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ABSTRACT:
The paper studies the use of frame resizing by zooming as a compression technique
to achieve Constant Bit Rate (CBR) live video transmission. Most video compression
techniques provide a relatively constant level of decoded video quality, but, at the
expense of Variable Bit Rate (VBR) outputs. This will result in an inefficient usage of the
available bandwidth, and the decoder has to buffer a suitable amount of data before it
can play the received stream. This results in a variable overhead delay depending on the
variation in the bit rate. Conversely, a CBR technique can efficiently occupy the
available bandwidth with constant overhead delay and buffer size, but, at the expense of
variable decoded video quality.
The Peak Signal to Noise Ratio (PSNR) is used in the computer simulation tests to
measure video quality. The tests show that variation of video quality in a CBR system
employing frame resizing is still acceptable (PSNRav>25 dB) for resizing factors greater
than 40%. Moreover, the tests show that the resizing technique, when compared to
conventional video compression techniques, is more immune to additive Gaussian noise,
since it involves an interpolation process which averages out part of the added noise.
:ﺍﻝﻤﺴﺘﺨﻠﺹ
ﻴﻬﺘﻡ ﻫﺫﺍ ﺍﻝﺒﺤﺙ ﺒﺩﺭﺍﺴﺔ ﺍﻤﻜﺎﻨﻴﺔ ﺍﺴﺘﻌﻤﺎل ﺘﻘﻨﻴﺔ ﺘﻜﺒﻴﺭ ﻭ ﺘﺼﻐﻴﺭ ﺍﻝﺼﻭﺭ ﻻﺩﺍﺀ ﻭﻅﻴﻔﺔ ﻀﻐﻁ ﺍﻝﺒﻴﺎﻨﺎﺕ ﻓﻲ ﺍﻨﻅﻤﺔ
 ﺍﻥ ﻤﻌﻅﻡ ﺍﻨﻅﻤﺔ ﺍﺭﺴﺎل ﺍﻝﻔﻴﺩﻴﻭ ﺘﻭﻓﺭ ﺍﻤﻜﺎﻨﻴﺔ ﺍﻝﺤﺼﻭل ﻋﻠﻰ ﻤﺴﺘﻭﻯ.ﺍﻻﺭﺴﺎل ﺍﻝﺤﻲ ﻝﻠﻔﻴﺩﻴﻭ ﺫﺍﺕ ﺴﺭﻋﺔ ﺍﻻﺭﺴﺎل ﺍﻝﺜﺎﺒﺘﺔ
 ﻤﻤﺎ ﻴﺅﺩﻱ ﺍﻝﻰ ﺍﻨﺨﻔﺎﺽ ﻜﻔﺎﺀﺓ.ﺜﺎﺒﺕ ﻨﺴﺒﻴﺎ ﻝﺠﻭﺩﺓ ﺍﻝﻔﻴﺩﻴﻭ ﺍﻝﻤﺴﺘﻠﻡ ﻭﻝﻜﻥ ﺫﻝﻙ ﻴﻜﻭﻥ ﻋﻠﻰ ﺤﺴﺎﺏ ﺴﺭﻋﺔ ﺍﺭﺴﺎل ﻤﺘﻐﻴﺭﺓ
ﺍﺴﺘﺨﺩﺍﻡ ﻋﺭﺽ ﺍﻝﻨﻁﺎﻕ ﺍﻝﺘﺭﺩﺩﻱ ﺍﻝﻤﺘﻭﻓﺭ ﻝﻘﻨﺎﺓ ﺍﻻﺘﺼﺎل ﻭ ﻀﺭﻭﺭﺓ ﺨﺯﻥ ﻜﻤﻴﺔ ﻜﺒﻴﺭﺓ ﻤﻥ ﺍﻝﺼﻭﺭ ﻓﻲ ﺫﺍﻜﺭﺓ ﺍﻝﻤﺴﺘﻠﻡ
 ﺒﻴﻨﻤﺎ ﻋﻨﺩﻤﺎ ﺘﻜﻭﻥ ﺴﺭﻋﺔ ﺍﻻﺭﺴﺎل ﺜﺎﺒﺘﺔ ﻓﺘﻜﻭﻥ ﻜﻔﺎﺀﺓ ﺍﺴﺘﺨﺩﺍﻡ.ﺍﻝﻤﺅﻗﺘﺔ ﻗﺒل ﺍﻥ ﻴﻜﻭﻥ ﺍﻝﻔﻴﺩﻴﻭ ﺍﻝﻤﺴﺘﻠﻡ ﻗﺎﺒﻼ ﻝﻠﻌﺭﺽ
.ﺍﻝﻘﻨﺎﺓ ﻋﺎﻝﻴﺔ ﻭ ﺤﺠﻡ ﺍﻝﺫﺍﻜﺭﺓ ﺍﻝﻤﺅﻗﺘﺔ ﺼﻐﻴﺭﺍ ﻭ ﻝﻜﻥ ﺍﻝﺜﻤﻥ ﻫﻭ ﻤﺴﺘﻭﻯ ﺠﻭﺩﺓ ﻤﺘﻐﻴﺭ
 ﻜﻤﻘﻴﺎﺱPSNR ﺘﻡ ﻓﻲ ﻫﺫﺍ ﺍﻝﺒﺤﺙ ﺘﻨﻔﻴﺫ ﻤﺤﺎﻜﺎﺓ ﺒﻭﺍﺴﻁﺔ ﺍﻝﺤﺎﺴﻭﺏ ﻝﻨﻅﺎﻡ ﺒﺙ ﻭ ﺍﺴﺘﻼﻡ ﻓﻴﺩﻴﻭ ﺤﻴﺙ ﺍﻋﺘﻤﺩ
 ﺍﻅﻬﺭﺕ ﺍﻻﺨﺘﺒﺎﺭﺍﺕ ﺍﻥ ﻨﻅﺎﻡ ﺍﻝﺒﺙ ﺍﻝﻤﻘﺘﺭﺡ ﻴﻭﻓﺭ ﻤﺴﺘﻭﻯ ﻤﻘﺒﻭﻻ ﻝﺠﻭﺩﺓ ﺍﻝﻔﻴﺩﻴﻭ ﺍﻝﻤﺴﺘﻠﻡ.ﻝﺠﻭﺩﺓ ﺍﻝﻔﻴﺩﻴﻭ ﺍﻝﻤﺴﺘﻠﻡ
 ﻭ ﺍﻥ ﺍﻝﻨﻅﺎﻡ ﺍﻝﻤﻘﺘﺭﺡ ﻴﻤﺘﻠﻙ ﺤﺼﺎﻨﺔ. ﻤﻥ ﺍﻝﺤﺠﻡ ﺍﻻﺼﻠﻲ%٤٠ ( ﻝﻤﻌﺎﻤل ﺘﺼﻐﻴﺭ ﻴﺼل ﺍﻝﻰPSNR >25 dB)
 ﻓﺎﻥ ﺒﺴﺎﻁﺔ ﺍﻝﻨﻅﺎﻡ، ﺒﺎﻻﻀﺎﻓﺔ ﻝﻤﺎ ﺘﻘﺩﻡ.ﻝﻠﻀﻭﻀﺎﺀ ﺍﻝﻤﻀﺎﻑ ﻓﻲ ﻗﻨﺎﺓ ﺍﻻﺘﺼﺎل ﺍﻜﺒﺭ ﻤﻥ ﺍﻻﻨﻅﻤﺔ ﺍﻝﻘﻴﺎﺴﻴﺔ ﺍﻝﻤﺸﺎﺒﻬﺔ
.ﺍﻝﻤﻘﺘﺭﺡ ﻤﻘﺎﺭﻨﺔ ﺒﺎﻻﻨﻅﻤﺔ ﺍﻻﺨﺭﻯ ﺘﺠﻌﻠﻪ ﻤﻨﺎﺴﺒﺎ ﻝﻼﺴﺘﻌﻤﺎل ﻓﻲ ﺘﻁﺒﻴﻘﺎﺕ ﺍﻝﺒﺙ ﺍﻝﺤﻲ ﻝﻠﻔﻴﺩﻴﻭ
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Recently, the subject of live digital video streaming over computer networks like the
Internet, has received a significant research effort. This is due to the growing demands on
services like steaming live satellite channel programs, video chat, and video conferencing on
the Internet [1].
Video streaming systems rely on compression algorithms to minimize storage,
transmission bandwidth, and hence the overall cost [2]. The choice of video coding and
encoding parameters affects the coded bit rate, quality of the decoded video sequence, and the
computational complexity of the video codec. At the same time, practical limits determined
