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ABSTRACT

The quality of video streaming in an error-prone environment
suffers from packet loss. Since the loss of a packet typically
affects a rather large picture area, the performance of error con-
cealment is limited, too. In order to avoid the huge overhead
caused by using smaller packet sizes, in this paper we propose
and analyze a scheme utilizing the residual redundancy of the
encoded video stream. This scheme has two components —
i) syntax analysis implemented at the decoder, allowing exac-
ter localization of errors within the packet and ii) entropy code
resynchronization mechanism based on the out-of-band signal-
ized length indicators. We show that the proposed approach
provides substantial improvement in PSNR for the same rate,
compared to the standard packet size reduction.

I INTRODUCTION

The always increasing transmission capacity of the wireless
channel makes the transmission of multimedia content, partic-
ularly video, one of the most challenging research topic.

The delivery of the video content to the end-user can be per-
formed by means of a download-and-play or streaming strat-
egy. In the first case, the whole video file is downloaded to
the mobile terminal using reliable protocols. The video file can
be played only after the downloading phase is finished. This
method forces the users to wait before accessing the content
and is therefore not suitable for real-time video delivering. The
latter approach is becoming the predominant delivering strat-
egy for video to be played on the fly [1]. Streaming allows the
users to start playing the video while receiving the file and is
suitable for unicast and broadcast of live transmission. In order
to ensure uninterrupted playing, the streaming is performed us-
ing unreliable protocols as RTP (Real Time Protocol) on top of
UDP (Universal Datagram Protocol), without retransmission.

The streaming client has hence to cope with flawed or miss-
ing packets. At the decoder side, the integrity of a packet relies
on the UDP checksum test. In case the checksum test fails, the
whole packet is commonly discarded [2, 3]. Spatial and tem-
poral prediction schemes, used in the hybrid block based video
standards, cause the resulting degradation to propagate over the
frame and the sequence. To avoid such effects proper encoding
strategies can be used.

The transmission robustness can be also improved using an
appropriate source coding strategies. Error resilience tools
at the encoder side [2, 5] ensure the reduction the effects of
packet loss on the quality at the receiver. By the exploitation
of knowledge about the channel characteristics, in [4] several

Joint Sources Channel Coding (JSChC) approaches based on
residual redundancy are presented.

The basic resilience tools are based on the picture segmen-
tation in terms of slicing. A slice consists of an integer num-
ber of macroblocks (MB) belonging to the same picture. Since
the data contained within a slice are coded independently from
other slices in the same frame, slicing interrupts the intra pic-
ture prediction mechanism. No constraint is imposed on the
size of a slice both in term of MBs or bytes. In wireless trans-
missions, as shown in [6], the slice size has direct influence on
the packet loss rate and delay. In the following discussion the
concept of delay will be related to quality decay. If the trans-
mission delay of a packet is higher than the de-jitter delay, the
packet will be discarded causing consequent quality loss.

Each slice is typically packetized into one RTP/UDP/IP (In-
ternet Protocol) packet. A smart implementation consists of
adapting the slice dimension in bytes to the size of the network
appropriate MTU (Maximum Transmission Unit). The MTU
size defined as the largest size of a packet that can be transmit-
ted without being split/recombined on the transport and net-
work layer [2]. Slice sizes exceeding the MTU will require
fragmentation at IP level. Besides the increase of the overhead,
the loss of a single fraction will lead to the discarding of the
whole slice. Once the upper limit is fixed, there is no theoreti-
cal prohibition to keep a slice as small as a single macroblock.
This choice results to be extremely inefficient because of the
overhead. For the RTP/UDP/IPv4 protocol stack, we have to
count 40 bytes header for each slice, neglecting the slice head-
ers and padding. The smaller is the slice size, the bigger is
the impact of headers on the whole packet size [7] and lower
is the code efficiency. Using the slice dimension close to the
MTU size has drawbacks. Large payload sizes, in fact, are
more prone to contain an erroneous bit [5], therefore to be dis-
carded, and rise the end-to-end delay [7].

In this paper we discuss the efficiency of limiting the error
propagation within a slice using an out-of-stream resynchro-
nization mechanism.

The paper is organized as follows. Section II describes the
effect of errors. In Section III the proposed error resilience
method is presented. Section IV offers an evaluation of the
method in term of rate–distortion. Conclusions are provided in
Section V.

