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Abstract:    This paper focuses on the mechanism underlying the overall delay of a real-time video communication system from the 
time of capture at the encoder to the time of display at the decoder. A detailed analysis is presented to illustrate the delay problem. 
We then describe a statistically uniform intra-block refresh scheme for very low delay video communication. By scattering in-
tra-blocks uniformly into continuous frames, the overall delay is significantly decreased, and object changes in the scene could be 
presented to the end user instantly. For comparison, the overall delay and the peak signal-to-noise ratio (PSNR) performance are 
tested. The experiment results show that an average of approximately 0.1 dB PSNR gain on average is obtained relative to random 
intra-macroblock refresh algorithm in H.264 JM, and the end-to-end delay performance is significantly improved. 
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1  Introduction 
 
H.264, like other existing video coding standards, 

employs hybrid coding techniques including discrete 
cosine transform (DCT) and motion compensated 
prediction, and provides high efficiency coding tools 
that make real-time video transmission possible on a 
band-limited channel (Yu and Wang, 2010). However, 
it does not consider end-to-end delay. Rate control 
algorithms (Liu et al., 2007; Hong et al., 2010; Chang 
et al., 2012; Lee and Sull, 2012) and network opti-
mization frameworks (Song, 2011; Asioli et al., 2012; 
Bobarshad et al., 2012; Choi et al., 2012; Faucheux et 
al., 2012) for low-delay video coding and transmis-
sion have been comprehensively studied in recent 
years. However, such approaches remain insufficient 
for delay-sensitive video communication in certain 

applications, such as human-aided machine control 
and early warning (Murata et al., 2011). One typical 
example of video-based human-aided machine con-
trol is docking of spacecraft with the spacestation. An 
example of early warning is video-based fire warning. 
End-to-end delay and quick-look performance are 
important indicators in such applications. Operators 
prefer being provided with rough image information 
instantly, to a clearer but tardy video image. Typically, 
end-to-end delay should be no greater than 200 ms 
(Hong et al., 2010) and a lower delay is preferred.  

Successive pictures are supposed to be taken 
together as a group of pictures (GOP) in H.264, as 
well as other conventional video coding schemes. A 
GOP always begins with an intra-coded frame, which 
is followed by inter-coded frames. Only a small 
number of macroblocks (MBs) in an inter-frame are 
selected as intra by the rate distortion optimization 
(RDO) algorithm, because of the temporal redun-
dance between consecutive frames. Therefore, the 
number of bits consumed for encoding an inter-frame 
is expected to be significantly smaller than that of an 
intra-frame. Rate control algorithms always exploit 
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this property, and thus allocate more bits to an intra- 
frame. Thus, the delay attributed to the transmission 
of an intra-frame becomes the primary component. 

Intra-block refresh is a well-known technique to 
mitigate error propagation. An adaptive intra update 
scheme was first introduced by Liao and Villasenor 
(1996) in H.263, and a significant improvement in the 
error-prone channel was achieved. Subsequently, the 
periodic intra-coding of contiguous blocks, random 
blocks, or the entire frame was proposed. Zhang et al. 
(2000) further improved the rate-distortion based 
mode selection methods and proposed a recursive 
optimal per-pixel estimate algorithm (ROPE). The 
algorithm achieves improved performance because of 
its accurate estimation of the overall distortion of a 
decoded frame at the encoder. ROPE was then ex-
tended by Zhang et al. (2007) to include sub-pixel 
prediction. Ali et al. (2011; 2012) proposed a cyclic- 
line MB refresh algorithm to mitigate the lossy 
channel, and another intra-refresh algorithm based on 
epitomic analysis was presented by Wang et al. 
(2010). However, the algorithms focused on error- 
resilience performance and had nothing to do with 
end-to-end delay.   

In this paper, the overall delay of a real-time 
system was analyzed from the time of capture at the 
encoder to the time of display at the decoder. Analysis 
shows that the maximum delay stems from the frame 
with the maximum encoded bit size. A statistically 
uniform intra-block refresh (SUIBR) scheme was 
then proposed. The number of intra-coded MBs was 
statistically uniformly distributed in each frame, and 
for each MB location in a frame, the temporal refresh 
interval was approximately equal to the GOP size. 
The end-to-end delay was evidently decreased. A 
comparison between the proposed algorithm and the 
random intra-refresh algorithm shows an average of 
0.1 dB gain. Additionally, the proposed algorithm 
outperforms the conventional coding scheme in terms 
of quick-look and error-resilience performance. 
 
