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ABSTRACT

Yang, Jinwha. Ph.D., Purdue University, May, 2004. A Study of Error-Resilient
Interleaving with Applications in the Transmission of Compressed Images and Video.
Major Professor: Edward J. Delp.

Three interleaving algorithms are developed and evaluated to improve the quality

of compressed images or video delivered over error-prone channels. The algorithms

operate on macroblocks (MB), the multiple coding entities, and the transform coef-

ficients, respectively. Two of the interleaving algorithms focus on maintaining the

synchronization of video coding units composed of variable length codes (VLC) in

a bit reversal error environment. The third algorithm redistributes spatially corre-

lated transform coefficients of images to temporally separated transport units to be

delivered in a burst error environment.

The first interleaving algorithm can specify the start position of each MB in a

compressed video bitstream. It extends error resilient entropy coding methods by

utilizing reverse direction interleaving at the end of each interleaving slot. The algo-

rithm is implemented in the form of transcoders placed before and after the channel

for an MPEG-4 Simple Profile bitstream. A simple, syntax-based codeword repair

method is also proposed so that the transcoder generates an MPEG-4 compliant

bitstream which can then be decoded with a standard MPEG-4 decoder.

The second interleaving algorithm referred to as the nested interleaving algorithm

is developed in order to provide three levels of synchronization in a compressed

video bitstream: the MB, the discrete cosine transform (DCT) block, and the VLC

levels. This algorithm is also described in the form of transcoders. Since three-level

interleaving provides synchronization on the VLC scale, bit errors can be detected
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in a VLC unit based on syntax conformity. The detected errors can be repaired

syntactically so that the transcoder generates an MPEG-4 compliant bitstream.

To reduce the effect of burst errors or lost packets, a DCT coefficient interleav-

ing method is developed for JPEG. Since the interleaving disrupts the correlation

between coefficients, the entropy coder that follows will generate longer code words.

The relationship of the DCT interleaving with the incurred redundancy is investi-

gated using a pseudo-rate analysis framework known as ρ-domain analysis. It is

shown that the optimal interleaving map can be obtained only by exhaustive search.

To restore the lost coefficients due to burst error, a maximum a posteriori (MAP)

estimator for the lost coefficients is derived in closed-form by converting the Gauss-

Markov Random Field a priori probability of pixels into the probability density

function of the DCT coefficients.
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1. INTRODUCTION

According to Shannon’s “A Mathematical Theory of Communication,” [1] source

coding and channel coding can be separated with an acceptable error rate as long as

the source rate is below the channel capacity. The knowledge of this separability led

to the development of high performance video coding techniques without considering

channel problems.

Standards such as MPEG [2–4] and H.26x [5–7] are based on a motion com-

pensated DCT video compression scheme, which can be thought of as a successful

temporal extension of JPEG [8, 9]. There are other compression techniques based

on the motion compensated discrete wavelet transform (DWT) such as the Scal-

able Adaptive Motion COmpensated Wavelet algorithm (SAMCoW) [10,11]. These

compression methods share the core part of hybrid motion compensated transform

coding structure having a quantizer and an entropy coder. The entropy coder en-

codes information using variable length codes (VLC) [12].

With the advance of wireless and Internet technology, delivering images and

video to wireless personal communication terminals and streaming video over the

Internet are now feasible. However, wireless communication channels are error prone.

Table 1.1 (an excerpt from [13]) illustrates how a single bit error in the VLC encoded

bitstream leads to the synchronization loss. Transmitted symbol sequence “ADEBC”

is decoded as “ABBDD” due to a single error on the third bit position.

When errors occur in the compressed images or video bitstream, single bit errors

in the VLC of the bitstream may not only invoke the codeword synchronization

loss but also influence the decoding of the following codewords, which causes block

artifacts in a decoded picture. Figure 1.1 shows an example of a decoded frame with

bit errors in a H.263 compressed video stream.
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Table 1.1
Example of the effect of a single bit error in a bitstream of Huffman codes

Huffman code: A: 00

B: 01

C: 10

D: 110

E: 111

Source sequence: ADEBC

Encoded bits: 0011 0111 0110

--x

Error inverts bit 3: 0001 0111 0110

Decoded sequence:

(first decoding) 00 → A

(second decoding) --01 → B

(third decoding) ---- 01 → B

(fourth decoding) ---- --11 0 → D

(last decoding) ---- ---- -110 → D

(a) Decoded frame without error (b) Decoded frame with BER = 10−3

Fig. 1.1. Example of H.263 decoding due to communication errors
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There are various types of communication channels over which the compressed

bitstream can be delivered. Channels can be categorized into two groups: a wired

and a wireless channel. For a wired data channel, it is possible to achieve gigabit-per-

second data rate and the bit error rate (BER) is of 10−12, and the characteristic stays

stable. Therefore, delivering the compressed bitstream in a wired channel does not

pose critical problems. In contrast to the wired environment, wireless channels have

much lower data rates and higher BERs ranging from 10−1 to 10−6. Even the channel

characteristic varies in time and location, and exhibits sporadic error bursts [14–17].

In the case of video streaming at a data rate of 64 kilo bits per second (kbps) for a

walking mobile user, BER ranges in the order of 10−3 to 10−2 [18].

When channels are used as physical layers of a packet-switched data network, any

communication errors result in packet loss errors [19]. Network congestion can also

lead to packet loss errors. Retransmission is the most simple and useful way to cope

with the packet loss error in a reliable and uncongested network. However, when a

network consists of wireless channels or when a reliable network is over-congested,

retransmission would not be effective for the packet loss recovery [20].

When the compressed bitstream of video or images is to be delivered over a noisy

channel, additional techniques other than the compression are necessary to combat

the errors caused by the impairments of the channel. In this dissertation, research

is focused on adapting interleaving techniques into source coding for channels with

low data rate and high error rate, rather than traditional channel coding.

Chapter 2 presents the foundation of video compression and Chapter 3 describes

error resilience methods. A VLC codewords interleaving technique to reduce the

effect of bit errors, which is a variant of a particular method known as Error Re-

silient Entropy Coding (EREC) [21], is proposed and implemented as transcoder of

MPEG-4 in Chapter 4. Chapter 5 describes an advanced method which interleaves

the logical encoding units of MPEG-4 in a nested fashion. To combat the packet

loss errors, Chapter 6 develops a DCT coefficient interleaving and an error conceal-
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ment method using maximum a posteriori estimation using a Markov Random Field

(MRF). Finally, the research is summarized in Chapter 7.
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2. COMPRESSION OF IMAGES AND VIDEO

In this chapter, an overview of image compression standard JPEG and video com-

pression standards H.263 and MPEG-4 will be described. Error resilient and error

concealment methods related to this research will also be described.

2.1 JPEG Image Compression

The JPEG image compression standard specifies a set of digital compression

and encoding algorithms for continuous-tone images [8, 9, 22]. The JPEG standard

offers four different encoding modes. They are seqential, progressive, lossless, and

hierarchical. The JPEG has two available binary encoders, which are Huffman coding

and arithmetic coding.

A baseline algorithm in the simplest form is included in the standard as shown

in Figure 2.1-(a). This algorithm has three stages: a two dimensional discrete cosine

transfrom (DCT) stage, a quantization stage, and a binary entropy encoding stage.

For an achromatic image input, the operation of the baseline algorithm is described

in detail.

The image data is grouped into 8 × 8 nonoverlapping blocks and the blocks

are processed in a left-to-right, top-to-bottom scanning order. For each block, a

two dimensional DCT is performed, and the DCT coefficients are quantized. The

quantized DCT coefficients are then zig-zag scanned as in Figure 2.2. Finally, runs

of consecutive zeros and nonzero coefficients in the zig-zag scan are encoded using

binary Huffman codes.

The baseline decompression algorithm shown in Figure 2.1-(b) operates in a rever-

sal of the steps in the compression algorithm. The compressed bitstream is decoded

and the zig-zag scan is reversed to produce the quantized DCT coefficients for 8× 8
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8x8 blocks

Source

Image Data

FDCT Quantizer
Entropy

Encoder

Compressed

Image Data

Specification
Table

Specification
Table

DCT-Based Encoder

(a) JPEG baseline encoding algorithm

IDCTDequantizerEntropy
Decoder

Compressed
Image Data

Table
Specification

Table
Specification

DCT-Based Decoder

Reconstructed
Image Data

(b) Baseline decoding algorithm

Fig. 2.1. JPEG baseline encoding and decoding algorithm

x

y u

v

DCT Coeffs.Image Block
f(x,y) C(u,v)

Quantized
C(u,v)DC

Q

zigzag
scan

DCT

Fig. 2.2. Zigzag scanning of 8× 8 DCT block

blocks. Then the quantized coefficients are reconstructed by dequantization. Finally,

pixel value representation is obtained by inverse DCT transform.
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2.1.1 Two Dimensional DCT Transform

Most images and video compression techniques utilize transform coding. This is

because the Karhunen-Loève transform (KLT) produces transform coefficients that

are uncorrelated and have high energy compaction [2, 4, 23, 24].

Initially, the discrete cosine transform (DCT) was discovered as an orthogonal

transform used in the area of digital processing for pattern recognition and discrete

Wiener filtering [25]. The DCT trades off computational time against a small increase

in the mean square estimation error.

Unlike the KLT, the DCT has fixed basis functions and can be computed quickly

in a manner similar to the Fast Fourier Transform algorithm. Similar to the KLT, the

DCT has de-correlation and energy compaction properties. The statistical properties

of the transform coefficients of the 2-D DCT were reported in [26, 27].

The block size 8× 8 is used in the compression standards. To facilitate the fast

DCT algorithm, the block size N is normally 2m. As the size of a N × N pixel

block becomes larger, the computational gain through the use of a fast algorithm

becomes larger for N > 8. On the other hand, when N > 8, the DCT does not

de-correlate the block well [2]. The definition of the 2-D DCT used in images and

video compression standards [2, 3, 6, 8] is:

F (u, v) =
2

N
C(u)C(v)

N−1∑

x=0

N−1∑

y=0

f(x, y) cos
(2x + 1)uπ

2N
cos

(2y + 1)vπ

2N
, (2.1)

where f(x, y) denotes the pixel value at x, y spatial coordinates, and F (u, v) is the

transform coefficient having u, v frequency component, and

C(u), C(v) =






1√
2

for u, v = 0

1 otherwise
.

The 2-D inverse DCT is defined as:

f(x, y) =
2

N

N−1∑

u=0

N−1∑

v=0

C(u)C(v)F (u, v) cos
(2x + 1)uπ

2N
cos

(2y + 1)vπ

2N
. (2.2)
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2.2 Hybrid Video Compression

The video compression standards are mainly developed by two international orga-

nizations, International Standard Organization (ISO) and International Telecommu-

nications Union -Telecommunications Standardization Sector (ITU-T). The MPEG-

1, MPEG-2, and MPEG-4 are the standards developed by ISO. H.261 and H.263 are

the standards developed by ITU-T [2–6,28]. H.263+ is version 2 of ITU-T H.263 [6].

In H.263+, more options and features are added to enhance the compression perfor-

mance and robustness to errors [7, 29].

2.2.1 Frame Types

Video is compressed by reducing the temporal and spatial redundancy in every

frame. The video compression standards utilize three types of encoded frames: an

intracoded (I)-frame, a predicted (P)-frame, and a bidirectionally-predicted (B)-

frame. They are defined with respect to the techniques involved in encoding them.

The objective of intracoding is to reduce spatial redundancy. Intracoded (I)-

frames are encoded by similar steps to the baseline JPEG. This is done for all three

color components. I-frames work as references for both P- and B-frames. In MPEG,

an I-frame is useful in realizing random access and fast play [2]. MPEG-4 has an

optional mode to predict AC coefficients in a DCT block from the left and the upper

DCT blocks in an I-frame [3, 30].

To reduce temporal redundancy, motion compensation is used. Motion compen-

sation assumes that a block in the current frame can be modeled as the translation

of a block in a reference frame. A reference frame is a previously decoded frame

to be displayed at previous or future time. First each video frame is grouped into

nonoverlapping fixed size blocks. Blocks in a reference frame within a search range

are checked for a best match to a block being encoded in a current frame. A match

is the block satisfying a certain minimum error criterion, such as mean square error

(MSE) or mean absolute difference error (MAD). The process of obtaining the loca-
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Fig. 2.3. Forward motion compensation

tion of the best matching block is known as motion estimation. The displacement

between the current block and the best matching block is the motion vector (MV).

The process of predicting the current block by the best matching block displaced by

the MV is known as motion compensation (MC).

As a result of MC, the MV and the prediction error for the current block need to

be encoded. The prediction error information generally has a smaller variance than

that of the original block being encoded. The smaller the variance of a signal is, the

fewer bits are needed to encode the signal [31].

P and B frames are compressed by reducing the temporal redundancy in video. P

frames are encoded using motion-compensated prediction from past I- or P-frames,

as in Figure 2.3. Prediction from a past reference is referred to as forward prediction.

When a scene has an occlusion, forward prediction may not provide good com-

pression. Thus, the prediction of a block can be done with respect to a future frame

instead of past frame. This is backward prediction. Selective interpolation of both

predictions is helpful in making the predictive error smaller [2, 3]. The MC using

both predictions are known as bidirectional MC. B-frame is encoded using the bidi-

rectional MC and the bidirectional MC for a B-frame is illustrated in Figure 2.4.
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Fig. 2.4. Bidirectional motion compensated interpolation

When video bitstream is compressed, several consecutive frames are combined to

form a structure defined as a Group of Pictures(GOP). A GOP must contain at least

one I-frame and it may be followed by a number of I- and P-frames. Any number

of B-frames may be inserted between each pair of I- or P-frames, as in Figure 2.5.

When B-frames is encoded, the future reference frames are obtained by delay. Hence

the order of the frames in the compressed bitstream is different from the display

order. An encoded B-frame data is located after its reference I- and P-frames.

In general, such a compression method utilizing MC and fixed size block pro-

cessing is referred to as a block-based hybrid video compression. MPEG and H.263

standards share this basic compression structure in Figure 2.6.
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Fig. 2.6. Block diagram of typical block-based hybrid video compression structure

2.2.2 Quantization

An optimal 1-D quantizing technique was theorized by Lloyd-Max [32]. This

technique exploits the signal’s underlying statistical properties when determining the

quantizer step size and the reconstruction level to minimize the mean square error

of the reconstructed signal. Entropy coding after a uniform quantization operates as

well as the optimal quantizer [24].

Since DCT coefficients are quantized, the quantization error spread over the 8x8

block in pixel domain. The quantization error in coefficients near the DC component
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is noticeable as block boundary mismatch when the error is big. The error in high

frequency coefficients is rendered as granular patterns which are less noticeable than

the block level mismatch. This visual property [2] is taken into account for building

the quantization matrix [3, 31, 33] in MPEG-4. Hence, the quantizer step sizes are

finer in near DC components and larger for the high frequency components of a

block. In the case of H.263, a flat quantization matrix with fixed step sizes for all

component is used [6, 7].

2.2.3 Huffman coding in video compression standards

Images and video compression standards encode various entities such as motion

vectors and DCT information using Huffman code sets. When the size of the source

symbol set is small, all the symbols in the set are represented by Huffman codewords.

Motion vectors are encoded as 33 source symbols denoting −16.5 to 16.5 stepping

by 0.5 pixel distance. The DC values of 8 × 8 DCT block are encoded as variable

length integers [3, 4, 33].

For all the quantized 8 × 8 DCT coefficients except DC, a zigzag scanning as

shown in Figure 2.2 generates a 1-D sequence of the quantized coefficients. Due to

quantization, many coefficients are expected to have zero value. To exploit the fact

that there are long runs of zeros between quantized coefficients with nonzero value,

run length [4, 34–36] encoding is utilized.

When the size of source symbol set is large, instead of assigning very long Huff-

man codewords to rarely used source symbols, those symbols are encoded as fixed

length codes followed by a special Huffman code referred to as escape code “ESC”.

The actual “ESC” code is also assigned according to the sum of the underlying

probabilities of the rare symbols.
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2.3 Syntactical Structure of H.263 and MPEG-4

In this section, the syntactical structure of encoded bitstream for both H.263

and MPEG-4 will be described. The bitstream structure of H.263 is described in

detail. Since MPEG-4 is a generalization of H.263 regarding video compression, the

syntactic layers in MPEG-4 for video coding are compared to their counterparts of

H.263.

2.3.1 H.263 syntax

H.263 supports the five picture formats shown in Table 2.1: sub-QCIF, QCIF,

CIF, 4CIF and 16CIF. The pictures of a given format are divided into 8× 8 blocks

for 2-D DCT operation. The blocks are further grouped into four Y blocks, one Cr

block and one Cb block, which covers 16×16 pixels in a displayed picture. The group

is referred to as a macro block (MB). An integer number of MB rows in a picture is

formed to the group of blocks (GOB) as shown in Figure 2.7. In H.263, I-frame and

P-frame are used. Optionally, H.263 can encode PB-frames [7] that merge each MB

of P-frame and its co-located MB of B-frame into one big MB.

Table 2.1
Picture format in H.26x

Size H.26x system

16CIF 1408x1152

4CIF 704x576

CIF 352x288

QCIF 176x144

sub-QCIF 128x96
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Fig. 2.7. H.263+ hierarchy in video frame structures: (a)QCIF
frame, (b)GOB, (c)MB, (d)Blocks.