by the processor and the transmission environment put constraints on the bit rate and image
quality that may be achieved. Therefore, it is important to control the video coding process in
order to maximize compression performance while remaining within the practical constraints
of the transmission and processing.
There are many approaches to achieve video compression, such as Motion JPEG (M-JPEG),
MPEG 1, 2, 4, etc, H.261, H.265, DV25, … etc [2]. They are based on combinations of basic
compression techniques like:
 Variable length coding such as Huffman and arithmetic coding
 Run Length Encoding (RLE)
 Quantization
 Scaling
 Transformation
 Temporal compression
 Object detection and motion compression, etc.
An important aspect of video compression is the bit rate mode that is used. In most video
compression systems, it is possible to select if the bit rate should run in CBR mode or
Variable Bit Rate (VBR) mode [3,4]. The optimal selection depends on the application and
available communication infrastructure. With a limited link bandwidth, the preferred mode is
normally CBR, since this mode generates a constant and predefined bit rate. The disadvantage
is that image quality will vary and while it will remain relatively high when there is no motion
in the image scene, the quality will significantly decrease with increased motion [3].
On the other hand, the VBR mode will maintain a high, if so defined, image quality regardless
of motion or no motion in the image scene. This is often desirable in security and surveillance
applications when there is a need for high quality, especially if there is motion in the picture
[2]. Even though, in VBR systems, a maximum bit rate is defined and the available link
bandwidth for such a system needs to have a suitable capacity. However, there are times,
during the video transmission session, at which the actual bit rate slows down under its
maximum value resulting in bandwidth wasting, especially in circuit switched networks.
There is no problem with VBR in cases such as saving the compressed video in a file for
playback on a computer. But, if this file is to be available for video streaming, it can be a
problem for the receiver to download and simultaneously display a transmission over the
network that seems to slow down and speed up throughout the broadcast. For these
applications it is better to have a CBR, where there is a constant amount of data being
transmitted regardless of what the original video looked like.
There are many techniques to regulate the VBR. The simplest of these is to use a buffer
memory to accumulate the data and then transmitting it at a CBR [5]. The size of this buffer
memory must be large enough to maintain a CBR output. The main two disadvantages are the
delay and added hardware complexity.
In the literature, a lot of work is done to optimize the parameters like the bit rate, delay,
buffering, quality, etc, of standard video compressors to suit specific applications [6]. But the