 

2  Delay analysis 
 

In a typical hybrid video coding scheme in-
cluding H.264, video is usually processed on a frame 
basis. Once a frame is captured, it is sent to the video 
encoder, and the encoder then splits it into MBs. MBs 
are coded either in intra-mode or in inter-mode. The 

bits generated after coding are later transmitted to the 
decoder. At the decoder side, once bits for a whole 
frame are received, they are parsed and decoded; the 
decoded frame is then sent to display. Obviously, a 
delay in such a configuration comes from two parts: 
processing and transmission. For time-sensitive ap-
plications, to reduce the aforementioned processing 
delay, the video encoder should work on a scan line 
basis; i.e., once a line of MBs are captured, these MBs 
are encoded using the same technique as in the 
frame-based scheme, and bits for the line of MBs are 
then transmitted. Next, we use the latter scenario and 
analyze the overall end-to-end delay. Suppose the 
video frame rate is r, the video frame size in MB is 
w×h, the delays induced by encoding and decoding a 
row of MBs are respectively Tbe and Tbd, and the 
channel transmission time and delay are respectively 
Tt and Dc. Then the overall delay could be formulated 
as 

 

o be t c bd

1 1 1
,T T T D T

r h r
                (1) 

 

where the last term 1/r accounts for display and it 
indicates that, although encoding is carried out on a 
scan line basis, display is performed only when a 
whole frame is ready. As an example, we show typical 
delays when the common intermediate format (CIF) 
resolution video is encoded at the frame rate of 
25 frames/s. In such a scenario, 1/r is 40 ms, Tbe and 
Tbd are of the same order as (1/r)×(1/h) or about 2 ms 
in this case, and Dc is negligible. While Tt is depen-
dent on channel bandwidth and the counter of bits 
generated by the encoder, and should contribute to the 
most significant part of the end-to-end delay. 

2.1  Delay formation 

When coding is carried out on a scanline basis, 
the processing delay can be made as small as possible 
(assuming that capturing, encoding, and decoding can 
all be performed in real-time). However, generally, a 
transmission channel has a limited capacity; addi-
tionally, the bit error or erasure is generally un-
avoidable, and this in turn limits the transmission 
bandwidth. This way, a transmission delay is defi-
nitely unavoidable. It is well known that in a typical 
hybrid video coding scheme, a video sequence is first 
divided into groups called GOP. The first frame in a 
GOP is intra-coded, while the remaining ones are 
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inter-coded. The use of this structure is to avoid error 
propagation, which occurs when one of the reference 
frames is lost or errors occur during transmission. The 
GOP structure will stop error propagation from one 
GOP to another. In addition, intra-MB refresh can be 
adopted to further prevent the error propagation in 
pictures within a GOP. However, in a GOP, the intra- 
coded frame will consume a large portion of the bit 
budget for the whole GOP; typically, an intra-frame is 
about 10 times as large as any inter-frame in it. As 
such transmission of bits for intra-coded frame will 
result in extra end-to-end delay, we consider a video 
sequence with frame numbers {k|k=0, 1, 2, ···, kù}, 
and predefine a number of abbreviations for conven-
ience (Table 1).   

 
 
 
 
 
 
 
 
 
 
 

 
The formation of end-to-end delay is depicted in 

Fig. 1. Fig. 1 shows that the time interval from capture 
to the transmission of pi

t–pi
c is rationally equal to 

(1/r)(1/h)+Tbe, and the interval from the end of de-
coding to the start of displaying pi+1

r–pi
d is device- 

dependent. Thus, more attention should be paid to the 
delay from pi+1

r to pi
t. 

 
 
 
 
 
 
 
 

 
 
We first focus on the startup delay. The first 

frame of one sequence f 0 is always encoded as an 
intra-frame. The first bit is transmitted at p0

t, and the 
last pixel is decoded at p1

r. Assuming that the channel 

is stable with bandwidth B and delay Dc, the time 
interval for the transmission of one bit is 1/B. Thus, 
the transmission delay for frame f 0 is c0/B+Dc. Note 
that c0/B is the Tt term in Eq. (1). Given that c0/B is 
usually several times greater than 1/r, the transmis-
sion of bits for f 0 will last c0×r/B frames, and the 
display is postponed.  