II SYNTAX ANALYSIS

The modern block-based hybrid video standards make exten-
sive use of entropy coding. An entropy code assigns codewords
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to symbols depending on the probability of their occurrence:
the higher the probability, the shorter is the codeword associ-
ated to the symbol. The use of variable length coding in er-
ror prone transmission environments can easily lead to loss of
synchronization. Since the size of each codeword has to be
found on the structure of the codeword itself, in case a bit in-
version occurs, the limit of the affected codeword could be mis-
interpreted. Moreover, a bit inversion occurring in a codeword
wi could also affect the decoding of the following codewords
wi+n...wi+N . In case of a H.264/AVC video stream, a flawless
decoding restarts only when decoding the following slice, since
the slice headers serve as resynchronization information.

A significant correctly received part of the slice could be
lost by discarding the whole packet. The fraction of code pre-
ceding the occurrence of errors can be exploited to reconstruct
error-free macroblocks. For this purpose, a finer error detection
mechanism is needed. As advised in [2], a smart decoder can
attempt to decode a slice whose packet fails the checksum test.
For H.264/AVC [8] encoded sequences, in [9] the authors pro-
posed a modified version of the JM (Joint Model) H.264/AVC
decoder [10] able to decode sequences affected by bit inver-
sions and showed its benefits.

The modified algorithm is able to monitor the decoding pro-
cess and detect errors that lead the decoder to illegal actions.
This undesired behavior can be caused by both errors affecting
the current considered codeword and by decoding desynchro-
nization. Once an error has been detected, the decoder marks
the current macroblock and the following ones up to the end of
the slice as incorrect and calls an appropriate error concealment
method.

The decoding process for a damaged slice is partitioned in
three steps. Starting from the beginning of the slice up to the
error occurrence the macroblocks are correctly decoded. From
the error occurrence up to the error detection the macroblocks
are wrongly decoded. From the error detection up to the end of
the slice the macroblocks are concealed. The method does not
require any modifications at the encoder side and does not add
any overhead in term of required bandwidth.

The efficiency of the syntax analysis relies on the slice size.
For large slices, the area to be concealed can still be extremely
large.

III RESYNCHRONIZATION

The performance of the syntax analysis can be improved by
limiting the area to be concealed. An inefficient solution is
represented by the reduction of the slice size. In literature also
alternative approaches are presented.

In [11] applications of reversible variable length codes
(RVLCs) are considered. RVLCs allow to reconstruct the en-
coded information backwards from a resynchronization point
(usually the end of the slice) in the case of data errors. The
drawbacks of the RVLCs are the increase of codec complexity
and the decrease of compression gain.

Another popular way to increase robustness of source coding
schemes is the use of synchronization information (SI) [12].
Synchronization information enables bit synchronization of the

decoder, preventing the error propagation. An RD-optimized
mode selection and SI insertion is proposed in [13]. The SIs
there correspond to slice header insertion.

A Synchronization Information

The aim of resynchronization is to limit the size of the distorted
picture area which, in turn, results in better performance of er-
ror concealment. In [14], the performance of resynchronization
performed every M MBs was studied. This method allows for
resynchronization of the VLC stream, and therefore the cor-
rect decoding, at the position of the first VLC codeword that is
entirely included within the M macroblocks.

The synchronization information has to be received by the
streaming client without errors. The synchronization informa-
tions can be sent in-stream, together with the encoded video
data, or out-of-stream, in separate packets.

Apart from the overhead caused by in-stream insertion, send-
ing the SIs within the same stream increases the risk of errors
resulting in their misinterpretation. In case of Data Partition-
ing (DP) the SI can be appended to the A packets. However,
this implementation is not standard-compliant and might break
compatibility with other receivers.

We present an out-of-stream signalling of SI. The
H.264/AVC standard defines diverse packet types called Net-
work Abstraction Layers Unit (NALU) type. Some of them
are currently unused/reserved, therefore suitable to store the
synchronization information. Such approach does not break
the standard, since those packets will be ignored by receivers
not knowing how to handle them. The additional packetization
overhead is smaller if the side information can be precomputed
to generate larger packets. The decoder needs only buffering
capability for additional packets.

There are two possibilities for representing the resynchro-
nization information for out-of-stream applications. It can
be represented as the absolute starting position of each M -
macroblocks segment within the packet or using Length Indica-
tor (LI), representing the length of the M -MB segments in bits.
Although the first representation is more robust against errors,
as the positions are independently represented, our implemen-
tation relies on the second strategy. It leads to lower signalling
overhead, depending on the applied binarization method.
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Figure 1: Decoding of a sequence with inserted error

Figure 1 illustrates the application of resynchronization. In
Fig. 1(a) the last word of a macroblock (we) is affected by a bit
inversion in position be. Due to the consequent desynchroniza-
tion, the last bit associated to the considered word (w′e) be-
comes bM+1. The first bit of the following MB will be read in
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position bM+2 (bold red line) instead of the correct bM (black
dashed line). The desynchronization will persist until the end
of the slice. Using resynchronization, as shown in Fig 1(b) the
decoder will be aware of the correct beginning position bM .
Therefore, even if the desynchronization occurs in position be,
the decoder will start the decoding of a new macroblock in the
correct position bM . The desynchronization caused by a bit
inversion will persist until the following SI.