The bitstream is built as a hierarchical structure composed of layers which are

the picture layer, the GOB layer, the MB layer, and the block layer. Generally,

layers take the form of the “header + data.”

• picture layer

It is the top layer of global information for a frame and is composed by a header,

followed by multiple GOB layers, then stuffing bits. The Picture Start Code

(PSC) is a 22 bit long, byte aligned code. The Temporal Reference (TR) field

tells the relative temporal location of current picture in the video sequence

modulo 256. The Picture Type (PT) field represents the source format, the

coding type(I/P) and the usage of optional modes. The Picture Quantizer

(PQ) field sets the quantizer values from 1 to 31. After some header fields, the

GOB layer follows to make a full picture. Finally come stuffing bits to ensure

next PSC on a byte boundary. If a given picture layer is at the end of a video

sequence, End of Sequence(EOS) code exist.

PSC TR PT PQ Other headers GOB layer EOS PStuf

• GOB layer

The GOB Start Code(GSC) is a 17-bit code “0000 0000 0000 0000 1” and

is optionally byte aligned by preceding GStuf bits. The GOB Number(GN)

represents the number of the given GOB and takes a value from 1 to 17. When
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GN is 0, it corresponds to the first GOB following PSC, but the first GOB

header is not transmitted. The GOB Quant(GQ) field governs the quantizer

and has a value from 1 to 31. The quantizer may be updated by subsequent

GQ or DQuant in MB layer. The GOB Sub-bitstream Indicator(GBSI) and

The GOB Frame ID(GFID) are linked to optional modes. After this header

part, follows the MB layer containing as many MBs as defined by GOB.

GStuf GSC GN GSBI GFID GQuant MB layer

• MB layer

A fixed one bit Coded MB indication (COD) flag is present only for P-frame

and denotes whether the current MB is coded or not. When it is 1, subsequent

fields in the MB layer are not transmitted. MB type and Coded block pattern

for chrominance (MCBPC) is used for the I-frame and coded MBs in the P-

frame. MCBPC represents whether Cr and Cb blocks are coded and the detailed

coding mode of the MB, such as how many motion vectors are used. MCBPC

also informs whether the differential step of the quantizer is used. The Coded

Block Pattern for Y (CBPY) represents which of Y1,Y2,Y3,Y4 are coded. The

Differential Quantizer (Dquant) indicates the changes in the quantizer step

size for the P-frame and is 2-bit fixed coded to denote -1,-2,1, and 2. The

Motion Vector Data (MVD) fields exist only in the P-frame and the number

of MVDs depend on the detailed coding mode specified by MCBPC. MVs

are encoded as VLCs for the horizontal component followed by the vertical

component. Up to four MVs can exist. Then as many block layers follow

as specified in CBPY for Y blocks and MCBPC for Cr, Cb blocks. Except

for COD and DQuant, all other fields have their own Huffman code table.

COD MCBPC CBPY DQuant MVDs1,2,3,4 block layer

For the case of PB-frames, fields with similar functions to MCBPC and CBPY

are designated by MB mode for B-picture (MODB) and Coded Block Pattern

for B blocks (CBPB). MVs are represented by Motion Vectors Data for B-
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macroblock (MVDB), which has forward and backward MVs.

MODB CBPB DbQuant MVDB block layer

• block layer

The block layer defines the coded expression for each 8×8 block. The intra DC

field exists depending on the interpretation of the MB type given by MCBPC.

The DC value is coded as a fixed 8-bit binary number. It is not present in

B-type blocks. Tcoeff represents the VLC stream encoded as (last, run, level)

events of quantized DCT coefficients after zigzag scanning. The existence of

the Tcoeff field is determined by the coded block patterns in the CBPY for Y

and the MCBPC for Cr,Cb.

DC Tcoeff

2.3.2 Syntax of MPEG-4

Through successive deployments of MPEG-1 and MPEG-2, ISO launched the

MPEG-4 standard known as “Coding of audiovisual objects.” What differenti-

ates MPEG-4 from previous standards is the object-based audiovisual representation

model, where objects can be video data, music and speech data, dynamic 3-D ob-

jects, human faces, and text/graphic data [2, 30, 31]. To manage the various kinds

of data objects, MPEG-4 defines a suite of coding methods for the objects.

With respect to video coding only, MPEG-4 can be considered as a generalization

of H.263 [30]. In MPEG-4, a frame of video can be a composition of foreground ob-

jects with arbitrary shape (“video object”) and separately encoded background pic-

ture (“sprite”). The MPEG-4 handles these entities as “video object plane (VOP).”

The arbitrary shaped VOP can be thought of as a generalization of the GOB struc-

ture of H.263. The bitstream syntax for a VOP is basically similar to that of the

GOB layer of H.263, except for the shape coding part and the additional sprite

coding [2].
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Since a single frame of video can be composition of multiple VOPs, the entity

corresponding to picture layer of H.263 is defined as Video Object Layer (VOL). The

VOP, as seen in the bitstream syntax, refers to an entity described together by the

shape and the texture of a video object or the sprite.

2.3.3 MPEG-4 Simple Profile syntax

As a means of defining subsets of the syntax and semantics of MPEG-4, classifi-

cations using Profiles are used. The simplest Profile in MEPG-4 is known as “Simple

Profile.” In this profile, MPEG-4 encodes common intermediate format CIF or QCIF

size video with a data rate of 64 kbps or 384 kbps. The simplest VOL for Simple Pro-

file has only one VOP with a rectangular shape and no separated background sprite

encoded. In this case, bitstream content becomes similar to that of H.263 [3, 33]. A

rectangular VOP has a similar layout to the GOB configuration of H.263 in Figure

2.7. In describing bitstream syntax, the term layer is used only for the video objects

and the visual objects, not for entities such as MB or VOP.

The syntactic structures VOL, VOP, MBs, and blocks of MPEG-4 correspond

to the picture layer, the GOB layer, the MB layer, and the block layer of H.263,

respectively. Each VOP consists of MBs with the possible shape information, if it

is not rectangular. MBs are encoded in left-to-right, top-to-bottom scan order and

are located inside the encoded VOP. The structure of encoded MBs of MPEG-4,

excluding the shape and the sprite coding part, is almost identical to the MB layer

of H.263. The encoded blocks of MPEG-4 are also located in the MB bitstream as

the block layer of H.263. Each syntactic structure is described in the following.

• Video Object Layer (VOL)

The VOL start code marks a new VOL. It is a string of 32 bits having values

from 000001A016 to 000001AF16. Then other header information fields such

as the layer id, random access flag, and aspect ratio follow. After this global
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information is specified, each encoded VOP is concatenated one after another.

VOL Start Code Other header VOP1 . . . VOPn

• Video Object Plane(VOP)

The VOP start code signals the start of a new VOP. It is the bit string

000001B616 in hexadecimal. Equivalent to the I/P/PB frames of H.263, the

VOP has types such as I/P/B VOPs and one additional type, a sprite VOP

[2, 33] used as background of VOL. The type field informs the VOP coding

types. Timing information and other information follows until the MB bit-

stream appears. To identify the end of VOP, the number of MB in the VOP

information is included in the header.

VOP Start Code Type Time Other header Macroblocks

• Macroblock

As in Figure 2.7, MB is composed of four luminance blocks and two chromi-

nance blocks. MBs in I- and P-VOPs use similar structure. NCOD flag indi-

cates if an MB is coded or not. MCBPC field is a variable length code used

to determine the MB type and the coded block pattern for chrominance. The

coded block pattern for luminance (CBPY) field represents non-transparent

luminance blocks and is a variable length code. DQuant is a two bit field spec-

ifying the change in the quantizer. MV field is present for the P-VOP. Finally,

a number of coded blocks as determined by the MCBPC and the CBPY fields

are concate-nated.

NCOD MCBPC CBPY DQuant MVs block1 . . . blockm

MODB is a variable length field indicating whether MB type or coded block

pattern for B-VOP (CBPB) fields is present. MB type informs which kinds of

motion vectors are used in the given MB. CBPB represents the coded block

pattern of the MB. DBquant is the field specifying the change in quantizer.

Then a number of MVs as specified by MB type follows. Finally, a number of
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coded blocks as indicated by CBPB are concatenated.

MODB MB type CBPB DBQuant MVs block1 . . . blockm

• Block

For chrominance and luminance blocks in intra MB, DC coefficients of each

block are encoded using VLC. First, size of DC value is encoded and the fixed

length of the differential DC value from a predicted DC value follows. Next,

the AC coefficients denoted as Tcoeff are encoded based on the runs of zeros

and the nonzero coefficient values.

DCT DC size DCT DC difference Tcoeff
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3. ERROR RESILIENT METHODS

In general, error resilience (ER) means methods used to make the compressed bit-

stream robust or resilient to transmission errors. Confusions and mixed use of defini-

tions on error concealment and error resilience can be found in the literature [37–39]

until MPEG-4 specified the ER tools. An example of confused usage follows.

In [37], authors categorized techniques for combating transmission errors into two

approaches. One approach is “error control and recovery schemes,” which includes

error control coding (ECC) and automatic retransmission request (ARQ). This ap-

proach is defined as “active concealment” in [38]. The other is “signal-reconstruction

and error-concealment techniques,” which renders a close approximation of the orig-

inal signal and is defined as “passive concealment” in [38]. The error-concealment

technique is divided into three groups: forward error concealment, error concealment

by postprocessing, and interactive error concealment.

In the MPEG-4 standard [3], error resilience (ER) tools are described as:

. . . The error resilience tools developed for this part of ISO/IEC 14496

can be divided into three major categories. These categories include

synchronization, data recovery, and error concealment. . . .

By the same author in [39], error concealment is redefined as techniques that the

decoder estimates missing image samples by exploiting inherent correlation among

pixels. Error resilience (ER) techniques are defined as mechanisms for combating

transmission errors invoked at either source/channel coder or decoder, or at both

source coder and decoder.

In this dissertation, we follow the definition of ER tools in the MPEG-4 standards.

The state-of-the-art video compression standards MPEG-4 and H.263+ (version 2
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of H.263 [6]) are used for low data rate channels. To combat channel errors, the

standards are equipped with a suite of error resilient (ER) tools [29, 40].

3.1 ER tools in Standards

H.263+ specifies four error-resilience-oriented optionional modes: forward error-

correction, slice-structured, independent segment decoding, and reference picture

selection [29]. In MPEG-4, four ER tools are defined [40]: video packet resyn-

chronization, data partitioning, reversible VLC, and header extension code. The

operation of these tools will be present in this section.

3.1.1 Forward Error Correction

In contrast to source coding, error correcting code aims systematically to add

redundancy into the encoded bitstreams delivered over unreliable channels. Redun-

dancy is inserted based on algebraic relations with the source. This method is known

as algebraic error correcting coding (ECC).

The algebraic ECCs are categorized into two types: the block codes and the

convolution codes [41, 42]. The block codes are denoted as (n, k), where n is the

total length after coding and k is the source bit length to be protected. Among

many ECCs, Bose-Chaudhuri-Hochquenghem (BCH) code belongs to the subclass

of block codes and is known to have a cyclic structure.

The BCH(511,493) code is adopted as the channel code in Annex H of H.263+

standard [5, 6, 39] and used in a low error environment [28, 29]. The BCH(511,493)

code is capable of correcting 2-bit errors. The performance of BCH is usually in-

adequate against burst errors [40]. One block of the BCH(511,493) code has 511

elements, each of which has 18-bits of parity to protect 493-bit source data.
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Video Packets coded GOBs

Resync Marker

Fig. 3.1. Difference in spatial resync marker location (left: MPEG-4,
right: H.263+)

3.1.2 Video Packet Resynchronization and Header Extension

The loss of one of the VOP sync words or the GOB header might end up as a

lost frame or a lost row of MBs in decoded video, because the decoder cannot find

the starting point of a logical unit to decode. To recover the lost sync faster, another

sync codeword entitled resynchronizaton marker (resync marker) [28, 40] is used in

H.263+ and MPEG-4. In H.263+, the resynch markers can be located in front of the

GOB headers, which correspond to the beginning of one or more MB rows. Whereas

in MPEG-4, evenly spaced markers in the bitstream rather than in spatial location

are used. The markers are located at the end of the encoded MBs bits when the

number of the encoded bits exceeds a predefined number of bits from the previous

resync marker. The logical encoding unit of the encoded MBs between two resync

markers is defined as the video packet (VP) in MPEG-4. The VP includes headers

to ensure independent decoding of the MBs as shown in Figure 3.2.
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In H.263+, a new option “Slice Structure” in Annex K is added to emulate the

functionality of the video packet in MPEG-4 [6, 39, 43].

According to MPEG-4 [33, 40], proper spacing between the resync markers is

suggested with respect to the data rate of the channel. For data rates 0–48 Kbps,

49–128 Kbps, and 128–384 Kbps, the suggested spacing between resync markers is

480 bits, 600 bits, and 4096 bits, respectively.

When header extension code (HEC) bit flag is used with the video packet, im-

portant header information located in the start of frame, such as spatial dimension

of video and time stamp, are repeated in the video packets. By comparing this

header repeated in the video packet against the information received at the start

of the frame, the decoder can verify the correctness of the header information. If

the header information at the start of the frame is corrupted, the decoder can still

decode the rest of the received data in the video packet [40].

3.1.3 Data Partitioning

A coded MB is composed of an MB header followed by MVs and number of

DCT texture data. When the decoder detects an error while decoding an MB, the

MB is discarded and replaced with an MB in the previous VOP. If MV data are

not corrupted by error, they can be used to locate an MB in the previous VOP to

replace the discarded MB.

This idea leads to the partitioning of the coded MB bit syntax into two finer

logical units. All the MV data and related header information (COD and MCBPC)

from each MB, are grouped into one logical unit. All the DCT data and part of

Resync

Marker

MB

num

quant

scale

Header
Extension

Code

Resync

Marker
Macroblock    data

Fig. 3.2. MPEG-4 video packet format
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(a) Data partition structure in a Video Packet

COD1 MCBPC1 MVs1 · · · CODk MCBPCk MVsk · · ·

(b) Configuration for each MB content in Motion/Header information part

CBPY1 DQ1 · · · CBPYk DQk · · · DCT of MB2 · · · DCT of MBk · · ·

(c) Configuration for DCT of each MB in Texture information part

Fig. 3.3. MPEG-4 data partition format

the MB header such as CBPY and Dquant necessary for decoding DCT texture in

each MB, are grouped into another separate logical unit. Then between the units,

a motion boundary marker (MBM) is inserted to distinguish the two logical units

as shown in Figure 3.3. The MBM [3, 40] is determined as a 17-bit word with a

Hamming distance of 1 from any possible combination of MVs in the VLC table,

since it is located between the MVs and the DCT VLC codes. The codeword for

MBM is “1 1111 0000 0000 0001” and is uniquely decoded from the MV codeword

table. The number of MBs enclosed in the current video packet is determined by

decoding the MV and the Header information part until the decoder encounters the

MBM marker.

When the data partitioning is utilized, each video packet is increased by a 17-

bit MM code and the incurred redundancy reaches only 2–3 percent. The average

performance gain of this technique is reported as 2 dB over a wide range of test

sequences [40]. The performance of the data partitioning combined with RVLC is

reported to be so effective that even H.263 adopted the option as Annex V in version
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ESCAPE Last Run Marker Level Marker ESCAPE

Fig. 3.4. Reversible ESC format for fixed length DCT texture coding

3 [29, 39, 43]. The option is the Data Partitioned Slice (DPS) mode. The DPS uses

RVLC codes for the headers (CBPY,MCBPC,· · · ) excluding the DCT texture.

3.1.4 Reversible VLC

When VLC bitstream is corrupted by bit errors, the decoder fails to locate correct

boundaries of VLCs. This is a VLC codeword synchronization problem. To relieve

the effect of the synchronization loss, VLCs can be constructed to be decoded in

both forward and reverse direction. The VLC codes which can be instantaneously

decoded in both direction, are referred to as reversible VLCs (RVLCs) [44]. The

RVLCs must satisfy not only the prefix condition, but also the suffix condition that

any shorter codeword should not be a suffix of the other longer codewords.

A simple example of a RVLC set is to use palindrome codewords, each of which

is identical to the reverse reading of the codeword itself [28, 40, 45]. Symmetric

RVLC consists of palindrome codewords. A RVLC set can be constructed using

asymmetric codewords which do not have palindrome structures. Such VLCs are

referred to as an asymmetric RVLC [44]. Table 3.1 illustrates the symmetric and

asymmetric RVLCs constructed using Huffman code. Asymmetric RVLC is known to

offer a more efficient code length than symmetric RVLC in most cases [44]. RVLCs

constructed using another VLC code [45, 46] are used in motion vector coding of

H.263+ [7].

In the case of MPEG-4, a total of 169 asymmetric RVLCs using Huffman codes

are defined for DCT texture coding in contrast to the 103 VLCs for the forward

decoding [33]. Also the ESC code and marker bits are defined to support the reverse

direction decoding as in Figure 3.4.
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Fig. 3.5. MPEG-4 RVLC in video packet format

The RVLCs should be combined with resync marker and data partition options

in the standards. The reversible VLCs let the decoder recover partial texture infor-

mation that would have been lost due to a sync error when normal VLCs are used.

