in the lossless compression 

algorithm. Since the output bit rate varies depending on the different frames or scenes, it is necessary to use some 

averaging process, such as buffering the output data. 

 
5.2 wireless transmission Evaluation using 802.11n 

In this part, evaluated the video quality when there is a  transmission error. This  evaluation is  

conducted using wireless transmission simulator. Transmitted video sequence is 1920×1080 resolution, 15 

frames per second, and 1 second length (total 15 frames). Its uncompressed bit-rate is about 1.5 Gbps. The 

block size used in this evaluation is 302×302 for better balance of both packet overhead and memory usage. 

 
 
 

SNR Compression ratio BER PSNR MSE 

-5 18.67 0 38.79 8.577 

-4 18.67 0 38.79 8.577 

-3 18.67 0 38.79 8.577 

-2 18.67 0 38.79 8.577 

-1 18.67 0 38.79 8.577 

0 18.67 0 38.79 8.577 

2 18.67 0 38.79 8.577 

5 18.67 0 38.79 8.577 

SNR Without RS With RS 

10 0.3333 0.33 

12 0.166 0.166 

14 0.04166 0.031 

16 0.010416 0.004 

18 6.51042e-5 0 

20 6.51042e-5 0 

22 6.51042e-5 0 
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Conclusion and Future Work 

 
In the study of this project, investigated the anti-technology to transmission error required for, and lossless 

compression algorithm, and targeting wireless transmission of high definition video signal sequence with no loss 

of information and no quality degradation, over an 8×8 MIMO-OFDM wireless transmission system. From the 

evaluation results that are intended to be in the wireless transmission environment, we confirmed that the 

transmission without quality loss of high-definition video are possible in the condition of different SNR or 

more with BPSK modulation technique. 

In order to extend the condition of transmission without degradation and error free sequence is possible, we will 

have to go for high end technologies such as the compression algorithm with higher compression ratio, 

more effective error correcting methods, and retransmission control upon detecting a transmission error correcting 

it. 
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