The signalization of the length indicators costs overhead. A
tradeoff has to be found between the introduced overhead and
the frequency of the SI. The overhead OMB caused by sending
a SI of m bits after M macroblocks is

OMB =
m

M · E{L} (1)

where L is a random variable representing the size of a mac-
roblock in bits. The distribution of L differs considerably for I
and P and depends strongly on the encoding Quantization Pa-
rameter (QP). This is illustrated in Fig. 2, obtained by encoding
the ”foreman” video sequence with the JM H.264/AVC soft-
ware in baseline profile. Figure 2 shows the Empirical Proba-
bility Mass Function (EPMF) of macroblock sizes for I and P
macroblocks in bits (for QP = 30 and QP = 20). The EPMFs for
QP values between 20 and 30 (used for mobile communication)
lay in between.
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Figure 2: Distribution of MB sizes

QP 20 22 24 26 28 30
I Frames 553 464 376 308 253 204
P Frames 149 108 67 41 27 13

Table 1: Average MB size

The distributions of P-MB sizes show similarity with an ex-
ponential distributions. We observe peaks of the P-MB distri-
bution for small MB size. They are originated by skipped mac-
roblocks (whose size is 0 bits) or macroblock encoded with
only few information elements. The I-MB size distributions
appear to be more flat, with maximum in the middle of the dis-
tribution.

B Encoding of synchronization information

A trivial way to binarize the LIs is fixed-length coding. The
range of values for the length indicator is limited by the maxi-
mum size of the packet, i.e., in general the MTU size (typically
1500 bytes) minus the length of all packet/slice headers. This

corresponds to 14 bits necessary for LI encoding, which is still
smaller than an average slice header.

If encoding LI with VLC codewords, the resynchronization
information will be exposed to desynchronization. The com-
pression gain of a VLC depends on the distribution of the
source symbols, the source symbols being the values of the LIs
to be transmitted. Figure 3 illustrates the distribution consid-
ering, separately for I and P frames, synchronization informa-
tions placed with M = 4. The EPMF in Fig. 2 corresponds to
an LI distribution, if LI represents the length of an MB (M =
1). Distributions for M > 1 are more flat.
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Figure 3: Distribution of LI length for different M

The non-uniform distributions of source symbols may pro-
vide the possibility for a lossless compression. Let i be an in-
teger value of LIs and wi the corresponding codeword. For an
optimal Huffman binary prefix-free code [15] and for a source
S , the mean codeword length l̄ = E{`(wi)} is bounded by

H(S) ≤ l̄ ≤ H(S) + 1 (2)

with
H(S) = −

∑

i

p(xi) log2 p(xi) (3)

being the entropy of the source S and p(xi) is the probability
of the occurrence of the ith codeword.

The entropy of the two distributions is plotted in Fig. 4. As

2 4 6 8 10 12
6

8

10

12

M [MB]

E
nt

ro
py

 

 

QP 30
QP 20

(a) P Frames

2 4 6 8 10 12

9

10

11

12

13

M [MB]

E
nt

ro
py

 

 

QP 30
QP 20

(b) I frames

Figure 4: Entropy for different M

expected, the entropy of the P-MB sizes is lower than the one
for I MB sizes.

However, in our application designing an optimal Huffman
code is not feasible. The LI distribution differs considerably for
different types of frame, QPs, and values of M as well as for
different sequence contents. In such conditions code for inte-
gers are more suitable. In data compression, a code for integers
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is a prefix code that maps the positive integers i onto binary
codewords, with the additional property that the distribution is
monotone (i.e., p(i) ≥ p(i + 1) for all positive i).

The following examination is performed considering the
Golomb code [16]. The Golomb code is a parametric code,
therefore suitable to fit the different considered distributions.
For each QP, M and frame type we determined the ideal
Golomb code, the one granting the smallest E{`(wi)}. The
resulting expected length are plotted in Fig 5.
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Figure 5: Ideal Golomb E{`(wi)}

These results have to be considered with respect to the per-
formance of fixed length encoding. The expected length of all
the considered Golomb codes for M ≤ 4 remains lower than
the correspondent FLC.