point is that these standard video compressors involve relatively complicated algorithms
making optimizing their parameters to suit many applications not successful always. Other
works aim to enhance the reconstructed video quality allowing certain amounts of drawbacks
in other parameters such as system complexity and delay. This aim is achieved by employing
different error correction schemes like in [7,8,9,10]. In addition to this, motion compensation
is used [11,12] resulting in more system complexity.
Specifically, a video compressor to be used for live video streaming has to have the
following basic features:
1. Simple and hence fast.
2. Produce a CBR for efficient link bandwidth occupation and constant overhead and
buffer size.
3. Maintain acceptable amount of loss in decoded video quality.
In this paper, only frame resizing is used to compress video sequences due to its simplicity
relative to standard video compressors and its ability to produce CBR outputs. The work
investigates the amount of quality loss at different resizing factors to determine the margin of
acceptable operation. Moreover, the immunity of the proposed video compressor to additive
noise is evaluated and compared to that of the standard video compressor M-JPEG.
MODEL OF THE SYSTEM:
Figure 1 shows the model of the CBR video transmission system based on frame resizing
(VTFR). The system consists of the video compression, communication channel, and video
decompression blocks.
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Figure 1 Model of the proposed video transmission system

At the transmitter side, the video compression block compresses each individual frame in the
original video sequence to a smaller size using a zooming-out technique. Therefore, the
compression factor, k, for all of the frames of the video sequence is the same, and it is defined
as
size of the compressed frame
K=
(1)
original size of the frame
Next, the compressed frames pass the communication channel. They are affected by the
filtered additive Gaussian noise introduced by the channel. Then, at the receiver, each
individual compressed frame is enlarged using the bilinear interpolation image zooming
algorithm, with an enlargement factor of 1/k to restore the original frame size.
However, the two main sources of error in this system are:
1. The lossy compression technique.
2. The effect of the communication channel.