If an error is detected while decoding, the decoder searches for the next valid “resync

marker,” which marks the start of a video packet. From the found resync marker, the

texture data is decoded in the reverse direction until an error is detected as shown in

Figure 3.5. This is referred to as two-way decoding. According to [47], two-way de-

coding with RVLCs was reported to perform 5dB better than conventional decoding

with normal VLC at a BER = 10−3 with a H.263+ decoder.

Table 3.1
Huffman code and RVLCs: ¯l(C) means average code length.

Symbol Prob. Huffman Symmetric Asymmetric

A 0.33 00 00 00

B 0.30 01 11 01

C 0.18 11 010 10

D 0.10 100 101 111

E 0.09 101 0110 11011

¯l(C) 2.19 2.46 2.37
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3.1.5 Adaptive Intra Prediction

Motion prediction and compensation reduces the temporal redundancy in com-

pressing video data. However, due to prediction, an error in a reference picture will

affect the pictures encoded using the reference picture. Encoding a number of MBs

in the motion area using intra coding is beneficial in recovering corrupted motion

information quickly. This idea of intra coding in the motion area is defined as the

Adaptive Intra Prediction (AIR) [33, 40]. This method works only in P or B VOPs.

The number of intra coded MBs in the motion area depends on channel charac-

teristics such as available data rate and frame rate. This number is referred to as

the refresh MB count [37, 40].

For each inter VOP, a bitmap known as the refresh map is generated to denote

which MBs belong to the motion area. If the given MB belongs to motion area, a

bit in the refresh map is set to one. The sum of absolute differential values (SAD)s

between the current MB and its co-located MB in the previous VOP is the parameter

for the decision of motion area. This refresh map is generated by comparing a

threshold value with the SAD. The threshold is defined as the average SAD of all

MBs in a VOP.

Using this map and the refresh count, as many MBs in the refresh map as the

count are intra coded in the inter VOP. All the refresh map entry for currently intra

coded MBs are erased. Then a new refresh map is constructed for the next VOP

and is then updated by bit-OR operation with the old map. Intra coded MBs for

the next VOP are determined by the updated refresh map. This procedure of intra

coding of MB repeats until an I-VOP is coded. An example of this operation is

shown in Figure 3.6.

Although there is no counterpart for the AIR mode in H.263+, the H.263+

TMN3.2.1 software implemented by University of British Columbia [48, 49] has a

similar function which forces a certain number of MBs in the P pictures to be encoded
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Fig. 3.6. Example of MPEG-4 adaptive intra prediction

as intra MBs. This option of TMN 3.2.1 is used for performance comparison in

Chapter 4.

3.1.6 Independent Segment Decoding and Reference Picture Selection

The independent segment decoding (ISD) mode is defined in Annex R, and the

reference picture selection (RPS) mode is defined in Annex N of H.263+ [7]. The

ISD mode allows an independent decoding of picture parts or a segment which can

be a slice, a GOB, or consecutive GOBs as long as the shape of the segments remains

identical across two consecutive I-pictures. In the encoder, each segment in a picture

is encoded by treating the segment boundary as if it is a picture boundary. Hence,

corrupted data in one segment does not affect the decoding of other segments.

The RPS mode lets the encoder selectively choose a reference picture from older

pictures other than the immediately previous picture in P-picture encoding. When

a back channel from the decoder to inform the correctly received pictures to the



29

encoder is available, the RPS mode is very useful in preventing the error propagations

through P-pictures [6, 7].

3.2 Non-standard Methods

The ER tools adopted in the standards are not the only ways to combat errors.

In fact, many more diverse methods have been proposed in literature to provide

error resilience in video compression. Some methods are complex and other methods

require a different coding structure from those of the standards. Examples of the

methods include pyramid vector quantizer [50–52], self-synchronizable VLCs [13,53–

56], and fixed length entropy code [57]. The error resilient methods related to this

research are described in the following.

3.2.1 Error Concealment

Error concealment (EC) is essentially a post-processing algorithm and is not

mandated by the compression standards [40]. EC is a generic operation for the

decoder of compressed video or images to restore the damaged or lost blocks of

images or video due to transmission errors. To conceal the artifacts caused by the

errors, spatial and temporal interpolations are often utilized [28].

One simple EC example is to replace the damaged MBs with co-located MBs

in the previous frames of the video sequence. Another example of EC is to in-

terpolate the damaged region of a picture using the received data in the picture.

When interpolating the pixel value in a damaged region, heuristic models for the

spatial or temporal correlation between pixels are used. EC methods utilizing tem-

poral correlation to recover the damaged MVs are found in [58, 59]. EC methods

exploiting spatial correlation are maximally smooth recovery [60], projection onto

convex sets [61,62], transform coded image reconstruction [63], and iterative median

filtering [58].
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In [64], the lost DCT coefficients are interpolated from undamaged coefficients

of adjacent blocks of JPEG image. Before interpolation, the existence of edges in

adjacent blocks are checked. If no edge is detected, the neighboring eight adjacent

blocks are used in the interpolation. Otherwise, only those blocks containing the

edges are used. The results provided by these algorithms are good in blocks belonging

to smooth areas.

In [39], a smoothness constraint is imposed on the boundary between the damaged

block and its neighbor blocks, and also on the pixels inside the damaged region. As

in the previous algorithm, good results are obtained in smooth blocks, but in the

edged blocks, the algorithm changes the geometry of edges and the sharpness. Other

algorithms using a similar method are proposed in [65, 66].

In [58,67], an iterative interpolation using a median filter is proposed. It consists

of two stages: initialization and filtering. During initialization, a 3x3 median filter is

used to obtain an initial estimate for each of the lost pixels in a block. The pixels in

the neighboring undamaged blocks act as references for the estimate. In the second

stage, a 3x3 median filter is used to smooth the pixels in the lost block, using the

8-nearest neighbors initialized previously.

In order to achieve a good interpolation in edges, in [68] an algorithm is proposed,

which combines surface approximation to recover low frequency information and

fuzzy logic to recover high frequency information. A general review of various EC

can be found in [37, 39, 69].

3.2.2 Error Resilient Entropy Coding

Error Resilient Entropy Coding (EREC) [21,70] is an algorithm used to rearrange

VLCs or variable length blocks satisfying prefix conditions. It is, in fact, not a coding

method to assign codewords to source events. Main functionality of EREC is to

interleave the VLCs generated by compression standard into a data structure in an

error resilient way. The data structure consists of as many blocks as VLC blocks to
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Fig. 3.7. Variable length block rearrangement in EREC

be interleaved, and each block has a length equal to the average bit length of the

given VLC blocks. Let the length of ith VLC block, blki, be bi. The number of VLC

blocks to be interleaved is N . Then the data structure defined as the EREC frame

is an array having N entries, each of which is denoted as si and is S bits long;

S =

⌈
1

N

N∑

k=1

bk

⌉

. (3.1)

The incurred redundancy is

S ×N −
N∑

k=1

bk (3.2)

and is smaller than S − 1. Initially blki’s are allocated to si entries. The algorithm

works for the kth step as follows with i = 1 and k = 1:

1. If blki has unallocated leftover bits, then see the slot si+k for available space.

If available space is found, the leftover bits are allocated as much as possible

into si+k. ( i + k is obtained by i + k (mod N) ).

2. Increase i. If i == N go to step 3. Otherwise go to step 1.

3. Increase k. If k == N algorithm stops. Otherwise go to step 1.

If there is no error, this interleaving can recover each VLC block, blki, due to

the prefix condition and the incremental allocation of the leftover bits. The main

advantage of the EREC is that the start of blki coincides with the start of si in the

EREC frame after interleaving. Hence, as long as the side information about the
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dimension of EREC frame is safe from bit errors, a decoder can locate the start of

each blki. Also the complexity of the decoder increases slightly.
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4. A MPEG-4 SIMPLE PROFILE TRANSCODER FOR

LOW DATA RATE WIRELESS APPLICATIONS

4.1 Introduction

Communication over a wireless channel can be daunting due to errors in the

channel. When the source is a compressed multimedia stream, one way the errors

manifest themselves is as lost synchronization codes used for the variable length

codewords in the binary encoder. The characteristic of a wireless channel is different

from that of a “wired” channel, such as the Internet, where most errors are due to

packet loss caused by network congestion. In general, the former is modelled as bit

errors including bit reversal errors and bit insertion/deletion errors. The latter is

described by a Gilbert-Elliott channel model [33, 41] that deteriorates the encoded

stream during a certain period of time. In this chapter, error resilience with respect

to bit reversal errors caused by a wireless channel will be considered (burst errors

will be excluded in our study).

Video compression standards such as MPEG-4 [3] and H.263+ [6,7] specify that

forward error-correcting codes (FEC) be used when the encoded bitstream is to

be transmitted over a wireless channel. The FEC defined in Annex H [29, 39] is

BCH (511,493). The Verification Model (VM) 17 [33] of MPEG-4 classifies the

characteristic of the channel over which the encoded stream should be conveyed.

Condition 1 of the classification describes a bit error rate (BER) in the range 10−2 –

10−3 as the channel characteristic of wireless video. When combined with the FEC,

the encoded bitstream will experience much less effective BER.

Despite the FEC methods described above, there will still be some unrecovered

errors that can cause the decoder to lose synchronization. Two methods are pos-
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sible to cope with the potential loss of synchronization. One is to insert special

synchronization bit patterns into the compressed stream and the other is to use a

predefined fixed length data structure. When it comes to the case of variable length

codes, the second approach is infeasible. There exist methods that make variable

length codes (VLC) look partially like fixed length codes (FLC). The error resilient

entropy coding (EREC) [21, 71] and the fixed length entropy code [57] are efforts

to make certain aspects of VLC behave like FLC. EREC tries to interleave a group

of prefix-free variable length codes into a slot structure with as many slots as the

number of variable length codes and with the slots having the same length as the

average of the group of variable length codes.

Currently MPEG-4 and H.263+ rely on synchronization patterns (or “sync mark-

ers”) extensively. Due to the fact that the sync markers should be distinctive and

that the encoded bitstream consists of short variable length codewords, the sync

markers are defined as 24 – 32 bit long codes with 23 leading zeros. All the header

start codes belong to this category. One way of regaining synchronization after it is

lost is by attaching a periodic identification number to each codeword [72]. Other

approaches include self-synchronizable Huffman codes [56], resynchronizable Huff-

man codes [73] and reversibly decodable VLC [44]. The resynchronizable Huffman

code was used to improve the error robustness in JPEG [74]. Among all of the

above, reversible VLC [29,40] has been adopted for the DCT coefficients in MPEG-4

and H.263+. These codes enable the VLC to be decoded in the reverse direction

under the condition that the next sync marker is found. The codes increase small

redundancy to each VLC word.

Many error-resilient tools [29, 40, 47] have been incorporated into the video cod-

ing standards. Among them, video packet resynchronization, data partitioning, and

reversible VLC (RVLC) are known to be effective for bit reversal errors [40]. Video

packet resynchronization provides the MPEG-4 decoder with the mechanism to re-

gain lost synchronization by inserting sync markers in front of the video packets

created after grouping the encoded bitstream into multiple macro blocks (MB). A
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similar functionality is achieved by the “group of block (GOB) synch” in H.263+ [29].

Data partitioning aims to localize the propagation of bit errors in a video packet by

separating the header information of every MB from the DCT information. When a

bit error occurs in the DCT block in a video packet, the RVLC is meant to recover

some texture data that would have been discarded with a normal VLC [40].

In this chapter we will define a trans-encoder as an operation that converts a stan-

dard bitstream to a stream in a private format for transmission. A trans-decoder is

defined as an operation that reverts the received stream back to a standard bitstream.

We use the term transcoder as a generic name to refer both to the trans-encoder

and to the trans-decoder. The interleaving of MBs proposed in this chapter is not

compliant with the MPEG-4 standard; hence it is implemented in the form of a

transcoder [75].

4.2 Macroblock Interleaving

The EREC algorithm proposed by Redmill and Kingsbury [21, 71] interleaves

variable length code blocks into a structure we call a data frame. Each data frame

contains contiguous bit blocks we call slots. One can then think of EREC as inter-

leaving the bitstream so that each slot in the frame maps to the start position of

the block in a coded stream. EREC is restricted to a prefix-free variable length code

block. Due to this restriction, other techniques have been used with data partition-

ing to interleave only the VLC words in DCT blocks since they are codewords from

one set of prefix-free Huffman codes.

Based on this fact, the interleaving can be done on an MB basis that is a mixture

of various VLC and FLC words from different code sets. Then the interleaving can

provide synchronization capability to the starting position of each MB in an encoded

bitstream similar to data partitioning. We further extended the algorithm in such

a way that not only the start position of each slot but also the end of each slot

in a data frame is also utilized to provide an additional sync information implicitly.
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When an encoded MB bit length is longer than the length of a slot, the excessive part

of the coded MB will be interleaved into the next available space in the following

slots. In EREC, the excessive part is appended at the beginning of the available

space in other slots. However in our method, the excessive part is appended in the

reverse direction starting from the end of the available space in other slots as shown

in Figure 4.1.

In low data rate wireless video, the video encoder needs to operate with a larger

quantizer step size. As a consequence, the number of the non-zero DCT coefficients

is smaller than for a higher data rate channel. Eventually, the average length of

an MB becomes shorter since the texture information needs a smaller number of

VLC words. Without using a sophisticated method to recover DCT VLC words,

merely maintaining synchronization on every MB enhances the ability to decode

the following DCT VLC words in consecutive MBs that follow a corrupted MB.

However, the farther a VLC word is located from the MB header, the ability of

correct decoding of the VLC word becomes less when a bit reversal error occurs in

the MB. In other words, the VLC words for the DCT coefficient of a chrominance

block are more susceptible to the effect of bit errors in this interleaving scheme.

4.2.1 Interleaving at Trans-encoder

The major features of our proposed interleaving method are as follows. First,

we consider the entire MB as one sequentially and uniquely decodable codeword.

Each encoded MB is in fact the mixture of codewords from various VLC and FLC

sets used for the MB header, DC and DCT texture encoding. We refer to the entire

MB as an MB codeword. Second, when the tail of a long MB codeword is to be

concatenated to the end of a short MB codeword that represents another MB, our

method concatenates the tail of the long MB codeword in the reverse direction. By

doing so, the ability to find the start of the tail improves, since the tail aligns on the

end of a short slot, not on the end of the short MB codeword in the slot.
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Our operation of interleaving and EREC are illustrated in Figure 4.1 for five MBs.

As a preliminary step, the encoded MPEG-4 bitstream is parsed and separated into

the Video Object Plane (VOP) header and MB in each VOP. Trailing stuffing bits [3]

are discarded. From the length Si of each MB, the average length SMB is obtained

as

SMB =

⌈
1

N

N∑

i=1

Si

⌉
, (4.1)

where N is the total number MBs in a VOP. Then a separate data structure which

we call a data frame, D - consisting of N slots each with length SMB - is allocated.

Error Resilient Entropy Coding (EREC)
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Fig. 4.1. Illustration of the proposed interleaving steps for five mac-
roblocks (left to right: initial, first, second and third passes in order).
Arrows indicate the search operation for free space. The upper row
corresponds to EREC and the lower row illustrates the proposed
scheme. The wedged rectangles in the lower row represent the de-
coding direction.

Next, the interleaving of the MB bitstream into the data frame commences.

Denote the ith slot as Di. For the ith MB, the Si long bitstream is placed into the

slot Di, using as many bits as the slot can accommodate. If Si = SMB, the slot Di

becomes full. If Si < SMB, Di can accommodate the entire bitstream for the ith MB

codeword and leaves free space Vi = (SMB − Si) at the tail of Di. If Si > SMB, the
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Di can accept only part of the bitstream at full capacity, leaving Li0 = (Si − SMB)

bits from ith MB codeword unassigned as a tail bitstream. Once this procedure is

complete, the data frame D has both full slots and partially full slots. There are

still bits that have not been placed into the data frame unless Si = SMB for all i.

To fill the rest of the tail bits from the ith MB codeword in other slots, the

next adjacent slot Si+1 is checked for vacancy Vi+1 > 0. If the next slot has vacancy

Vi+1 = SMB−Si+1, then Li0 or up to Vi+1 bits are placed in reverse direction, leaving

Li1 = 0 or (Li0 − Vi+1) bits and reducing the vacancy Vi+2 = Vi+1 − Li0 or 0 for the

next placement. After this procedure is done for all the MBs, if some bits are still

left, the interleaver increases the vacancy check range to i+2 and repeats the leftover

tail filling procedure until all the tails are placed into some vacant spots.

To complete the interleaving, a total N × SMB bits are necessary to place the

(S1 + S2 + · · ·+ SN) bits into the data frame D. The extra redundancy bit length

R is

R = N × SMB −
N∑

i=1

Si. (4.2)

Finally, the trans-encoder concatenates the information (N , SMB) to the previously

decoded VOP header field bitstream, forming a new VOP header field for the trans-

decoder. Right after the new VOP header, the data frame slots Di are concatenated

in bit serial order. In cases where the trans-encoded bitstream does not end on a

byte boundary, the trans-encoder pads stuffing bits to ensure that the next VOP

sync marker starts on a byte boundary. The (N , SMB) information is encoded as a

32 bit unsigned integer of 16-bits each for the experiments in Section 4.4.