IV EXPERIMENTAL RESULTS

In order to measure the performance of the proposed resynchro-
nization method, we compared its rate-distortion behavior with
respect to the approach based on the reduction of slice size.
The simulations were performed transmitting an H.264/AVC
encoded sequence over an error prone channel (binary sym-
metric channel) with bit error rate (BER) equal to 10−5. The
chosen video sequence was ”foreman”, encoded using different
QPs between 20 and 30. The group of picture size, represent-
ing the distance between two consecutive I frames, was set to
10.

The reference performance is obtained using the decoder
presented in [9], exploiting the syntax analysis to mitigate the
impact of inverted bits. We considered the video encapsulated
in packets with different payload size. The analysis is per-
formed considering payload sizes between 100 and 1400 bytes.
As explained, the use of small packets will help reducing the
distorted area, but cause the increase of the resulting rate be-
cause of the additional headers. This behavior is demonstrated
in Fig. 6.

As expected, the smaller the slice size, the higher is the re-
sulting rate, and the higher is the quality. Using QP = 30, a
quality improvement of 0.73 dB requires the code size to be
173% of the original.

We propose the reduction of the distortion relying on syn-
chronization information, in terms of length indicators trans-
mitted out-of-stream. Any distorted area is limited by the first
synchronization information following the error. The decoder
used is the same as before, modified to grant compatibility with
the additional information, as shown in Fig 7.
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Figure 6: Quality over code size for different payload sizes
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Figure 7: Proposed H.264/AVC decoder

The block ”LI decoder” is able to retrieve the resynchroniza-
tion information from the appropriate packet and provide them
to the ”read” block. The H.264/AVC decoder blocks ”read” and
”decode” are the one presented in [9], with slight modification
on the ”read”. The latter is able to compare the current size of
the M -MB decoded segment to the correct size indicated by
the LI. In case the two sizes do not match, the considered seg-
ment is marked as erroneous. The decoding of the following
segment begins in the correct position derived from the LIs.

We implemented our method using the maximal payload
size of 1400 bytes for both, video and synchronization packet.
Given the payload size, we calculated for each QP the num-
ber of macroblocks that fit the packet, MI,max for I frames and
MP,max for P frames. This set a limit to the larger synchroniza-
tion segment M .

The quality improvement obtained by means of synchroniza-
tion information costs an increase of rate as well. As discussed
in Section III.B, the length indicators are encoded (depend-
ing on their characteristics) and transmitted in specific packets.
Therefore, besides the signalization overhead calculated in (1),
additional IP/UDP/RTP/NALU headers have to be considered
as well.

The global overhead ORES is therefore expressed by:

ORES = OMB + OIP ·
OMB

PayloadSIZE
(4)

where OIP represents the IP/UDP/RTP/NALU overhead per
packet. An appropriate strategy would schedule the transmis-
sion of the additional packets at fixed time interval. In case
of Fixed Length Coding (FLC), 14 bits are required for each
segment. In case of M = 1, this would imply that a sig-
nalization packet contains resynchronization information for 8
frames. Considering the common frame rate of 7.5 frame per
second, a synchronization packet can be sent each second. Us-
ing the ideal Golomb code, this time interval could be further
increased.

Several segment lengths M were considered. In Fig. 8 the
resulting qualities over code size are shown.
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Figure 8: Quality over code size using resynchronization

Decreasing the values of M leads to increased quality and
increased LI codeword size. For small values of M , besides
significant improvements in terms of PSNR, the overall over-
head brought by the synchronization information does not grow
noteworthy. This is because the weight of the SI remains still
considerably smaller than the video data.

The comparison in Fig 9 concludes the analysis. Consider-
ing the subset M ∈ [1, 4], where the proposed resynchroniza-
tion method (RE) showed the best performance, we observe
quality improvements up to 3 dB (QP = 20) and 1 dB (QP =
30) for a given code size with respect to the classical slicing
(SL) approach. The code size of the proposed method consid-
ers both the transmission of video packets and the signalization
overhead ORES.
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Figure 9: Quality over code size, comparison

V CONCLUSIONS

In this study an application of out-of-band resynchroniza-
tion signalling combined with syntax analysis has been pre-
sented. The use of synchronization information allows to keep
the packet size as large as possible without increasing the
area distorted by error propagation. The method was com-
pared with the standard approach based on the reduction of
the packet payload sizes. It has been proved that the resyn-
chronization overhead is considerably lower than the resulting
IP/UPD/RTP/NALU overhead. By means of resynchroniza-
tion, large benefits are obtained in term of resulting quality
for a given code size. Moreover, the proposed method reduces
the absolute number of packets transmitted, decreasing the net-
work load. The resynchronization should be considered as an
alternative approach to the common slice dimension reduction.
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