The second frame f 1 is encoded instantly after 
being captured. However, the stream bits are queued 
in the buffer and could not be transmitted until bits for 
f 0 have been transmitted. Thus, all the following 
frames are held off.  

Thereafter, when the subsequent intra-frame f i is 
encoded, the bit stream will be buffered for a while 
and then transmitted at time point pt

i. 
The bit stream size is reasonably larger than 

those of other P frames. With a large probability, the 
frame will not have been totally received when it 
should have been displayed. Therefore, f i will be 
displayed at the next tick time, resulting in a further 
delay. The delay will be increased at all times unless 
display techniques are applied. An important fact is 
that, if ci>c0, the maximum delay on the channel is 
enlarged to ci/B+Dc for any i.  

To conclude, the maximum end-to-end delay 
depends on the maximum single frame bit size 
max{ci}.  

 
 

3 Statistically uniform intra-block refresh 
(SUIBR) algorithm 

 
To cut off the delay caused by the transmission 

of continuing intra-coded MBs in an I frame, we can 
scatter the intra-MBs to inter-frames in the GOP with 
statistically uniform distribution. Suppose the GOP 
length is g. If the following constraints are met, we 
could achieve a comparable video quality and evi-
dently decrease the end-to-end delay:  

1. The compulsory intra-coded MBs in one 
frame are subject to 2D uniform distribution.  

2. The average number of intra-MBs at each 
frame is equal to w×h/g.  

3. For co-located MBs in consecutive frames, the 
average intra-refresh interval is equal to g.  

4. For MBs that are not forced to be intra-coded, 
the coding mode is determined by the mode-selection 
algorithm.  

Table 1  Predefined abbreviations for end-to-end delay

Parameter Description 

f i ith input frame 

pi
c Capturing of frame f i starts 

pi
e Encoding of frame f i starts 

pi
t Transmitting of the bits for frame f i starts 

pi
r Receiving of frame f i starts 

pi
d Displaying of frame f i starts 

ci Bit counts for frame f i after compression 

B Bandwidth of the transmission channel 

Dc Channel delay 
 

Fig. 1  End-to-end delay in the traditional coding scheme
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Conditions 1 and 2 ensure that every spatial lo-
cation within a video frame is intra-refreshed with 
equal priority. Condition 3 ensures that, statistically, 
there is one intra-coded MB at a spatial location 
within the GOP length. Condition 4 ensures that the 
use of the new algorithm will not result in a dramatic 
performance loss. 

3.1  Algorithm model  

In H.264, if MB Bp, q with location [p, q] is in-
tra-coded using intra-prediction, it will impact its 
direct neighbors Bp+1, q, Bp−1, q+1, Bp, q+1, and Bp+1, q+1, if 
they are also intra-coded. This effect will further 
propagate to their neighbors by a diminishing factor 
Bp, q, and will also affect MBs in the next frame if they 
are inter-coded and choose Bp, q as their temporal 
prediction. Suppose the range of the motion vector is 
[−v/2, v/2] for both the horizontal and vertical direc-
tions. The maximum direct effect range of Bp, q in the 
next frame will be [−v/2, v/2]. The impact factor is high 
at the matched position and decreases with distance. 

The effect of one intra-coded MB could be 
modeled as follows: for a given video sequence of 
frame resolution w×h in MB size, a refresh factor 
matrix {R[x][y]|1≤y≤w, 1≤x≤h} and a threshold Tr is 
defined. For any MB at position [p, q], a refresh factor 
rp, q=R[p][q] is assigned. The value is reset to an ini-
tial value when the corresponding MB is intra- 
refreshed. This value is continuously decreased dur-
ing the encoding process when MB at location [p, q] 
is inter-coded. The refresh factor is a measurement of 
how imperative it is for the MB to be refreshed; a 
smaller value indicates a greater urgency.  