4.2.2 De-interleaving at Trans-decoder

De-interleaving starts only after one full VOP bitstream is received and buffered.

De-interleaving results in a time delay in decoding as in the case of interleaving.

To de-interleave correctly, it is essential to acquire the correct values for the total

interleaved slot count N and the bit length of the slot SMB. Since the VOP header
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is usually protected by a strong FEC, throughout this chapter it is assumed that

the necessary (N , SMB) information located at the end of the VOP header is always

available.

De-interleaving requires multiple pass MB decoding to splice together the scat-

tered tail segments of each MB codeword. In the worst case, it takes N−1 iterations

to join the segments into one full MB codeword. Based on the (N , SMB) informa-

tion, the buffered bitstream is re-arranged in the array with N slots as the ones on

the far right shown in Figure 4.1. Operations in the case of no bit errors will be

described first, because they yields perfect reconstruction of the bitstream identical

to the bitstream before interleaving.

At the first pass, the decoder tries to decode the kth MB only with whole bits in

the kth slot. If the bitstream in the kth slot lets the kth MB be fully decodable, the

decoder denotes the kth slot as a short MB slot and records the end position of the

fully decoded MB in a separate “position table.” Otherwise, it denotes the kth slot

as a long MB slot and pauses the decoding of the MB until more tail bit segments,

which will be left over from other short MB slots, become available. In addition, it

registers the incompletely decoded MB’s number on the “incomplete MB list.” After

the trial decoding of all N slots, the first pass ends with a designation of either short

or long MB slot labels for each slot, a table indicating the leftover bit positions from

short MB slots, and the incomplete MB list.

At the next passes up to N − 1 iterations, the following process is repeated until

all of the N MBs are decoded completely. For the kth MB in the incomplete MB

list, the decoder needs to find its matching tail segment based on the position table

in order to resume decoding. Let the iteration number be j, and let the slot number

s contain the next trial segment to resume decoding of the kth MB. Then s at the

jth iteration for the kth MB will be s = (k + j) (mod N).

After the first pass, suppose that the kth slot for the kth MB was labelled as a

long MB slot, and the kth MB was registered on the incomplete MB list. In each

subsequent pass, the decoder resumes operation as in the following steps:



40

1. Check if the sth slot has a leftover segment, if not go to step 5

2. Reverse the segment and concatenate it to the kth slot, then resume decoding

of kth MB.

3. Adjust the bit position entry for the sth slot in the position table.

4. If the kth MB is decoded completely, remove the kth MB entry from the incom-

plete MB list.

5. Set k = k + 1.

6. When k = N or the incomplete MB list is empty, terminate the jth pass.

7. Set s = (k + j) (mod N), and go to step 1.

The steps in each pass repeat until j = N or the incomplete MB list becomes

empty. At this point, all the MB codeword units are complete if no bit reversal error

has occurred. That is, the de-interleaving process terminates.

In order to discuss de-interleaving for the cases with bit reversal errors, the prop-

erty of the errors as seen by the de-interleaver should be understood. Section 4.3

will describe how the bit reversal errors in different syntactic locations in MPEG-4

bitstream can be detected by the de-interleaver. Since the de-interleaving function

with bit errors and the error detection function are intermingled with each other,

the functionality of syntax repair will be discussed in Section 4.3.

4.3 Error Handling

Even though our interleaving method enables the decoder to find the starting

position of each MB in the transcoded bitstream, all MBs are not free of bit errors.

Our de-interleaver is unable to locate the exact bit error positions without the aid

of FEC. However, we do not need to know the exact locations of bit errors to allow

us to de-interleave the MBs. Only the propagated effect of error is determined by
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inspecting the codeword sets and the syntactic relation between each codeword in

the given MB. For instance, some variable length code sets defined in the MPEG-4

standard are incomplete in the sense that one or more leafs of the Huffman code

tree for the set are not mapped to any codewords. When a codeword is decoded as

the empty leaf in the Huffman code tree, the decoder recognizes that an error has

occurred.

4.3.1 Error Patterns

The mode and coded block pattern (MCBPC) for I-frame and P-frame VOP,

macro block type (MB TYPE) for B-frame VOP, coded block pattern for luminance

(CBPY), motion vectors (MV), DC difference size, DCT run length codes in MPEG-

4 [3] are such incomplete sets that the decoder can detect the error in the codeword

itself. The incomplete codeword sets in the syntactic structure with respect to the

type of MB are labeled as I1–I4 for the I MB, P1–P4 for the P MB and B1–B4 for

the B MB in Figure 4.2. It essentially shows all the incomplete codeword sets.

The decoder can recognize what we call a syntactic error due to the semantic

discrepancy in the relationships between header codewords and due to the fact that

some blocks are decoded with more than 64 DCT coefficients (I5,P5 and B5 in Fig-

ure 4.2). The error that produces a block with more than 64 coefficients is a type

of semantic error. When bit errors map a codeword into another valid codeword,

the errors are unnoticed by the decoder. However, the unnoticed bit errors usu-

ally manifest themselves as syntactic errors when the decoder detects the syntactic

discrepancy. In other cases, the bit errors cannot be detected.

One more type of error is introduced due to the incompleteness of our interleaving

scheme. As described in Section 4.2, the scheme provides only the initial position of

each MB, and not the exact end position of each MB. When a short MB codeword has

errors, the errors interfere with the tail-matching operation. That is, the long MB

codeword whose tail had been interleaved with the short but erroneous MB cannot
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I I I1 2 3

Illegal  Codeword

TCOEFDC TCOEFDC

Inconsistent  Syntax

4I
5I

De−interleaving
Incomplete

MCBPC Dq

Length  >=  SMB

CBPYAC pred

(a) Error types in I VOP

P P1 2

Illegal  Codeword

TCOEFNCod TCOEF

Inconsistent  Syntax

4P 5P3P

De−interleaving
Incomplete

MCBPC Dq

Length  >=  SMB

CBPYAC pred MV1 − MV4

(b) Error types in P VOP

B B1 2

Modb

Length  >=  SMB

TCOEF

Illegal  Codeword

3B 4B 5B

Inconsistent  Syntax

MB type CBPB Dq TCOEFMVbMVf

De−interleaving

Incomplete

(c) Error types in B VOP

Fig. 4.2. Syntactic structure and the incomplete codeword locations
with respect to I, P, and B MBs. The header fields in the dashed box
are optional. The labels I1 – B5 represent the type and the location
of detected errors in I/P/B MBs.
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match its correct tail, resulting in an incorrectly represented MB even though the

MB itself was not contaminated by bit errors. Also, after N − 1 iterations, there

may exist incompletely decoded MBs due to the fact that the interleaving scheme

does not specify the end position of each MB. The error of incompletely decoded

MB is not denoted in Figure 4.2 since it is not a syntactic error. The latter case is

referred to as the de-interleaving error. The labels in Figure 4.2 are further classified

to denote errors in the MB’s header and in the DCT block. That is,





Headerr = {I1, I2, I3, P1, P2, P3, B1, B2, B3}

DCTerr = {I4, I5, P4, P5, B4, B5}
(4.3)

4.3.2 De-interleaving with Errors

De-interleaving with bit errors operates similarly to the steps in Section 4.2.2.

(Since only Headerr and DCTerr are detectable during the de-interleaving, the phrase

“error occurs” implies these two errors, not a de-interleaving error.) To consider the

error effect in de-interleaving, two kinds of status information need to be managed.

Let these be maintained by two arrays: “slot state” and “MB state”. At the first

pass, if an error occurs while the de-interleaver is decoding the kth MB in the kth slot,

the de-interleaver marks the slot state[k] as “dirty head,” and updates the parsed bit

position up to the detected error position in a separate array holding the bit position

information. Then it assigns the MB state[k] to one of {I1, · · · , B5} appropriately.

If no error occurs, the de-interleaver sets the slot state[k] = “short slot” or “full slot”

and the MB state[k] as either “done” or “hold,” respectively based on whether the

kth MB is fully decoded or not.

At subsequent passes up to the N − 1 iteration, the tail-matching process for

MBs with MB state[k] = “hold” continues. Similar to the steps in Section 4.2.2,

let the iteration number be j and the slot number containing the next trial segment

be s. Then s at the jth iteration for the kth MB will be s = (k + j) (mod N). The

subsequent de-interleaving and the trial decoding steps for the kth MB are as follows.
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1. Check if the sth slot has slot state[s] = “dirty head” or “short slot,” if not go

to step 5.

2. Reverse the segment in the sth slot and concatenate it to the kth MB, then

resume decoding the kth MB.

• If an error occurs when slot state[s] = “dirty head,” set slot state[s] =

“dirty slot” and do not update MB state[k] and then go to step 5.

• If an error occurs when slot state[s] = “short slot,” set slot state[s] =

“dirty tail” and set MB state[k] as the reason for the detected error type,

and adjust the available bit position for the kth MB and then go to step

5.

• If no error occurs and all the bits in the sth slot are depleted, adjust the

slot state[s] to “full slot” and go to step 3.

• If no error occurs and the sth slot still has unused bits, keep slot state[s]

as it is and go to step 3.

3. Update the available bit position of the kth MB and set MB state[k] = “hold”

or “done.”

4. If the kth MB is decoded completely, remove the kth MB entry from the incom-

plete MB list.

5. Set k = k + 1.

6. When k = N or the incomplete MB list is empty, stop the jth pass.

7. Set s = (k + j) (mod N), and go to step 1.

As in Section 4.2.2, these steps in each pass repeat until j = N or the incomplete

MB list becomes empty. However, due to de-interleaving error, the de-interleaving

process is unlikely to terminate with an empty incomplete MB list. As for the MBs

in the list, the MB state[k] = “hold” are forced as Headerr or DCTerr based on
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whether the available bit position for the MB can encompass the entire MB header

or not. This type of error is repaired in Section 4.3.3 as if it were a syntax error.

4.3.3 Bitstream Repair

In the trans-decoder, since the reconstructed pixel information is not available,

error concealment [20,38,76] cannot be incorporated, even though the collected syn-

tax error information might be useful. Consequently, the repair is done on bitstream

only and is intended to be as simple as possible. Hence, the basic strategy is to

truncate the bitstream directly prior to the detected error position.

First, the syntax repair step examines the syntactic and the semantic relations

of incompletely decoded FLC and VLC words for a given MB. In order to make

the final bitstream output from the trans-decoder MPEG-4 compliant, the repair

step may drop, copy, truncate, and even modify the MBs of pathological bitstreams.

According to what type of VOP an MB codeword belongs to, the pathological MB

may be repaired differently.

All DCTerr are treated identically, regardless of what type of VOP the current

MB belongs to. If a block in a pathological MB has more than 64 coefficients, the

last VLC close to the 64th position is converted to another VLC word indicating it is

the last coefficient but with the same run and level values. Likewise, if a block has

an undefined VLC word, the final correctly decoded codeword is encoded again, but

converted in the same way. In both cases, the MCBPC and CBPY can be changed

to represent coded blocks properly when the detected errors make the trans-decoder

truncate some blocks in a MB.

If the DC part in a block is detected to have a problem, the block will disappear

in the MCBPC or CBPY pattern. However, when the given MB is an INTRA type

of MB, which occurs in an I-frame or P-frame, then the zero DC value codewords

will be inserted in the block and blocks following it, in cases when DC/AC prediction



46

was used at the encoder. In the case with no DC/AC prediction, the DC values will

be set to 127.

If Headerr occurs in an MB, then the MB is re-encoded as “not coded” for P

VOP and MB TYPE with “no data” for B VOP. In the case of I VOP, the entire

bitstream for the MB is regenerated to have blocks with only zero DC values or 127,

depending on the use of DC/AC prediction.

Finally, if the number of coded MBs in a B VOP following the previous I or P

VOP is not the same as that of the I or P VOP, either the superfluous MBs are

dropped or the deficient MBs are regenerated as MB TYPE with “no data.”

4.4 Experimental Results

To compare the synchronization performance of our interleaving technique, we

need to choose a similar error-resilient method. Performance of the MPEG-4 Error

Resilient tools should be used as a reference for comparison of our method. Unfor-

tunately, the MoMuSys FDIS V 1.0 decoder [77] used in our experiment does not

operate on bitstreams with errors. Though not a perfect reference for comparison,

the H.263+ decoder TMN 3.2.1 developed by the University of British Columbia [48]

was used as our reference.

We assumed in our experiments that an appropriate FEC is used so that the

necessary header information is protected from bit errors. The bit errors were simu-

lated and the VOP header in our stream and the frame header in the H.263+ stream

were excluded from errors in our experiments. The experiments were focused on the

performance of the resynchronization, which our interleaving scheme provides for

each MB.

In our experiment we assume that the target application is a wireless channel

operating at 33 k bits per second (bps). The video sequences have a frame rate of 3

frames per second (fps) and are QCIF in size. To accommodate three fps within the

given bandwidth, quantization parameters (Qp) of the MPEG-4 encoder for each
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VOP were fixed to 15, 17 and 17 for the I, P and B VOPs respectively, which yield

approximately 33dB in average PSNR. The Qp parameters of the H.263+ encoder

were 15 and 17 for I and P-frames respectively. No rate control was used in both

encoders.

The group of VOP in the MPEG-4 encoder was set to 12 and the “I, P, B, B,

P, B, B, · · · ” structure is used. In order to be comparable to the operation of the

H.263+ encoder, the MPEG-4 encoder did not use the AC/DC prediction mode. To

generate a reference bitstream, the H263+ encoder operated with the same GOP size

of 12 and the “I, P, P, · · · ” structure. Additionally, the intra MB refresh rate of the

H.263+ encoder was set to nine MBs, so that an entire frame will be intra updated

with the given GOP size. Another H.263+ bitstream was also created by enabling

both the intra refresh rate option with nine MBs and the GOB synch option that

inserts a GOB header in front of every MB.

According to the VM 17 of MPEG-4, the decoder is assumed to operate with bit

error rates of 10−2 – 10−3 for a wireless channel. Since our H.263+ decoder failed to

decode the corrupted bitstream at 10−2 BER, the error conditions with BER = 10−3

and BER = 5× 10−4 were examined. The “akiyo” and “foreman” QCIF sequences

with 100 VOPs were used. In the following figures, we will refer to the results of our

method as “Interleave.” We will refer to H.263+ with the intra MB refresh option

as “IR” and H.263+ with both the intra MB refresh and the GOB synch options as

“IR+GOB.”

The average PSNR of our proposed method and the two H.263+ decoded bit-

streams are depicted in Figure 4.3. Even with the GOB headers in every MB, the

average PSNR of H.263+ is similar to (when BER = 5× 10−4) or below (when BER

= 10−3) our proposed interleaving transcoder. In the case of the “akiyo” sequence

with BER = 10−3, our method showed nine dB better performance than the two

options in H.263+.

The lengths of the encoded bitstream for both MPEG-4 and H.263+ without any

ER options are shown in Figure 4.4. Figure 4.5 shows the redundancy bits per VOP
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(or frame) added by our method and the two options in H.263+. The redundancy of

our proposed method is much smaller than the redundancy of H.263+ ER options.

A few sample VOPs are illustrated in Figure 4.6 for BER = 5× 10−4 and Figure

4.7 for BER = 10−3. The VOPs in the odd rows are from decoded sequences using the

H.263+ TMN 3.2.1 decoder with the GOB synch and the intra MB options enabled.

The VOPs in the even rows are from decoded sequences using the MoMuSys FDIS

V1.0 decoder after our trans-decoding.

4.5 Conclusion

We believe our MB interleaving method performs better in synchronizing MBs

in a VOP than the GOB header insertion scheme adopted in H.263+. With respect

to redundancy, the overhead for our transcoder remains small when compared to the

overhead of H.263+ while maintaining similar synchronization of the MBs. The side

information (N, SMB) inserted in the VOP header can help locate the next VOP

header indirectly since the next VOP header is on a byte boundary approximately

N × SMB bits from the location of the side information in the current VOP header.

Unlike EREC method, our method treats an entire encoded MB bit stream as

if it were a very long VLC. Also, the tail part of an encoded MB bits longer than

the size of slots is interleaved in the reverse direction to utilize the end position of

each slot, which prevents the propagation of erroneous decoding of the encoded MB

bits shorter than the slot length. One drawback of our interleaving scheme is that a

bit error in an MB propagates to neighboring MBs by corrupting their VLC words

in chrominance DCT blocks because the scheme can specify the starting position of

an MB but not the end position of the MB when an error occurs. To compensate

for the lack of finding the end of an MB, instead of truncating or modifying the

codewords to repair errors in the bitstream, an error concealment algorithm that

uses the detected error information is worthy of further research.
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(a) 11th frame (b) 12th frame

(c) 11th frame (d) 12th frame

(e) 11th frame (f) 12th frame

(g) 11th frame (h) 12th frame

Fig. 4.6. Samples of decoded VOPs with BER = 5 × 10−4. (a),
(b): H263+ akiyo sequence with the intra MB refresh and GOB
synch options. (c), (d) : the proposed trans-decoded MPEG-4 akiyo
sequence. (e), (f): H263 + foreman sequence with the intra MB
refresh and GOB synch options. (g), (h): the proposed trans-decoded
MPEG-4 foreman sequence.
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(a) 11th frame (b) 12th frame

(c) 11th frame (d) 12th frame

(e) 11th frame (f) 12th frame

(g) 11th frame (h) 12th frame

Fig. 4.7. Samples of decoded VOPs with BER = 10−3. (a)-(f) are in
the same order as in Figure 4.6.
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5. NESTED INTERLEAVING TRANSCODER FOR

MPEG-4 SIMPLE PROFILE BITSTREAM

5.1 Introduction

Video compression standards such as MPEG-4 [3] and H.263+ [6] specify the

use of BCH (511,493) as the forward error-correcting codes (FEC) when the encoded

bitstream is to be transmitted over a wireless channel in Annex H [6]. In addition

to the FEC method, the standards describe other optional error-resilient tools that

provide the framework of unequal error protection and reduce the error propagation

inherent to any compression method with predictive coding algorithm [7, 33, 40].