These will affect the quality of the received video sequence. A suitable measure for the
quality of the decoded video stream is the Peak Signal to Noise Ratio (PSNR) defined in [2]
as
255
PSNR = 20 log
M −1 N −1
(2)
2
1
M× N ∑∑ (f ( x , y ) − f̂ ( x , y))
x =0 y=0

where
the constant 255 is the maximum pixel value in a frame
M×N are the dimensions of an uncompressed frame
f ( x , y) is an uncompressed frame

f̂ ( x, y) is a reconstructed frame
The PSNR is to be calculated for each individual reconstructed (received) frame to show
the degradation in its quality with respect to its original version.
COMPUTER SIMULATION AND RESULTS:
The performance of the video transmission system based on frame resizing is
evaluated by using the Matlab software package. A gray-level video file containing 1000
frames is used in the tests. After removing the header of the video file, each frame is extracted
as a (1024×850)-pixel bit map digital image to be manipulated individually by the system.
The performance of the tested VTFR system is compared to that of a video
transmission system based on the well-known image compressor JPEG. When the JPEG
technique is used to compress every frame of a video sequence individually, it is known as
Motion-JPEG (M-JPEG). The M-JPEG is selected to be used in the tests as a reference system
for performance comparison because it is similar to the VTFR in that they deal with every
frame of the video file separately, unlike other standard video compressors such as MPEGs
which process multiple frames simultaneously.
Recall the definition of the compression factor, k, from eq.(1), the value of k in the MJPEG system is variable depending on how much the JPEG is able to compress a specific
frame. This is clear from Fig. 2, which shows a plot of k for the M-JPEG system when it is
used to compress the 1000-frame test video sequence. The average value of k for this case is
0.334.
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Figure 2 M-JPEG compression factor

On the other hand, the compression factor of the frame resizing technique is a
predetermined constant-value parameter (eg. 0.2, 0.4, 0.6, …etc). This is because frame
compression is achieved by ignoring a number of pixels from that frame such that a specific

compressed size is resulted. However, the decompression process is based on interpolating the
pixels of the received compressed frame to calculate estimates of the missing pixels to
reconstruct the original frame. In the simulations, the bi-cubic interpolation process is used.
As a result, the VTFR system produces a CBR output leading to efficient usage of the
available bandwidth. The system requires a relatively small buffer memory enough to
accommodate a single frame. Moreover, the compression and decompression processes are
simple and do not require gathering any kind of statistical information nor use code look-up
tables leading to small file headers and constant overhead delay.
Conversely, the M-JPEG system produces a VBR output leading to inefficient
bandwidth utilization. The M-JPEG system needs to buffer many frames in order to regulate
the output bit rate. Moreover, the compression and decompression processes are relatively
complex. They involve many stages such as transformation, quantization, RLE, and variable
length coding which needs gathering statistical information on the data to be compressed, and
storing look-up tables leading to long and variable length headers and overhead delay.
Another important parameter in video transmission is the quality of the reconstructed
video stream. Figure 3 shows the PSNR calculated for each individual frame of the 1000frame video file used in the tests. This is repeated for the M-JPEG system and the VTFR
system with k=0.2, 0.4, 0.6, and 0.8. In order to observe the effect of the compression and
decompression processes on the quality of the reconstructed video stream, a perfect channel
and an infinite Signal to Noise Ratio (SNR) are assumed in the tests of Fig. 3. This figure
shows that the best (highest) relative quality is achieved by the M-JPEG system and then by
the VTFR system with k=0.8, 0.6, 0.4 and the worst quality is for k=0.2. The interpretation is
that frame resizing involves a certain amount of data loss, which is inversely proportional
with the value of k. That is, the greatest loss of data occurs for k=0.2 resulting in the worst
quality.
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Figure 3 PSNR for ideal channel

The average value of the PSNRs plotted in Fig. 3 are shown in Table 1, where

PSNR av =

1 1000
∑ PSNR i
1000 i =1

(3)

where PSNRi is the PSNR of the ith frame in the tested video file.
Table 1

Compression
scheme
PSNRav (dB)

M-JPEG
33.674

PSNRav for infinite SNR

k=0.8
32.623

Resizing
k=0.6
k=0.4
29.99
26.797

k=0.2
23.737

However, by playing back these decompressed videos, it is concluded that the margin
value of the PSNR over which the video quality is visually acceptable is about 25 dB.
Therefore, the M-JPEG and the VTFR with k=0.8, 0.6, and 0.4 can achieve acceptable video
quality. Among these, the VTFR with k=0.4 is the most suitable from the link bandwidth
efficiency point of view.
Next, the effect of Additive Gaussian Noise (AGN) on the quality of the decompressed
video sequence is investigated. The tests of Fig. 3 are all repeated three more times, once for a
specific value of SNR. Figures 4, 5, and 6 show the PSNR resulted from these tests for
SNR=20, 30, and 40 dB, respectively. For SNR of 20 and 30 dB (Figs. 4 and 5), all of the
tested systems suffer from a great degradation in PSNR.
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Figure 4 PSNR for SNR=20 dB
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Figure 6 PSNR for SNR=40 dB