When MB Bp,q is being encoded, its initial coding 
mode is determined by the refresh factor. If rp, q<Tr, the 
MB is to be intra-coded, and only intra prediction 
modes are evaluated. Otherwise, its mode is left to be 
determined by the mode decision algorithm consi-
dering both intra- and inter-prediction. If MB Bp, q is 
decided to be intra-coded, its refresh factor and the 
refresh factors of the surrounding MBs will be  
updated.  

3.2  Refresh factor initialization 

The refresh factor is initialized at the startup of 
the encoding process. Given that the refresh process 
should not be sensitive to the initial value in a random 
access case, the initial values in R could be random 
integers ranging from 0 to the maximum allowed 

value. For simplicity, all the initial values could be set 
to zero, and the subsequent values could be left for the 
algorithm to determine. 

3.3  Factor update for neighboring MBs  

For factor update, a matrix U[v][v] is defined, 
where v is the motion vector range. Values in U are 
subject to 2D zero mean Gaussian distribution, with σ 
related to the motion intensity. If MB Bp, q is intra- 
refreshed, the factors centered at Bp, q and falling 
within the range [−v/2, v/2] in R[x][y] at both axes are 
updated. That is, if Bp, q is intra-coded, a squared box 
of refresh factors from Bp−v/2, q−v/2 to Bp+v/2, q+v/2 will be 
processed. For any MB Bp+i, q+j with offset [i, j], if 
R[p+i][q+j]≥U[i][j], R[p+i][q+j] will be left un-
changed; otherwise, it will be set to U[i][j]. 

3.4  Factor decay with time  

As MB Bp,q may be chosen as a temporal pre-
diction for MBs in the succeeding frame, it will also 
affect the MBs in the succeeding frame. This effect 
will last several frames. However, the impact factor 
should decrease with time. 

To map this property to the refresh factor matrix, 
a decaying constant rt is defined. When the encoding 
process moves on to the next frame, all the factors 
will be reduced by rt. To keep the value meaningful, 
the factor is clamped to 0.  

3.5  Constraints on refresh parameters 

To make the encoder adopting the proposed  
intra-refresh algorithm work in a similar way as it 
does when GOP structure is used, all parameters in 
the proposed algorithm should be related to the GOP 
length g.  

In accordance with the factor update rule for 
neighboring MBs, if rp,q<Tr, Bp,q will be intra-  
refreshed, and its neighboring refresh factors will be 
updated. We construct a local coordinate centered at 
the Bp,q as shown in Fig. 2. If Bp,q is intra-refreshed, d 
subject to Ud,0<Tr exists, and MB Bp+d,q will subse-
quently be intra-refreshed. The same condition holds 
for vertical axis. In this manner, one MB out of d2 
MBs will be intra-refreshed on average, and a total of 
w×h/d2 MBs will be intra-refreshed for each frame. 

To satisfy Eq. (2), d should be equal to .g   
 

 

r[ ][0] for .,U d T d g                (2) 
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When the encoding process moves on to the next 
frame, all factors in U are reduced by rt, and the MB 
Bp+d/2, q is expected to be refreshed to achieve a uni-
form distribution. Then, Eq. (3) should be satisfied: 

 

t r[0] .
2

d
U r T     

                       (3) 

 
Considering Eq. (3), the refresh interval for an arbi-
trary MB should be equivalent to g, such that the 
central update factor U[0][0] satisfies 
 

t[0][0] .U r g                          (4) 

 

3.6  Encoding and decoding processes 

In the proposed Algorithm 1, only the first frame 
is intra-coded and all the following frames are  
inter-coded. 

However, the bits for the intra-coded frame are 
discarded and not transmitted. The first reconstructed 
frame is used for inter coding of the following frames 
as in normal coding. Obviously, there is a mismatch 
between the encoder and decoder. This mismatch is 
mitigated by the proposed intra-refresh algorithm, 
which also reduces the end-to-end delay. For MBs in 
an inter-frame, their coding modes are initially de-
termined by the refresh factor. If the MB is not forced 
intra, the mode selection algorithm will take effect. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

4  Simulation results and analysis 
 

The proposed algorithm was integrated in H.264 
reference software JM14.2, and also integrated into a 
Texas Instruments (TI) DSP based video communi-
cation system. The performance of the proposed al-
gorithm was evaluated. The experiments included: 
intra-refresh performance, end-to-end delay, rate- 
distortion performance, quick-look, and error-  
resilience. Experiments were carried out either using 
test video sequences or using real scene video with 
different resolutions. 