Among them, video packet resynchronization, data partitioning, and reversible VLC

(RVLC) [40, 44] are known to be effective on bit reversal errors. To support the

error-resilient tool, MPEG-4 and H.263+ rely on synchronization patterns (or “sync

markers”) with 23 leading zeros extensively. Frequent sync marker insertions add

extra redundancy to the encoded bitstream. There is an interleaving algorithm

known as EREC [21], which can rearrange variable length blocks into known posi-

tions so that synchronization is achievable with very small redundancy compared to

the error-resilient tools using sync markers. As an application to a H.261-like bit-

stream, EREC was used to rearrange the MB header blocks and the DCT coefficient

blocks into one data structure known as EREC slots [21]. In Chapter 4, we pre-

sented a modified interleaving scheme, and a simple error handling scheme to repair

detected bit errors was proposed. Both schemes were implemented as a transcoder

to interleave MBs in a frame for MPEG-4 Simple Profile bitstream.

In this chapter, we will further develop the interleaving scheme in a nested fashion

to provide three levels of synchronization along with bit reversal error detection in
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the VLC codewords. We will define a trans-encoder as an operation that converts a

standard bitstream to a stream in a private format for transmission. A trans-decoder

is defined as an operation that reverts the received stream back to a standard bit-

stream. The term transcoder is a generic name to refer to both the trans-encoder and

the trans-decoder. The nested interleaving scheme in this chapter is not compliant

with the MPEG-4 standard; hence it is implemented in the form of a transcoder.

5.2 Nested Interleaving

The nested interleaving operation on a compressed video stream will be described

using the MPEG-4 Simple Profile bitstream. Unlike the interleaving scheme proposed

in [78], which treats the entire MB bitstream as a codeword, the nested interleaving

scheme treats each codeword as codewords whose code bits are to be interleaved at

the second level and regards each MB as a bundle of the codewords which are to be

interleaved at the first level. The procedure is illustrated in Figure 5.1 and Figure

5.2. The terms to be used in describing the operation are defined as follows:

CBPi : bitstream up to MCBPC in header section of the ith MB

Hi,Ti : header section except CBPi or TCOEF section of the ith

MB

Kij : the ith DCT block section of the Tj

Hij,Tij : the jth codeword in Hi (or Ti)

C(Hi), C(Ti) : the count of the codewords in Hi (or Ti)

C(Kij) : the count of the codewords in Kij

L(CBPi) : the bit length of CBPi

L(Hij), L(Tij) : the bit length of the jth codeword in Hi (or Ti)

L2(Hi), L2(Ti) : the bit length of the ith codeword in the buffer IB1 (or IB2)

after first level interleave

NMB : the total number of MBs in a frame

NK : the total number of coded DCT blocks in a frame
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C(H)avg, C(T )avg : average count of codeword for the header (or the TCOEF)

sections per MB

CBPavg : average bit length of CBPi per MB

codeword slot : a bit array that stores given codeword bits

S2(H), S2(T ) : total codeword slot counts in all header (or the TCOEF)

sections after first level interleave

codeword bank : a group of codeword slots with predefined size

BHi, BTi : the ith codeword bank in IB1 (or IB2) to hold interleaved Hi

(or Ti)

IBC : the interleaving bit slot buffer for CBP

IBi : the interleaving buffer, where index i denotes the interleave

level and the contents of the buffer

Rk
i : leftover entities of the ith unit after the kth interleaving iter-

ation step

V k
i : vacancy information of IBi at the kth interleaving iteration

step

The trans-encoder parses a frame of an MPEG-4 bitstream with the structure

shown in Figure 5.1.(a). Then it stores each codeword in the MBs of the given frame

individually as in Figure 5.1.(b) except the frame header information, which is not

interleaved by the trans-encoder. While parsing, it lists the CBPi bits, the Hi and

the Ti section boundaries and the Kji boundaries in every MB and counts the coded

MBs in a frame. One thing to note here is that the mode and coded block pattern

for chrominance (MCBPC) and coded block pattern (CBP) [33] information in the

Hi controls how other information in Hi and the following Ti should be decoded.

Therefore if the CBPi, the Hij and the Tik are interleaved without distinction, it

becomes impossible for the trans-decoder to de-interleave the MCBPC and CBPY

information in the Hi. To make the de-interleaving possible, the CBPi, the Hi and

the Ti must be interleaved separately.
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5.2.1 MCBPC interleaving

Since CBPi must be decoded prior to other header information, it is interleaved

with one level. Based on the NMB, the average bit length for CBPi is determined

by

CBPavg =

⌈
1

NMB

NMB∑

i=1

L(CBPi)

⌉
. (5.1)

The interleaving bit buffer IBC has NMB slots with CBPavg bits long. This one-

level interleaving procedure is identical to the second level of the following MB header

interleaving procedure, except that IBC is used instead of IB3.

5.2.2 MB header interleaving

MB header information except CBPi is interleaved with two-level to place the

start of VLCs in the header on known positions. Based on C(Hi) from the section

boundary list and the NMB, the average codeword bank length is determined by

C(H)avg =

⌈
1

NMB

NMB∑

i=1

C(Hi)

⌉
. (5.2)

The interleaving buffer for the first level is known as IB1. The IB1 has NMB multiples

of BH , and one BH holds C(H)avg codeword slots.

At the initial interleaving step with the iteration step k = 0, each Hi is placed

into BHi, using as many codeword slots as the bank BHi can accommodate. If

C(Hi) = C(H)avg, the bank BHi becomes full. If C(Hi) < C(H)avg, BHi can hold

the entire Hi and leaves free space V 0
i = C(H)avg − C(Hi) at the rear part of BHi.

If C(Hi) > C(H)avg, the BHi can accept only part of the codeword slots in the

Hi, leaving R0
i = (C(Hi)− C(H)avg) codeword slots from the Hi unassigned to the

BHi. After the initial step, the buffer IB has both full banks and partially full

banks. There are still codeword slots that have not been placed into IB1 unless

C(Hi) = C(H)avg for all i ∈ [1, NMB].
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Fig. 5.1. Example of the nested interleaving scheme with NMB = 3
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(b) The first step of codeword bit interleaving
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(d) Alignment for final transmission

Fig. 5.2. Continued example of Figure 5.1
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For the next iterations, the iteration step k is increased. To fill the Rk−1
i slots left

over from the Hi to the IB1 at k − 1th iteration, the next available bank BHi+k is

checked for vacancy V k−1
i+k > 0. If not, the slot index i increases and the leftover slots

from the next Hi will be processed. If the V k−1
i+k > 0, then the entire Rk−1

i or up to

V k−1
i+k leftover codeword slots are placed in the reverse direction [78] to the BHi+k

as shown in Figure 5.1.(c), leaving Rk
i = 0 or Rk−1

i − V k−1
i+k slots and reducing the

vacancy V k
i+k = V k−1

i+k − Rk−1
i or 0 for next placement. After this procedure is done

for all NMB, if some codeword slots are still left, the interleaver repeats the above

procedure until all the left over slots from the Hi are place into some vacant space in

the IB1. When the iteration step k becomes NMB, the first level interleaving finishes

(see Figure 5.2.(e)).

The second level interleaving deals with the codeword bits. Now a separate bit

interleaving buffer IB3 for the header bits should be allocated. The average bit

length for the buffer is given by

L(H)avg =

⌈
1

S2(H)

NMB∑

i=1

C(Hi)∑

j=1

L(Hij)

⌉
, (5.3)

where S2(H) = NMB×C(H)avg. The IB3 consists of S2(H) bit arrays, each of which

can store L(H)avg bits. We can obtain the interleaving procedure for the second level

by substituting { S2(H), codeword slot, codeword bits, L2(Hi), L(H)avg } terms

respectively into the places of the { NMB, codeword bank, codeword slots, C(Hi),

C(H)avg } terms in the first level procedure (see Figure 5.2(b)-(c)). Also, when the

Rk−1
i leftover bits are to be interleaved, they should be placed in the reverse direction.

5.2.3 DCT block interleaving

In order to place the DCT VLCs, the blocks, and the MBs on predefined positions,

codewords in DCT block are interleaved with three levels. Based on NK , C(Kji),

NMB and C(Ti) from the section boundary list, the following parameters are defined

in Equations 5.4- 5.7.
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At the first level, a block section buffer BS is formed to store M by NMB block

sections, where M is the average block count per MB. The block sections Kji are

interleaved into BS on section units, similar to the first level of section 5.2.2. This

interleaving may result in unoccupied sections in BS. Then the interleaving buffer

IBK for the block codeword bank is defined to have NK − 1 codeword banks with

C(K)avg slots and the last codeword bank with C(K)end slots. The codeword slots

in the occupied section of BS are interleaved into the IBK similar to the first level

of the section 5.2.2 (see Figure 5.1(d) left).

C(K)avg =

⌈
NMB × C(T )avg

NK

⌉
, (5.4)

C(K)end = (NMB × C(T )avg)

−((NK − 1)× C(K)avg), (5.5)

C(T )avg =

⌈
1

NMB

NMB∑

i=1

C(Ti)

⌉
, (5.6)

L(T )avg =

⌈
1

S2(T )

NMB∑

i=1

C(Ti)∑

j=1

L(Tij)

⌉
, (5.7)

where S2(T ) = NMB × C(T )avg.

At the second level, the codeword banks IBK, indexed as IBKji (j ∈ [1, M ], i ∈

[1, NMB]), are interleaved into a separate buffer IB2 consisting of BTi with C(T )avg

slots (see Figure 5.1(d) right). Since both BTi and IBKji have fixed length slots, the

interleaving takes one iteration. Following a sequential order of i, IBKji is placed

into BTi. When j = M , the bank IBKMi will be placed close to the end part of

BTi. If there are slots carried over from IBKM(i−1), the slots are placed before the

IBKMi bank. If slots of IBKMi are to be placed beyond the end of BTi, they are

carried over to BTi+1. When i = NMB, the interleaving with IB2 is complete.

At the third level, the interleaving of the VLC bits is identical to the second

level of MB header interleaving. The VLCs in IB2 are interleaved into IB4, which

consists of S2(T ) bit arrays with L(T )avg bits capacity.
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5.2.4 Final bitstream

To complete the interleaving, a total NMB×CBPavg +S2(H)×L(H)avg +S2(T )×

L(T )avg bits are necessary to place the
∑

L(CBPi) +
∑ ∑

L(Hij) +
∑ ∑

L(Tij)

bits into the interleaving buffers IBC, IB3 and IB4. The incurred redundancy in

bits is the difference of the above two terms.

Redun = S2(H) ∗ L(H)avg −
NMB∑

i=1

C(H)avg∑

j=1

L(H)avg

+ S2(T ) ∗ L(T )avg −
NMB∑

i=1

C(T )avg∑

j=1

L(T )avg. (5.8)

Finally, the trans-encoder concatenates the additional side information { NMB,

CBPavg, C(H)avg, C(T )avg, L(H)avg, L(T )avg, NK} to the previously parsed frame

header field bitstream, forming a new frame header field for the trans-decoder. After

the new frame header, the bit array buffers IBC, IB3, IB4 shown in Figure 5.2.(d)

are concatenated in bit serial order. In case the trans-encoded bitstream does not

end on a byte boundary, the trans-encoder pads stuffing bits to ensure that the next

frame sync marker starts on a byte boundary.

5.3 Error Detection and Handling

Due to bit errors, the de-interleaver in trans-decoder cannot recover the received

bitstream into the original bitstream. The trans-decoder can detect two types of bit

errors. One type of error is to map a VLC to an empty codeword in the VLC sets.

The other type of error is detected as an incomplete de-interleaving of a codeword.

Since we used the nested interleaving scheme, we expect the trans-decoder to de-

tect bit error in the scale of codeword, which was impossible in [78]. Currently, a

new error handling scheme which exploits a finer error detection capability is under

investigation.
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Table 5.1

VLC table for MCBPC of I-frame in MPEG-4 and assumed proba-
bility of each code

Index CBPC(56) Num. of bits Code Prob.

0 00 1 1 54
100

1 01 3 001 15
100

2 10 3 010 15
100

3 11 3 011 15
100

5.4 Experiments

Since the error handling scheme was not fully developed for the nested inter-

leaving method, the experiment was only for I-frames. For error handling for the

I-frames, we used a very simple codeword replacement for CBPY and CBPC based on

a theoretical codeword frequency table. For example, CBPY of I-frame is encoded

as in Table 5.1 according to MPEG-4 standard [33]. In case of optimal variable

length code, we know that the probability of a codeword is proportional to the log

of reciprocal of the codeword length. So, we can deduce approximate probabilities

of the CBPC codewords as the last column values in Table 5.1. When errors are

detected in the location of CBPC information for a given frame, they are replaced in

such a way as to make the relative frequency close to the assumed probability. The

detected errors that occurred in DCT blocks were handled in the same way as in

Chapter 4 Section 4.3. That is, if a decoded block has more than 64 coefficients, it

is truncated at the maximum location. If it has a detected error before decoding the

last coefficient, the coefficient with the detected error is excluded and the coefficient

right before the coefficient with the error is re-encoded as the last coefficient in the

block.

We assumed that the frame headers are protected from bit reversal errors using

FEC. QCIF size of “akiyo” sequences are used for both the H.263+ and the MPEG-
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4 Simple Profile encoders. To generate the decoded frames having average PSNR

approximately 33dB, fixed Qp values are used without any rate control. The MPEG-

4 MoMuSys V1.0 encoder is used without the AC/DC prediction mode. As for the

H263+ encoder, the TMN 3.2.1 version produced by University of British Columbia

UBC is used, and GOB synch is inserted at the start of each MB row for error

resilience. Bit error rate of 10−3 was tested.

The simulation result frames are shown in Figure 5.3 and the corresponding

PSNR are listed in Table 5.2. Our nested interleaving scheme provides better PSNR

performances than H.263+ GOB synch ER method. On the average, our method

attains nearly 10 dB gain over H.263+ method in the overall PSNR measure. In ad-

dition, the incurred redundancy necessary to accomplish our method is considerably

smaller than that of H.263+ GOB synch method.

Compared to the MB interleaving method in Chapter 4 where the bit reversal

errors propagate into the chroma DCT of neighboring MBs, the nested interleaving

method renders the erroneously decoded information in such a way that bit errors

propagate into neighboring VLC slots of DCT coefficient in each block. The nested

interleaving utilizes the starting position of each interleaved logical units such as

VLCs, blocks and MB in decoding, so that the effect of errors could be confined

within the smallest possible interleaved unit.

5.5 CONCLUSION

We have presented a three level nested interleaving transcoder scheme for the

delivery of compressed video bitstream over error-prone channels. The main effect

of the scheme is to provide a codeword synchronization on each VLC unit so that

the propagation of error can be reduced. Also the incurred redundancy is very small

compared to those incurred by the ER tools provided in MPEG-4 and H.263+.

Advantages of the scheme are:
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(a) Nested interleaving result (b) Nested interleaving result

(c) Nested interleaving result (d) Nested interleaving result

(e) H263+ with the “GOB sync” (f) Nested interleaving result

Fig. 5.3. Decoded frames of the nested interleaving transcoder and
a frame of H.263 with GOB-sync mode



66

• The start positions of the MBs, the blocks, and the VLCs in a frame are aligned

on known positions without using a “sync word.”

• The effect of error in a VLC is confined to a small number of VLCs which are

interleaved together with the VLC having error.

• DCT blocks can be decoded independent of the relation between the block and

the MB it belongs to. This fact can be used as a correctness check for the

MCBPC and CPB information.

• As a side effect of the nested interleaving, partitioning of logical groups such as

the MCBPC, the MB header and the DCT block is established automatically.

• Our method from “end-to-end” is compliant with the standards.