Tables 2 and 3 give the amount of degradation in PSNRav for each test case with respect to the
case of no AGN which is given in Table 1.
Table 2 PSNRav at SNR=20 dB

Compression
scheme
PSNRav (dB)
Degradation in PSNRav
w.r.t. SNR→∞

8.967

k=0.8
10.522

Resizing
k=0.6
k=0.4
10.437 10.402

k=0.2
10.305

24.707

22.101

19.553

16.395

13.432

k=0.2
22.367
1.369

M-JPEG

Table 3 PSNRav at SNR=30 dB

Compression
scheme
PSNRav (dB)
Degradation in PSNRav
w.r.t. SNR→∞

26.922

k=0.8
27.729

Resizing
k=0.6
k=0.4
25.518 24.737

6.753

4.893

4.473

M-JPEG

2.069

From these tables it is noted that the degradation in PSNRav of the M-JPEG is always
greater than those for the resizing technique for all tested values of k. Therefore, the VTFR
technique is more immune to AGN as compared to M-JPEG tested under the same conditions.
The reason is that the resizing technique decompresses the frames of the video sequence using
interpolation, which averages out part of the added noise. On the other hand, an M-JPEG
coded video corrupted with AGN is decoded to wrong pixel values causing more quality
degradation with respect to frame resizing which does not involve code mapping.
Moreover, Fig. 6 shows the case when the effect of noise is low, i. e., SNR=40 dB. As
given in Table 4, the degradation in PSNRav of the M-JPEG system is about 1 dB but it is
much smaller in the VTFR system especially for k=0.8, which is about 0.1 dB, and it is about
0.3 dB for k=0.4.

Table 4 PSNRav at SNR=40 dB

Compression
scheme
PSNRav (dB)
Degradation in PSNRav
w.r.t. SNR→∞

32.653

k=0.8
32.521

Resizing
k=0.6
k=0.4
29.669 26.486

1.021

0.102

0.321

M-JPEG

0.311

k=0.2
23.255
0.482

The time required by the VTFR system (with k=0.4) to reconstruct a single received
frame is calculated using the 'CPUTIME' in Matlab, to be 31.3 ms. This means that within the
time of one second, about 32 frames can be reconstructed which is greater than 26 or 30
which are the standard numbers of displaying frames per second in video sequences.
The tests and results presented so far show that the most suitable value of k to be used in
the VTFR system is 0.4. This is because it is the smallest value of k that gives acceptable
degradation in the PSNRav of the reconstructed video file. However, although the average
compression factor of the M-JPEG is 0.334, the VTFR with k=0.4 is more immune to AGN
and has all the advantages of CBR video transmission.

CONCLUSIONS:
In this paper a CBR video transmission system is proposed to be implemented using a
simple frame resizing technique, VTFR. Having a CBR output, the proposed system can
efficiently occupy the available bandwidth and it is much simpler than the available standard
video compressors. It requires a much smaller buffer memory and it does not involve
transformation, gathering any kind of statistical information nor the use of code look-up
tables. Therefore, the compressed sequence has a smaller header and a predefined constant
overhead delay, making it possible and easy to receive and simultaneously display a live
video broadcast. However, all of these advantages are at the expense of variable received
video quality.
Extensive computer simulation tests show that the VTFR with a resizing factor of 0.4
can achieve a performance with an acceptable amount of PSNRav (>25 dB). Whereas an MJPEG system, tested under the same conditions, produces a VBR output with an average
compression factor of 0.334 and a slightly better reconstructed video quality. Then, the VTFR
with k=0.4 is more suitable from the link bandwidth efficiency point of view. Moreover, the
tests are repeated under different SNR conditions. The results show that the VTFR with k=0.4
is more immune to additive Gaussian noise than the tested M-JPEG. Therefore, it can be
concluded that the proposed VTFR is suitable to be used in real-time video transmitted over
band-limited links exposed to additive noise.
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