We first evaluate the intra-refresh performance 
of the proposed algorithm. This is carried out to see if 
the proposed algorithm can achieve a truly uniform 
distribution of bits for each frame, and whether the 
number of intra-MBs in each frame is approximately 
equal. As the RDO-based mode decision in H.264 
will also choose an MB as intra, it is meaningful to 
evaluate the impact of the RDO-based mode decision 
on the performance of the proposed algorithm. For 
this purpose, three video sequences with resolutions 
of CIF (352×288), D1 (720×576), and 720P (1280 
×720) are used, and two sets of tests are carried out. 
First, RDO-based mode decision is forced to choose 
only from inter-modes. The results are shown in 
Fig. 3a. It can be seen that the allocated intra-MBs 
number for each frame is approximately equal, with 
slight fluctuations attributed to the frame boundary 
effect.  

Algorithm 1    Statistically uniform intra-block 
refresh (SUIBR) algorithm 

Initialize R 
Encode the 1st frame as I frame, and discard the bits. 
For subsequent frames: 
loop 
    for q=1 to h and p=1 to w do 
        R[p][q]=R[p][q]−rt 
        if R[p][q]≤Tr, then 
            force to encode B[p][q] with intra-mode 
            for i=−v/2 to v/2 and j=−v/2 to v/2 do 
                update refresh factor R[p+i][q+j] 
            end for 
        else  
            encode B[p][q] using the H.264 rate distortion  

optimization (RDO) algorithm 
        end if 
    end for 
end loop 

Fig. 2  Restriction on refresh parameters
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Next, random intra-MBs are inserted with a de-
finite probability to imitate the effect of RDO. The 
results for the three test video sequences with proba-
bilities of 3% and 7% are shown in Figs. 3b–3d and 
Table 2. The results showed that although the number 
of intra-MBs in each frame exhibits a relatively large 
fluctuation, the curve generally remains stable. 
Moreover, the mean value approaches the target value 
(Table 2). Here the target refresh interval should be 
equal to the assumed GOP size or g, while the target 
number of MBs refreshed per frame should be equal 
to w×h/g; i.e., each location will be refreshed once in 
GOP size g. In Table 2, the frame statistics indicates 
the average number of intra-MBs per frame (avg.) as 
well as the standard deviation (std.) for all MBs. 
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Fig. 3  Numbers of intra-MBs per frame with and without rate distortion optimization (RDO) at different 
resolutions: (a) without RDO; (b) CIF with RDO; (c) D1 with RDO; (d) 720P with RDO 

Table 2  Statistical data on intra-refreshed MBs per
frame and refresh interval for each MB 

Frame 
resolution

Sequence 
Frame stat.a MB stat.b

    Avg. Std. Max. Avg.

CIF 

Clarie 17.38 6.34 61 20.92

Container 16.35 3.67 46 22.96

Paris 17.01 2.64 36 21.97

Student 16.33 3.23 57 23.14

D1 
Children 66.15 14.56 33 23.03

Household 67.83 13.41 31 23.51

720P 
Bigships 129.17 20.01 51 26.74

Shuttlestart 134.37 17.25 77 25.35
a Number of intra-refreshed MBs per frame (Avg.) and the standard
deviation (Std.); b Maximum (Max.) and average (Avg.) refresh
interval for each MB 
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4.1  Transmission delay 

To evaluate the end-to-end delay of the SUIBR 
algorithm, we use a TI DSP based real-time video 
communication system. The system included a com-
plementary metal-oxide-semiconductor (CMOS) 
camera, an H.264 encoder board, and an H.264 de-
coder board. An Ethernet was established between the 
two boards. In addition, both sides contain display 
devices. Again, we used three different resolution 
videos for this test, but the videos were from real 
scene with time in ms unit overlaid on the top-left 
corner of each frame. The resolutions are the same as 
before, namely CIF, D1, and 720P. The bit rates for 
them are 0.5, 2.0, and 4.0 Mb/s, respectively. Accor-
dingly, the logical transmission channel is also made 
of the same width by consuming the remaining 
bandwidth with dummy data. The delay was meas-
ured by capturing the video displayed at the encoder 
and decoder sides with a digital camera, and calculat-
ing the difference of time displayed on the two videos. 