Table 5.2
PSNR comparison of result images in Figure 5.3

Y PSNR U PSNR V PSNR Overall

(dB) (dB) (dB) (dB)

(a) 21.54 32.10 36.04 25.81

Nested (b) 23.18 33.83 36.16 27.40

Interleaving (c) 23.49 28.19 33.28 26.67

Transcoder (d) 29.88 27.56 26.07 27.57

(f) 24.64 33.04 36.00 28.56

H.263+ (GOBsync) (e) 17.60 14.15 15.64 15.58
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6. IMAGE DCT COEFFICIENT INTERLEAVING AND

LOST COEFFICIENT ESTIMATION USING A MARKOV

RANDOM FIELD MODEL

6.1 Introduction

Transmission errors can be mainly classified into random bit errors and burst

errors. These errors are introduced when information is transmitted over a noisy

channel, as it happens in wireless transmission. In the case of images or video

bitstreams compressed using Variable Length Codes (VLC), the effect of the errors

can be very large because even a single bit error can desynchroinze the decoding

until a next synchronization in the bitstream is established.

To cope with errors, several solutions have been proposed. Forward Error Cor-

recting Codes (ECC), such as the Reed-Soloman (RS) code and the Bose-Chaudhuri-

Hochquenghem (BCH) code, have long been used [41, 79]. In the ECC technique,

additional information is introduced in the bit stream so that the decoder can detect

and, to a certain extent, correct the errors. Although interleaving helps ECCs in that

it has the effect of distributing the burst errors in the bitstream [79], ECC cannot

effectively deal with burst errors in physical layers because the errors usually exceed

the ECC correction capability [19].

In packet-based communication networks, errors uncorrected by ECC as well as

network congestion are considered as packet loss. The packet loss has a tendency to

occur in bursts. In this case, the packet loss manifests itself as a large damaged area

of images or video when the loss occurs in the compressed images or video bitstream.

Retransmission strategies between end-to-end at the network layer and Auto-

matic Repeat Request (ARQ) at the link layer can be more appropriate to deal with
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packet loss. However, the delay due to the retransmission of lost packets between

end-to-end may not be acceptable in real-time applications. Furthermore, Real Time

Protocl (RTP) [80] based applications such as video broadcasting does not allow re-

transmission.

ECC and Retransmission techniques involve processing in both the encoder and

the decoder. In contrast, Error Concealment (EC) techniques only involve processing

at the decoder based on a prior knowledge of images or video [28, 37]. In EC, after

decoding every frame, postprocessing is performed to reduce the visual artifacts of

transmission errors. Usually, once the set of damaged pixels in a frame is known,

image interpolation is performed to restore the damaged pixels. This technique can

effectively reduce the visibility of the artifacts of transmission errors if the area of

damaged pixels is not large. Additionally, it does not increase the transmission

bandwidth, which allows EC to combine with other techniques. However, error

concealment increases the complexity of the decoder and cannot effectively reduce

the visibility of errors when the area of damaged pixels is large.

A suboptimal error concealment method for lost blocks in the pixel domain was

developed using MAP estimation [58] based on a Markov Random Field (MRF)

[81–87] model. The method utilizes median filtering among neighboring pixels sur-

rounding a lost block. The method was adopted as a non-normative recommendation

in the JVT standard [88]. There still exists some visual quality mismatch between

the reconstructed blocks and the received blocks using this method. To improve the

nonuniform visual quality of the reconstructed blocks, we propose a cyclic interleav-

ing of the DCT coefficients [89, 90] and propose a MAP estimate for the lost DCT

coefficients after de-interleaving.

In the following, we only consider the effects of packet loss errors in compressed

JPEG deliveries over packet-based networks. Two aspects of an DCT interleaving

scheme are investigated. First, to cope with packet loss errors, a cyclic shift in-

terleaving method in DCT domain is developed. The interleaving of the transform

coefficients disrupts the correlations between the coefficients in each block, which
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reduces entropy coding efficiency and increases the data rate. The increased rate

due to the interleaving is studied in Section 6.2 using the principle of ρ-domain

analysis [91].

Secondly, an error concealment method using MAP estimation is described in

Section 6.3. The performance of the combined interleaving and the restoration of

the DCT coefficient scheme will be simulated on achromatic images using baseline

JPEG in Section 6.4. Section 6.5 concludes this chapter.

6.2 DCT Interleaving

Modern image compression algorithms use a transform of the pixels followed by

coefficient quantization and entropy coding. In the case of JPEG [8, 9], the input

image is partitioned into non-overlapping 8 × 8 pixel blocks and then the discrete

cosine transform (DCT) is used to obtain 8 × 8 blocks of DCT coefficients. Next,

the DCT coefficients in the blocks are quantized. Finally, the run of zeros before

a nonzero coefficient and the level of the nonzero coefficient in each block formed

by zig-zag scanning are entropy encoded using Huffman codes. When the coded

bitstream is to be transmitted over a communication channel, additional channel

coding with interleaving is conventionally used. If a long burst error exceeding the

correction capability of the ECC occurs, the spatial correlation of the lost blocks

with their neighboring blocks may be exploited for error concealment. Distributing

DCT coefficients of a block across other blocks would be advantageous in preserving

as much partial correlation as possible after a severe burst error. Hence the par-

tial correlation preserved by interleaving would be exploited by error concealment

algorithms.

6.2.1 Configuration

The proposed DCT coefficient interleaving scheme uses cyclic shifting across 8×

8 blocks as shown in Figure 6.1. At the encoder, the cyclic shift interleaving is
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performed after the zig-zag scan, and it produces rearranged DCT coefficient blocks

as (a)-2 in Figure 6.1. The output image (a)-3 in Figure 6.1(a) illustrates the effects of

DCT coefficient interleaving, where it can be observed that all the spatial frequency

component is distributed over the entire image via cyclic shift interleaving. The

image (b)-1 in Figure 6.1(b) shows the decoded image when the lost DCT coefficients

are set to zero after de-interleaving and the image (b)-2 is the result of the proposed

MAP estimation. The terms interleaving and cyclic shift of DCT coefficients will be

used interchangeably.

6.2.2 Rate Control Issues

In current video and image coding standards, the entropy coder encodes the run of

zeros before a nonzero transform coefficient and the value of the nonzero coefficient as

the joint source symbols (run, level). The cyclic shift of DCT coefficients essentially

rearranges the nonzero values, which in turn alters the length of the runs of zeros

throughout the entire image. That is, the interleaving maps the given source symbols

into new joint source symbols whose statistical properties might not match with the

given entropy coder. As a result, the data rate after interleaving increases.

The JPEG standard [8,9] uses a quality control factor, and the MPEG standards

have proprietary rate control schemes like TMN 5 [92] arbitrating between the data

rate and the distortion by adjusting the quantization parameter. Unlike the rate

control mechanisms which are constrained by distortion or quality used by these

standards, the rate change caused by interleaving has no effect on visual quality, since

the interleaving is performed after quantization and does not alter visual quality.

To analyze the effect of rate increase due to interleaving, we adopt the Character-

istic Rate Curve analysis [91] known as ρ-domain analysis and restate the necessary

details in the following.
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denotes the Kth DCT coefficient of the nth block.
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Definition 6.2.1 ρ is the percentage of zeros among the quantized transform coef-

ficients. For transform image coding, it is given by

ρ(q) =
1

M

∫ +∆

−∆

D(x)dx,

where D(x) is the distribution of the transform coefficients, q is the quantization

parameter, ∆ is the dead-zone of uniform threshold quantizer determined by the

parameter q, and M is the image size.

Definition 6.2.2 Qnz(ρ) and Qz(ρ) are functions characterizing the nonzero and

zero transform coefficients after quantization, which are referred to as characteristic

rate curves. They are used as bases in decomposing the estimate of rate, R(ρ), as a

linear combination of Qnz(ρ) and Qz(ρ)

R(ρ) = A(ρ)Qnz(ρ) + B(ρ)Qz(ρ) + C(ρ), (6.1)

where {A(ρ), B(ρ), C(ρ)} are parameters to model a given coding algorithm.

Definition 6.2.3 (Binary representation) For any integer x 6= 0, its size S(x)

is defined as

S(x) = ⌊log2 |x|⌋+ 2, (6.2)

which corresponds to the required number of bits in the binary representation of x.

The curve Qnz(ρ) characterizes the statistics of the nonzero coefficients and the

curve Qz(ρ) characterizes those of the zero coefficients. For the case of JPEG [8,9],

a one dimensional array L is formed from LBs in a block-wise raster scan order,

where each LB is a one dimensional array for each block after all of the transform

coefficients are quantized and then scanned in zig-zag scan order. Let N be another

array storing the locations of nonzero coefficients, which are sequentially searched

for in the array L. Then the quantities

Q′
nz =

∑

x∈L, x 6=0

S(x), and (6.3)

Q′
z =

|N |−2∑

i=0

S(N [i + 1]−N [i]) (6.4)
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correspond to total number of bits required for the binary representations of nonzero

and runs of zero coefficients, respectively. Note that Q′
z does not consider the block

boundaries, and that the runs of zeros are determined using the entire array L.

Finally, the characteristic curves are obtained as

Qnz =
1

M
Q′

nz (6.5)

Qz =
1

M
Q′

z, (6.6)

where M is the total number of pixels in an image. Qz and Qnz are also referred to

as pseudo-coding data rates [91]. As defined in (6.1), {A(ρ), B(ρ), C(ρ)} are fixed

for the JPEG coding algorithm. Also Qnz(ρ) is fixed after quantization. The only

controllable quantity in (6.1) by cyclic shifting is the characteristic curve Qz(ρ).

6.2.3 Minimization of pseudo-rate Qz

In order to minimize the increase of the data rate incurred by interleaving, we

need to devise an interleaving scheme keeping Qz, or equivalently Q′
z, as small as

possible. Assume that m×m 2-D DCT is used. Let M be the pixel count in a given

image which has both width and height as integral multiple of m, so that we have

N = M
m2 blocks. In the course of JPEG encoding, let LBi

be a one dimensional array

of zig-zag scanned DCT coefficients after quantization for the ith block. The blocks

are indexed in the raster scanning order. Let R be the N × m2 two dimensional

array formed by stacking all the LBi
s and converting all nonzero DCT values into

ones. Let the column indices of R be {0, . . . , m2 − 1}. Then the kth column vector

in R is the vector representing the binary pattern of nonzero coefficients as “1” and

is denoted as πk. Let θ = {ω0, ω1, . . . , ωm2−1} be a cyclic shift configuration (or

interleaving configuration), where ωi represents the amount of the cyclic shift at the

given column index i. We write πi(ωi) for the binary bit pattern after a shift of

ωi. Let θj denote a subset of θ given by θj = {ω1, . . . , ωj}. Due to the periodic
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property of cyclic shifting, ωi is restricted to integer values in the interval [0, N − 1].

The effect of the cyclic shift is given as

πi(0)[k] = πi(ωi)[(k + ωi) mod N ],

where [k] is the array index notation referring to the kth entry in an array. When

there is no cyclic shifting, we have all ωis equal to zero and θ corresponds to the

zero vector. πi(0) represents the ith column’s binary string pattern in R, without

any cyclic shift. When πi is used omitting ωi, πi means a generic binary bit pattern

that is possible with any cyclic shift amount. The symbol |π|c denotes the number

of ones in a given binary bit pattern π. The k + 1th iteratively erased bit pattern is

denoted as πk+1
i with a superscript for the iteration step

πk+1
i (ωi) ← πk

i (ωi)⊕ (πk
i (ωi) ∧ π0

i−k(ωi−k))

= (πk
i (ωi) ∧ (πk

i (ωi) ∧ π0
i−k(ωi−k))) ∨ (πk

i (ωi) ∧ (πk
i (ωi) ∧ π0

i−k(ωi−k)))

= πk
i (ωi) ∧ (πk

i (ωi) ∧ π0
i−k(ωi−k)) ∨ 0

= πk
i (ωi) ∧ (πk

i (ωi) ∨ π0
i−k(ωi−k))

= (πk
i (ωi) ∧ πk

i (ωi)) ∨ (πk
i (ωi) ∧ π0

i−k(ωi−k))

= 0 ∨ (πk
i (ωi) ∧ π0

i−k(ωi−k)) = πk
i (ωi) ∧ π0

i−k(ωi−k), (6.7)

where 0 is the all zero bit pattern, ⊕ is the bitwise XOR operation, πi(·) is the bitwise

NOT operation, and ∧(∨) is the bitwise AND(OR) operation between two binary bit

pattern column vectors. So πm
i (ωi) is a resultant bit pattern whose nonzero bit loca-

tions do not overlap with those of the patterns from πi−1(ωi−1) to πi−m+1(ωi−m+1).

For notational convenience, let π−1 be the bit pattern of all ones with |π−1|c = N .

Let li(θi) be the sum of binary representation S(x) required to encode the zero

runs terminated by ones in the πi(ωi) pattern on a given cyclic shift configuration

θi−1 of the column vector patterns π0, π1, · · · , πi−1 in R. We use the notations

li(θi) = li(ωi|θi−1) interchangeably. According to the symbol definitions, the net
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length contribution to total zero runs terminated by ones in the ith column vector

pattern of R after a cyclic shift configuration θ can be written as:

l0(θ0)
def
= 0 (8-a)

l1(θ1) = |π0
1(ω1) ∧ π0

0(ω0)|c S0 + |π1
1(ω1) ∧ π−1|c S1 (8-b)

· · ·

li(θi) = li(ωi|θi−1) = |π0
i (ωi) ∧ π0

i−1(ωi−1)|c S0 + |π1
i (ωi) ∧ π0

i−2(ωi−2)|c S1

+ · · ·+ |πk−1
i (ωi) ∧ πi−k(ωi−k)|c Sk−1

+ · · ·+ |πi
i(ωi) ∧ π−1|c Si (8-c)

=

i∑

k=0

|πk
i (ωi) ∧ π0

i−k−1(ωi−k−1)|c Sk

=

i∑

k=0

|π0
i (ωi) ∧ (

k∧

j=1

π0
i−j(ωi−j)) ∧ π0

i−k−1(ωi−k−1)|c Sk

· · ·

lm2−1(θm2−1) =

m2−1∑

k=0

|πk
m2−1(ωm2−1) ∧ π0

m2−k−2(ωm2−k−2)|c Sk (8-d)

=
m2−1∑

k=0

|π0
m2−1(ωm2−1) ∧ (

k∧

j=1

π0
m2−j−1(ωm2−j−1)) ∧ π0

m2−k−2(ωm2−k−2)|c Sk, (8-e)

where Si = S(i) is as defined in (6.2) and we let S0 = 0. The notation
k∧

j=1

means the

repetition of bitwise AND (∧) operations between patterns πj , which is commutative.

Therefore even though πk
i in (6.7) takes on an iterative form, the summation

∑i

k=0

gives the same result as
∑0

k=i without order when equivalent expansion of πk
i is used

as in (8-c) and (8-e).

The “pseudo-rate” Q′
z can be written as

Q′
z =

m2−1∑

i=0

li(θi) =

m2−1∑

i=0

i∑

k=0

|πk
i (ωi) ∧ π0

i−k−1(ωi−k−1)|c Sk.

The cyclic shift configuration θ∗ producing minimum pseudo-rate is obtained as

θ∗ = arg min
θ

Q′
z.
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If the DCT coefficients are shifted cyclically according to the optimum configuration

θ∗, the incurred redundancy due to the interleaving will be kept to a minimum.

To get an insight about the relationship of the configuration of zero runs and Si,

the following lemma is presented.

Lemma 6.2.1 For all positive integers a, b, and C, we have

⌊log2(a+b+1)⌋+C ≤ ⌊log2 a⌋+C+⌊log2 b⌋+C ≤ ⌊log2(a+b+1)⌋+C+⌊log2 a⌋+C.

Proof Let 



a = 2α + γ, where 0 ≤ γ ≤ 2α − 1

b = 2β + δ, where 0 ≤ δ ≤ 2β − 1

1. first inequality:

⌊log2 a⌋+ C + ⌊log2 b⌋+ C = α + β + 2C,

and for positive integers x < y

⌊log2 x⌋ ≤ ⌊log2 y⌋.

Since

a + b + 1 = 2α + 2β + γ + δ + 1 ≤ 2α+1 + 2β + δ < 2α+1 + 2β+1,

we have

⌊log2(a+b+1)⌋+C <






α + 1 if α > β

β + 1 if α < β

α + 2 if α = β





+C ≤ α+β+1+C ≤ α+β+2C.

Equality holds when a = 1, b = 2β − 2, C = 1.

2. second inequality:

Equality holds when a < 2β − δ − 1
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It follows that the longer the zero runs become, the shorter the description is. Using

the pseudo-rate binary representation Si, we can write

Sa+d+1 ≤ Sa + Sd ≤ Sa + Sa+d+1.

This implies that one long run of zeros is better than two shorter runs of zeros in a

certain case (left inequality) and even two different zero runs may produce the same

length of representations in other situations (right inequality).

The problem of finding the optimum configuration θ∗ is similar to the knap-

sack problem [93]. These types of problems can be solved efficiently with greedy

algorithms or dynamic programming [93, 94]. Two key ingredients of dynamic pro-

gramming are optimal substructure and overlapping subproblems. To check whether

the problem at hand is solvable by dynamic programming, we need to know that the

two conditions are satisfied. Sometimes an exhaustive search may be the only way

to obtain the global minimum solution.

Proposition 6.2.1 (Suboptimum) Let PSk
def
=

k∑
i=0

li(θi) be a partial-sum. Define

MSk
def
=

k∑
i=0

min
ωi|θi−1

li(ωi|θi−1) as a min-sum. Then they have the following relation.

For any k > 0,

min
ω0,··· ,ωk

PSk ≤MSk.

Proof The proof is essentially to show the existence of a special R matrix config-

uration under which dynamic programming does not provide a minimum solution.

1. Case I: For the equality part, since PSk searches all the possible shift configu-

rations θk and θ∗k ⊂ θk, at least min
ω0,··· ,ωk

PSk = MSk.

2. Case II: It suffices to show that there exists a pattern matrix R such that

lk(ω
∗|ω′, θ∗k−2) +lk−1(ω

′|θ∗k−2) < lk(θ
∗
k) +lk−1(θ

∗
k−1), even though lk−1(ω

′|θ∗k−2)

> lk−1(θ
∗
k−1) by perturbing ω∗

k−1 to ω′
k−1 at k = 2p. We construct such pattern

matrix R in the following.
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Now we consider only lk−1(ω
∗
k−1|θk−2) assuming that πk−1(ω

∗
k−1) ∨πk−2(ω

∗
k−2)

· · ·π0(ω
∗
0) = πk−1(ω

∗
k−1). Using (8-c), lk−1(θ

∗
k−1) can be expressed as

k−1∑

i=0

|πi
k−1(ω

∗
k−1)∧π

0
k−1−i−1(ω

∗
k−1−i−1)|cSi =

k−1∑

i=0

αiSi = α0S0+

p−1∑

i=1

2i−1∑

j=0

α2i+jS2i+j ,

where αi =|πi
k−1(ω

∗
k−1) ∧ π0

k−1−i−1(ω
∗
k−1−i−1)|c. Among the zero runs ending

with nonzero bits in πk−1(ω
∗
k−1), we can categorize the counts of the runs into

three groups depending on their contribution to the encoded pseudo rate





m+
k−1 = α0 +

p−1∑
i=0

α2i+2i−1 =
k−1∑
n=0

αn δ(Sn+1 − Sn − 1)

m−
k−1 =

p−1∑
i=0

α2i =
k−1∑
n=1

αn δ(Sn−1 − Sn + 1)

m0
k−1 =

p−1∑
i=0

2i−2∑
j=1

α2i+j =
k−1∑
n=1

αn δ(Sn − Sn−1) δ(Sn − Sn+1)

,

where δ(·) is the Kronecker delta function and m+
k−1 corresponds to the count

of the zero runs in lk−1(ω
∗
k−1|θ

∗
k−2) which would result in one bit increase of

Q′
z in (6.5) when each of the runs gets longer by one. m−

k−1 corresponds to the

counts of zero runs resulting in decreased encoded length when the run gets

shorter by one. m0
k−1 corresponds to the counts with no contribution in Q′

z

when the runs get either longer or shorter by one, respectively.

We introduce a πk in the pattern matrix R with πk−1 at k = 2p, which has the

following relations with πk−1;

(a) |πk−1(ω
′
k−1) ∧ πk−1(ω

∗
k−1)|c = 0,

(b) |πk(ω
∗
k) ∧ (pik−1(ω

′
k−1) ∨ ω∗

k−1)|c ≥ |ω
′
k−1) ∨ ω∗

k−1|c,

(c) lk(θ
∗
k) = |πk(ω

∗
k) ∧ πk−1(ω∗

k−1)|c Sk + |πk(ω
∗
k) ∧ πk−1(ω

∗
k−1)|c S0,

(d) |πk(ω
∗
k) ∧ πk−1(ω

′
k−1)|c = |πk(ω

∗
k) ∧ πk−1(ω

∗
k−1)|c = m > 0,

(e) m+
k−1, m0

k−1, m−
k−1 > 0.

By perturbing ω∗
k−1 to ω′

k−1 under the previous assumptions, the encoded length

changes of the zero runs due to the perturbation in obtaining lk(ω
∗
k|ω

′
k−1, θ

∗
k−2)+
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lk−1(ω
′
k−1|θ

∗
k−2) is classified into three groups as in the case of lk−1(θ

∗
k−1);






z+
k = |πk(ω

∗
k) ∧ πk−1(ω

′
k−1) ∧ πk−1(ω

∗
k−1)|c

z0
k = |πk(ω

∗
k) ∧ πk−1(ω

′
k−1) ∧ πk−1(ω

∗
k−1)|c

+ |πk(ω
∗
k) ∧ πk−1(ω

′
k−1) ∧ πk−1(ω

∗
k−1)|c

z−k = |πk(ω
∗
k) ∧ πk−1(ω

′
k−1) ∧ πk−1(ω∗

k−1)|c.

The zero runs as many as z0
k remain unchanged. Since k = 2p, the end positions

of z+
k runs among the zero runs that ended with nonzero bits in πk−1(ω

∗
k−1)

before the perturbation are replaced by nonzero bits in πk(ω
∗
k). Similarly, of

the runs that terminated by nonzero bits in πk(ω
∗
k) before the perturbation, z−k

runs become the runs with one shorter length ending with πk−1(ω
′
k−1).

From the above construction, the reduction of encoded length of zero runs by

the perturbation ω′
k−1 occur only among the runs ending with nonzero bits in

the πk(ω
∗
k) ∧ πk−1(ω∗

k−1) pattern and the count corresponds to z−k = m. In

case of the increase of the encoded length of zero runs, not all the incremented

zero runs as many as z+
k are not encoded with increased length since we have

to consider the effect of bit patterns πk−2, · · ·π0 to πk(ω
∗
k). Hence, the part

of the z+
k runs which previously ended with the nonzero bits in πk−1(ω

∗
k−1)

but now end with the nonzero bits in πk(ω
∗
k) contributes to the increase of

encoded length. According to the classification of the zero runs with the counts

m+
k−1, m

−
k−1, and m0

k−1, the part of z+
k zero runs that belonged to the m+

k−1 cause

the increase of the encoded length. Then, the maximum possible increase in

lk−1(ω
′
k−1|θ

∗
k−2) becomes min(z+

k , m+
k−1).

Summing up the counts of the unchanged, the increased, and the decreased

zero runs that contribute to encoded length changes due to the perturbation

ω′
k−1 yields

lk(ω
∗
k|ω

′
k−1, θ

∗
k−2)+ lk−1(ω

′
k−1|θ

∗
k−2) ≤ min(z+

k , m+
k−1)+ lk−1(θ

∗
k−1)+ lk(θ

∗
k)−z−k .
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From the assumption and the construction of πk, m+
k−1 +m0

k−1 +m−
k−1 = m,

and z+
k = z−k = m. Hence, for the construction of πk given a min-sum MSk−1,

and the perturbation ω′
k−1, we have min(z+

k , m+
k−1) < z−k and

lk(ω
∗
k|ω

′
k−1, θ

∗
k−2) + lk−1(ω

′
k−1|θ

∗
k−2) < lk−1(θ

∗
k−1) + lk(θ

∗
k).

As a consequence of the above proposition, an optimal interleaving configuration

θ∗m2−1 can be obtained only by exhaustive search. The proposition implies that

min-sum configuration for sub problems up to πk−1 may not be the same min-sum

configuration up to the next column vector bit pattern πk. So dynamic programming

method and greedy method do not produce optimal results. The exhaustive search

requires Nm2
searches, where N is the number of m2 DCT blocks in an image. Both

the exhaustive search and the dynamic programming methods need a large amount

of computation time. However, the greedy method is much faster than the other

two methods and produces sub optimal result. The greedy procedure to obtain the

cyclic shift configuration θ = {ω0, · · · , ωm2−1} is:

1. fix ω∗
0 = 0 and θ∗0 = {0}

2. for i > 0, get ω∗
i = arg min

ωi

li(ωi|θ
∗
i−1) among ω∗

i 6= ω∗
j for j < i

3. set θ∗i = {ω∗
i }

⋃
θ∗i−1

Once θ∗m2−1 for DCT coefficient cyclic shift is determined, further permutation on

larger logical units like blocks or macroblocks can be considered to alleviate a severe

degradation due to consecutive block loss caused by long burst errors. This larger

logical unit permutation interleaving is studied in [95, 96].

6.2.4 Interleaving Map Coding

The key component of the proposed cyclic shift interleaving method is to find the

unique shift configuration in each column in R, where the configuration θ∗ is cyclic
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invariant. The number of the possible distinct shift configurations θ is 1
N

(
N

m2

)
=

(N−1)!
m2!(N−m2)!

. The bit size required to enumerate each configuration is approximately

log2
(N−1)!

m2!(N−m2)!
=

N−1∑
k=N−m2+1

log2 k −
m2∑
n=1

log2 n bits. For a 512× 512 image, there are

N = 4096 blocks, and approximately
4095∑

k=4096−64+1

log2 k −
m2∑
n=1

log2 n ≈ 460-bits are

required.

We propose a simple yet fast heuristic cyclic DCT shift interleaving method. The

heuristic approach may be far from an optimal data rate, but it increases the data

rate about only 10 % in our simulation. The shift amount of the DC coefficient

is always fixed as zero. For the AC coefficients c1, . . . , cm2−1, we select an index

1 ≤ k ≤ m2−1 and set the distance between indices as the shift amounts of the rest

of AC coefficient columns in R as follows

1. ω0 = 0

2. for i ≥ k, ωi = i− k + 1

3. for 0 < i < k, ωi = m2 + i− k

This ensures the uniqueness of the shift amount in each DCT frequency band and all

of the possible m2 − 1 configurations. Hence, only one extra number is required to

denote the configuration θ. In essence, k acts similarly to a zero crossing point of a

line with slope one. Additionally, shift stride value dx can be used to further scatter

the DCT coefficients belonged to a single block, which is determined as ⌊ N
m2 ⌋, where

N is the number of blocks. The actual shift amount becomes ωi dx instead of ωi.

If a block is lost without using dx, one coefficient from each consecutive m2 blocks

becomes missing. With dx specified, one coefficient from each consecutive m2 blocks

with the stride of dx blocks is missing. Thus, the loss effect in a spatial region is

scattered over a larger region. The required bits to encode a (k, dx) pair is log2 m2 +

⌊log2 N − log2 m2⌋. For example for a 512 × 512 image, this corresponds to 12-

bits. Among these m2−1 (k, dx) pairs, one for each configuration, the configuration

yielding the minimum pseudo-rate Q′
z is used to interleave the coefficients.
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6.3 Restoration of Missing Coefficients

Assume that the cyclically interleaved and encoded JPEG blocks are delivered

in packets. Once received through a channel with burst errors or packet loss er-

rors, data is represented as a collection of surviving blocks. In the case of pixel

domain processing, the missing blocks are reconstructed using the pixels in neigh-

boring blocks. Among many error concealment techniques, the technique in [58] used

MAP estimation for lost macro blocks using MRF. The technique is derived from

a suboptimal estimator for the lost pixel block using the Hüber function as the po-

tential function of MRF. The suboptimal solution is the median filtering of missing

block using boundary pixels of the missing block. However the restoration methods

in pixel domain are not directly applicable to the DCT interleaving case. Missing

blocks consisting of the interleaved DCT coefficients do not lead to the blocks, inside

of which all the pixels are lost.

In the case of DCT interleaving, the data can be viewed as blocks of missing

coefficients after de-interleaving. The DCT coefficient locations of a lost block after

de-interleaving are distributed over neighboring spatial blocks. It is required to setup

the estimation problem using MRF in DCT domain in order to obtain the estimates

of the lost DCT coefficients in a block.

Let X be a decoded error-free JPEG image of width W and height H after

deinterleaving at the decoder. Assume that the compressed image data is error-free

and that W and H are integral multiples of block size m. Let bi be the ith block of

X in the raster scan ordering of blocks, where each block is m × m pixels in size.

Within bi, xk denotes the pixel at (k mod m, k/m) coordinate relative to the top

left corner of bi. Similarly to the representation of xk, cp is the reordered 2-D DCT
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coefficients in Cbi
after deinterleaving. Then the DCT coefficients vector Cbi

and the

pixel vector Xbi
have the following transform,

cp =

m2−1∑

k=0

tp,kxk (9)

xk =
m2−1∑

p=0

tp,kcp. (10)

The tp,k is the entry at the pth row and the kth column of 2-D DCT transform basis

matrix Tb. Using vector and matrix notation, (9) and (10) are written as





c0

c1

...

...

cm2−1





=





t0,0 t0,1 . . . t0,m2−1

...

tp,0 tp,1 . . . tp,m2−1

...

tm2−1,0 . . . tm2−1,m2−1









x0

x1

...

...

xm2−1





, (11)

Cbi
= Tb Xbi

. (12)

Since X t = [X t
b1

, X t
b2

, · · · , X t
bN

] and Ct = [Ct
b1

, · · · , Ct
bN

] are block vectors and T =

diag[Tb, · · · , Tb] are block matrices, the DCT transform for the entire image becomes

C = T X. (13)

Now, we will assume that blocks in packets may be lost. The indices of the lost

interleaved blocks are assumed to be known during reception and thus the indices

of the lost interleaved blocks are deduced at the receiver. After deinterleaving, each

DCT coefficient block is formed as Cbi
= CR

bi
+ CL

bi
, where CR

bi
and CL

bi
correspond to

the received and the lost coefficients in the block bi, respectively. With the knowledge

of indices of lost blocks and the interleaving rule, the locations of CL
bi

in m2×1 vector

are known, and the map Mbi
of lost coefficient locations for Cbi

can be obtained. Mbi

is a m2×m2 diagonal matrix diag[mii] such that mii = 1 for the received coefficients
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and mii = 0 for the lost coefficients. Then CR
bi

= Mbi
Cbi

. Finally the received image

block Ybi
and image Y are expressed1 as

Ybi
= T t

bC
R
bi

= T t
bMbi

(TbXbi
), (14)

Y = T t CR = T t M(T X), (15)

where Y and CR are block vectors and M = diag[Mb1 , · · · , MbN
] is like in (13). The

objective of the MAP estimation is to recover the lost coefficients CL, so we formulate

the estimation problem in the pixel domain and transform the a priori probability in

the pixel domain into the DCT coefficient domain rather than to adopt the estimation

technique directly with the coefficients. A prior probability distribution for the DCT

coefficient in a block is known to take on the generalized Gaussian [97] form controlled

by both the magnitude of the coefficient and the variance of pixels in a given block.

Compared to the a priori deduced from MRF assumption, the DCT probability

distribution lacks in utilizing the interactions between neighboring blocks. This is

the reason why we chose the approach converting pixel domain formulation into DCT

domain rather than using other DCT a priori probability.

To statistically estimate the lost coefficient CL for each block, we use Bayesian

MAP estimation assuming that the reconstructed image X without error is modeled

as a Markov random field (MRF ). With the a priori distribution for X known and

the incompletely reconstructed Y from the received coefficients CR, a MAP estimate

for X can be obtained. That is, let g(x) be given as the prior distribution for X.

Then the MAP estimate X̂ in pixel domain is expressed as [98]

X̂ = arg max
X|Y =T tMTX

p(x|y)

= arg max
X|Y =T tMTX

{log p(y|x) + log g(x)}

= arg max
X|Y =T tMTX

log p(y, x). (16)

1Even though the expression looks similar to the equation for the reconstructed image Y = DX

in [58], there is a fundamental difference between D and T
t
MT matrices in their representation of

the lost components. In [58] the loss is assumed to occur in pixel domain, whereas the loss assumed
in this chapter occurs in DCT domain.
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In (16), log p(y|x) becomes constant, since the probability of the burst error is con-

sidered to be uniform. Then the MAP estimate reduces to

X̂ = arg max
X|Y =T tMTX

log g(x), (17)

which includes only prior probability term. When the image is modeled as an MRF,

the MAP estimation computation is localized and the prior probability distribution

of X follows the Gibbs distribution [81, 83, 98] given by

f(x) =
1

Z
exp

{
−

∑

c∈C

Vc(x)

}
,

where Z is a normalizing constant, Vc(·) is a potential function of a local group of

pixel configuration c, and C is the set of all such configurations [81, 87]. Then the

MAP estimate X̂ is

X̂ = arg min
X|Y =T tMTX

{
∑

c∈C

Vc(x)

}
.

The selection of the potential function Vc(·) and the choice of the local group

of points c, defined as a clique, may be done in different ways. In many image

processing applications, the second-order cliques system, which is expressed as eight

neighbors, is widely used. For the potential function, a Gaussian Markov random

field (GMRF) is known to be advantageous analytically and yet to result in noisy or

blurry estimates since it penalize the edges in images excessively [98]. Hence many

different functional forms for the prior distribution have been proposed. In [58]

the Hüber function is used for Vc(·) since it is convex, continuous and simple while

penalizing edges less severely. For ease of analytic derivation, we have chosen the

GMRF prior as the potential function and typical second order clique system as the

clique. The general form of the potential function with a second order clique system

is

∑

c∈C

Vc(X) =
H−1∑

i=0

W−1∑

j=0

3∑

m=0

w
(m)
i,j ρ

(
Dm(Xi,j)

σ

)
. (18)

The set of cliques consists of the northwest, north, northeast and west directions, or
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Fig. 6.2. Clique at pixel Xi,j in block Bk. Neighbor blocks are des-
ignated according to azimuth direction

C = {[(i−1, j−1), (i, j)], [(i−1, j), (i, j)], [(i−1, j+1), (i, j)], [(i, j−1), (i, j)]}. w
(m)
i,j

denotes the weight depending on the direction of a clique indexed by m. Dm(Xi,j) =

X
(m)
i,j − Xi,j denotes the pixel value difference in the clique m, and σ is a scaling

factor. The clique around the pixel Xi,j forms an 8 pixel neighborhood, which is

shown in Figure 6.2. The weights, wi,j, and the scaling factor, σ, are important

parameters that depend on the characteristics of the images to be estimated. In our

derivation, we assumed w
(m)
i,j = 1 and the scaling factor σ = 1 for simplicity.