The proposed algorithm and a reference one are 
used in this test. The reference method is with a de-
fault encoding configuration in JM14.2 (JM Online, 
2010), and for fair comparison, it was also improved 
to work on a scan line basis, but without intra-refresh. 

Table 3 shows the test results for the proposed 
algorithm and the reference method. The results are 
obtained by averaging results over 30 runs. It can be 
seen that the end-to-end delay of the proposed algo-
rithm is dramatically decreased. 

 
 
 
 
 
 
 

 
 
 
 
 
 
 
 
 
 
 

 

 
 
 

 
 
 

4.2  Rate-distortion comparison 

The rate-distortion (RD) performance of the 
proposed algorithm is compared with that of the 
random intra-refresh (RndIBR) algorithm applied in 
H.264 JM14.2 (JM Online, 2010), in which each MB 
is assigned a random number. At the mode decision 
stage of the encoding process, MBs with a specific 
assigned number are forced to be intra-refreshed. The 
results of the two algorithms are shown in Fig. 4. 
Compared to RndIBR, our algorithm could achieve 
0.1 dB gain on PSNR.   

4.3  Quick-look performance 

To test the quick-look performance, the experi-
ment is set as follows: test video sequence Paris with 
CIF resolution is separately encoded using H.264 JM 
and the SUIBR algorithm. The bits for the I frame are 
then discarded, whereas the remaining bits are de-
coded. The fifth decoded frame could facilitate an 
impartial comparison of the two schemes. 

Test results show that we could only obtain a 
vague and unrecognizable image using H.264 JM 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Table 3  End-to-end delay test results 

Method 
End-to-end delay (ms)

CIF D1 720P

Statistically uniform intra-block 
refresh (SUIBR) 

  77   79   82

Reference 329 326 326

 

Fig. 4  PSNR comparison of the RndIBR scheme and the proposed SUIBR scheme 

Bitrate (kb/s) 
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(Fig. 5a). On the other hand, the proposed algorithm 
could generate an image with uniformly distributed 
intra-MBs (Fig. 5b), which clearly depicts the whole 
scene.  

4.4  Error-resilience performance 

Given that errors are unavoidable in the trans-
mission channel, the spatial-temporal error propaga-
tion in hybrid video coding has to be limited. By 
employing the SUIBR algorithm, scattered intra- 
block breaks the correlations of stream bits and re-
freshes the regional information to achieve improved 
visual performance. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

The experimental results for error-resilience 
performance are shown in Fig. 6. In this experiment, 

video sequences are encoded using H.264 JM and the 
SUIBR algorithm. A random bit error is then added. 
The noisy stream is decoded, and a random frame is 
selected to demonstrate the effect. 

For a binary symmetric channel, when the bit 
error rate (BER) is below 10−6, both schemes generate 
a similar decoded frame with favorable presence. 
When BER increases to 10−5, Fig. 6 shows that the 
object encoded by H.264 JM becomes difficult to 
identify, but that encoded by our algorithm is still 
recognizable. 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
5  Conclusions 
 

The end-to-end delay, quick-look, and error- 
resilience are three of the most important indicators of 
real-time video communication systems for human- 
aided control or early warning. Conventional video 
coding schemes like H.264 could achieve competitive 
compression performance which is suitable for video 
recording and other similar applications that are less 
sensitive to delay. However, conventional schemes 
fall short of the aforementioned indicators. 

(a) 

(b) 

Fig. 6  Comparison of error-resilience performance at 
BER=10−5 
(a) Traditional coding scheme; (b) Proposed scheme 

Fig. 5  Quick-look snapshot at 20-ms delay for the fifth 
decoded frames using the traditional coding scheme (a)
and the proposed scheme (b) 
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The proposed coding scheme scatters the intra- 
blocks uniformly across all inter-coded frames. 
Therefore, the bits consumed by each frame are al-
most equal. The end-to-end delay is significantly 
decreased, and the delay for each frame become 
smooth and steady. Simulation results show that the 
proposed algorithm outperforms the RndIBR at an 
average of approximately 0.1 dB. Moreover, the 
quick-look and error-resilience performances are 
improved compared with those of the conventional 
coding scheme. 
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