This MRF formulation is so general that even the maximally smooth constraint

used in [60] can be considered as a special case of MRF estimation which uses the first

order clique and a quadratic function of ρ(·) with σ = 1. In addition, this method

divides a block into four triangular regions and determines the set of weighting wi,j

according to the region which the (i, j) index belongs to.

6.3.1 Transformation of the cost function

Due to the local characteristic of MRF, the MAP estimate of an incompletely

reconstructed pixel Xi,j due to lost DCT coefficients can be written as [58]

X̂i,j = arg max
Xi,j |X∂(i,j)

f(Xi,j|X∂(i,j)) = arg min
Xi,j

i+1∑

l=i

j+1∑

k=j

3∑

m=0

ρ(Dm(Xi,j)), (19)
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where X∂(i,j) corresponds to the pixels in the neighborhood of Xi,j and f(·|·) denotes

the conditional probability density. The potential function term in (19) can be

written in terms of DCT coefficients using the fundamental theorem in [99]. This

theorem allows a joint probability density of the pixel values to be expressed with

DCT coefficients, since DCT is a unitary linear transform of random vectors in the

pixel domain. Using the DCT transform relations (9) and (10), the conversion of the

joint probability density from pixels to DCT coefficients becomes

f(x1, · · · , xwh) =
1

|J |
f(

m2−1∑

p=0

tp,1cp, · · · ,
m2−1∑

p=0

tp,whcp),

where |J | is the Jacobian and we have |J | = 1 since the DCT is a unitary transform.

Hence, the potential energy expressed in random variables of pixel value can be

converted directly to the energy in random variables of DCT coefficients.

For the potential energy between the neighbors in a block, we can regroup the

energy according to clique directions. Let {D3(Xi,j), D1(Xi,j), D2(Xi,j), D0(Xi,j)}

be {Horizontal, Vertical, Down-right(“\”) and Down-left(“/”)} clique contributions

for pixel Xi,j in a block. The contributions to the energy function with respect to

each direction in a block are grouped, respectively. Instead of the absolute location

index (i, j), the location will be indexed as a one dimensional index k as in (10).

Thus, transform coefficients in the center block are denoted as cp and those of the

neighboring blocks will be denoted as c
(d)
p , where d ∈ {n, w, e, s, nw, ne, sw, se, b}

and b stands for the center block as shown in Figure 6.2. Likewise, the pixel values

in the center block are denoted as xb,k and those of the neighbor’s are denoted

as x(d),k, where (d) represents the direction of the block location. The horizontal

contributions are resolved into three components hb, hw and he, which describe the

horizontal clique’s contribution in the center block, the contribution between the
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given block and the west block, and the contribution between the center block and

the east block:

hb :
m−1∑
i=0

m−2∑
j=0

ρ(xb,mi+j − xb,mi+j+1)=
m−1∑
i=0

m−2∑
j=0

ρ

(∑
p

tp,mi+j cp −
∑
p

tp,mi+j+1cp

)

hw :
m−1∑
i=0

ρ(xw,mi+m−1 − xb,mi) =
m−1∑
i=0

ρ

(∑
p

tp,mi+m−1c
(w)
p −

∑
p

tp,micp

)

he :
m−1∑
i=0

ρ(xb,mi+m−1 − xe,mi) =
m−1∑
i=0

ρ

(∑
p

tp,mi+m−1cp −
∑
p

tp,mic
(e)
p

)
.

The vertical clique’s contribution is similarly written as:

vb :
m−2∑
i=0

m−1∑
j=0

ρ(xb,mi+j − xb,mi+j+m)=
m−2∑
i=0

m−1∑
j=0

ρ
(∑

p tp,mi+j cp −
∑
p

tp,mi+j+mcp

)

vn :
m−1∑
i=0

ρ(xn,m2−m+i − xb,i) =
m−1∑
i=0

ρ

(∑
p

tp,m2−m+ic
(n)
p −

∑
p

tp,icp

)

vs :
m−1∑
i=0

ρ(xb,m2−m+i − xs,i) =
m−1∑
i=0

ρ

(∑
p

tp,m2−m+icp −
∑
p

tp,ic
(s)
p

)
.

The diagonal direction going down-right is denoted as \. The \ directional clique

contribution is decomposed as seven components, {inside center, with west, with

south, with southeast, with east, with north, with northwest} blocks:

\b :
m−2∑
i=0

m−2∑
j=0

ρ(xb,mi+j − xb,mi+m+j+1)=
m−2∑
i=0

m−2∑
j=0

ρ

(∑
p

tp,mi+j cp −
∑
p

tp,mi+m+j+1cp

)

\w :
m−2∑
i=0

ρ(xw,mi+m−1 − xb,mi+m) =
m−2∑
i=0

ρ

(∑
p

tp,mi+m−1c
(w)
p −

∑
p

tp,mi+mcp

)

\s :
m−2∑
j=0

ρ(xb,m2−m+j − xs,j+1) =
m−2∑
j=0

ρ

(∑
p

tp,m2−m+j cp −
∑
p

tp,j+1c
(s)
p

)

\se : ρ(xb,m2−1 − xse,0) = ρ

(∑
p

tp,m2−1cp −
∑
p

tp,0c
(se)
p

)

\e :
m−2∑
i=0

ρ(xb,mi+m−1 − xe,mi+m) =
m−2∑
i=0

ρ

(∑
p

tp,mi+m−1cp −
∑
p

tp,mi+mc
(e)
p

)

\n :
m−2∑
j=0

ρ(xn,m2−m+j − xb,j+1) =
m−2∑
j=0

ρ

(∑
p

tp,m2−m+j c
(n)
p −

∑
p

tp,j+1cp

)

\nw : ρ(xnw,m2−1 − xb,0) = ρ

(∑
p

tp,m2−1c
(nw)
p −

∑
p

tp,0cp

)
.
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The diagonal direction going down-left is denoted as /, and the contribution is sim-

ilarly decomposed into seven contributions as follows:

/b :
m−2∑
i=0

m−2∑
j=0

ρ(xb,mi+j+1 − xb,mi+j+m)=
m−2∑
i=0

m−2∑
j=0

ρ

(∑
p

tp,mi+j+1cp −
∑
p

tp,mi+j+mcp

)

/w :
m−2∑
i=0

ρ(xb,mi − xw,mi+m+m−1) =
m−2∑
i=0

ρ

(∑
p

tp,micp −
∑
p

tp,mi+m+m−1c
(w)
p

)

/s :
m−2∑
j=0

ρ(xb,m2−m+j+1 − xs,j) =
m−2∑
j=0

ρ

(∑
p

tp,m2−m+j+1cp −
∑
p

tp,jc
(s)
p

)

/sw : ρ(xb,m2−m − xsw,m−1) = ρ

(∑
p

tp,m2−mcp −
∑
p

tp,m−1c
(sw)
p

)

/e :
m−2∑
i=0

ρ(xe,mi − xb,mi+m+m−1) =
m−2∑
i=0

ρ

(∑
p

tp,mic
(e)
p −

∑
p

tp,mi+m+m−1cp

)

/n :
m−2∑
j=0

ρ(xn,m2−m+j+1 − xb,j) =
m−2∑
j=0

ρ

(∑
p

tp,m2−m+j+1c
(n)
p −

∑
p

tp,jcp

)

/ne : ρ(xne,m2−m − xb,m−1) = ρ

(∑
p

tp,m2−mc
(ne)
p −

∑
p

tp,m−1cp

)
.

Using the above equations, the energy function for a block is

∑

c∈block

Vc = [hb + hw + he + vb + vn + vs + \b + \w + \s + \se + \e + \n + \nw

+/b + /w + /s + /sw + /e + /n + /ne].

As mentioned in section 6.3, the probability density function of the MRF that

we use is Gaussian, so that we have ρ(·) = (·)2. Let C(d) be the DCT coef-

ficient m2 × 1 column vector scanned in raster order in the block designated by

d = {nw, n, ne, w, b, e, sw, s, se}. Then for hb, the energy contribution becomes

hb = Ct

b
Bt

1,bB1,bCb,

where B1,b =
[
t0,mi+j − t0,mi+j+1,. . . ,tm2−1,mi+j−tm2−1,mi+j

]
i=[0,m−1]
j=[0,m−2]

=
[

(T t
b )∗,mi+j

−(T t
b )∗,mi+j+1

]
i=[0,m−1]
j=[0,m−2]

is a matrix with m× (m− 1) rows obtained by selecting i, j

within the given bounds, and T is the transform basis matrix in (11). The notation

(T t
b )∗,k means the kth row vector in a matrix Tb. Similarly, the remaining energy

contributions hw to /ne are converted into matrix form Bi,(d). Finally, the energy

function for a block can be written collectively as matrix notation

∑

c∈block

Vc = CtAtAC,
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where

A C =





0 0 0 0 B1,b 0 0 0 0

0 0 0 B2,w −B2,b 0 0 0 0

0 0 0 0 B3,b B3,e 0 0 0

0 0 0 0 B4,b 0 0 0 0

0 B5,n 0 0 −B5,b 0 0 0 0

0 0 0 0 B6,b 0 0 −B6,s 0

0 0 0 0 B7,b 0 0 0 0

0 0 0 B8,w −B8,b 0 0 0 0

0 0 0 0 B9,b 0 0 −B9,s 0

0 0 0 0 B10,b B10,e 0 0 0

0 B11,n 0 0 −B11,b 0 0 0 0

0 0 0 0 B12,b 0 0 0 −B12,se

B13,nw 0 0 0 −B13,b 0 0 0 0

0 0 0 0 B14,b 0 0 0 0

0 0 0 −B15,w B15,b 0 0 0 0

0 0 0 0 B16,b 0 0 −B16,s 0

0 0 0 0 −B17,bB17,e 0 0 0

0 B18,n 0 0 −B18,b 0 0 0 0

0 0 0 0 B19,b 0 −B19,sw 0 0

0 0 B20,ne 0 −B20,b 0 0 0 0









Cnw

Cn

Cne

Cw

Cb

Ce

Csw

Cs

Cse





.(20)

In (20), C is a 9m2× 1 column vector and A is a (4m2 +6m− 2)× 9m2 matrix with

rank (m + 2)2 − 1. Since this equation was derived using the interrelations between

(m + 2)2 pixels in a block including direct neighbor pixels around the block, degrees

of freedom cannot exceed (m + 2)2. Furthermore, since the energy is based on the

difference between neighboring pixels in a clique, it loses one degree of freedom so

that the final number of degrees of freedom becomes (m + 2)2 − 1. In other words,

the energy value produced by a pixel configuration {x1, · · · , x(m+2)2} is equal to the
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one produced by another pixel configuration {x1+α, · · · , x(m+2)2 +α} where all pixel

values are increased by a constant amount α.

6.3.2 Minimization of the cost function

Using the matrix notation, the MAP estimation for each block is formulated as

a Lagrangian [100] minimization problem:

minimize J(Cb) =
1

2
CtAtAC (21)

subject to SCb = Rb, (22)

where S is the matrix excluding all the zero rows in Mbi
given in (15), Cb is a column

vector of the center DCT block, and Rb is a compact vector composed of only the

received coefficient in block Cb. With respect to the contribution of neighbor blocks

and of transform kernel, the objective function J(Cb) is rearranged as

J(Cb) =
1

2

[
Ct

b
ψtψCb − 2Nt

c
ψCb + Nt

c
Nc

]
.

ψt is the matrix written as [Bt

1,b,B
t

2,b, · · · ,B
t

20,b] and Nt

c
is the row vector composed

of only neighbor blocks [ 0t, Ct

w
Bt

2,w, Ct

e
Bt

3,e, 0t, Ct

n
Bt

5,n, Ct

s
Bt

6,s, 0t, Ct

w
Bt

8,w,

Ct

s
Bt

9,s, Ct

e
Bt

10,e, Ct

n
Bt

11,n, Ct

se
Bt

12,se, Ct

nw
Bt

13,nw
, 0t, Ct

w
Bt

15,w, Ct

s
Bt

16,s, Ct

e
Bt

17,e,

Ct

n
Bt

18,n, Ct

sw
Bt

19,sw, Ct

ne
Bt

20,ne
]. To solve the Lagrangian minimization, let’s define

the new objective function l(Cb, λ) = J(Cb) + λt(SCb −Rb). Since the objective

function is quadratic and the constraint is not a closed polytope2, we expect to find

a unique minimizer Ĉb by solving the Lagrange conditions





DCb

l(Cb, λ) = 0t

Dλl(Cb, λ) = 0t,
(23)

2If the constraint were a closed curve with quadratic objective, solution of the Lagrange conditions
produces points of extrema which can be either minima or maxima.
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where Dx implies differentiation with respect to variable x. Let K = ψtψ and

C∗ = Nt

c
ψ. Then (23) becomes

Ĉt
bK−C∗ + λtS = 0t (24)

Ĉb = K−1(C∗
t − Stλ).

Substituting Ĉb into (23) yields

SĈb = SK−1(C∗
t − Stλ) = Rb.

Solving this equation with respect to λ results in

λ = (SK−1St)−1(SK−1C∗
t −Rb)

and finally substituting the λ into (24) gives the minimizer

Ĉb = K−1C∗
t −K−1St(SK−1St)−1(SK−1C∗

t −Rb).

This is the local minimizer for a given block. To achieve a global minimum estimator

throughout the entire image, we need to perform the block-wise estimation repeatedly

until the final estimator converges to a global minimum as in the case of the Iterative

Conditional Mode method [87].

6.4 Experimental Results

In our simulations, the standard baseline JPEG [8] is used except for DC predic-

tive coding. We assumed that a coded block is loaded in the payload of a variable

size packet. Therefore, instead of the burst error, the block loss is simulated and loss

location is simulated by a simple random number generator. Also, lost block indices

are assumed to be identified via the packet header information which is assumed to

be protected by ECC. We use the test images, barbara, girls, goldhill and text in our

experiments. The images are encoded at rates 0.93, 0.68, 0.83 and 0.8 bits per pixel

(bpp), respectively, where the quantization of DCT coefficients cm,n is performed

using

ĉm,n = round

[
cm,n

QF ×Q(m, n)

]
, (25)
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where the quality factor QF was set to one and the default quantization matrix

Q(m, n) is used. For the estimation purpose, we assume the general circular bound-

ary condition.3

6.4.1 Rate increase

The increased rate due to our simple cyclic shift interleaving is illustrated in

Figure 6.3. The suboptimal rate using a greedy search and the rates using the

simple interleaving scheme are also shown for each test image. The rates drawn with

a solid line are the rates of the simple interleaving scheme with respect to the 63

different configuration θ having ωk = 1 for each k ∈ [1, 63]. Horizontal axis in Figure

6.3 represents the k values of the 63 configurations. The rates of the greedy search

are approximately 0.01 to 0.1 bits per pixel less than the rate for simple interleaving.

Time spent completing the greedy search to find suboptimal θ∗ is in the order of

minutes on a PC with a Pentium 4 CPU 2.4GHz.

6.4.2 Error concealment

Although the concealment method in [58] showed that median filtering in the

pixel domain is suboptimal, it was not readily applicable to concealment in the

DCT domain. Instead, for performance comparison, we used simple averaging and

median filtering of co-located DCT coefficients in neighboring blocks. The averaging

replaces the lost coefficient value as an average among only the received and co-

located coefficients in 4 neighboring blocks located in the north, the south, the

east and the west of the center block. The median filtering first sets the lost DCT

coefficient value as zero and then replaces the lost value as a median of co-located

DCT coefficients in 8 neighboring blocks.

3This corresponds to deforming image plane into a doughnut shaped ring. First a cylinder is formed
by rolling the plane to meet the top and the bottom edges. Then a ring is formed by bending the
cylinder for the right and the left edges meet together.
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Fig. 6.3. Rate variation with respect to various cyclic shift configurations
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Block loss rates are simulated in ranges 5 to 50 % in steps of 5 % increases.

In Figure 6.4, only lost DC components are restored using eight neighbor’s DC

coefficient value to accentuate the fact that the effect of lost DCT coefficients is

distributed all over the received image. The restored images using MAP estimation

are shown in Figure 6.5 through Figure 6.8, and the corresponding PSNR graphs

are in Figure 6.9-(a). Due to the circular symmetric boundary assumption, the

restoration for blocks near the top and the bottom edges of the images shows rather

poor quality compared to that of the restored blocks in the middle region of the

images.

Among the four test images, the text image shows steeper degradation as block

loss rate increases relative to other images. This is because the choice of ρ(·) energy

cost function in (18) was GMRF, which is reported not to work well for images with

discontinuity [98]. On the other hand, the GMRF gives the analytic solution for local

minimum and fast convergence as shown in Figure 6.10. According to Table 6.1, both

the averaging and the median filtering also produce rather acceptable PSNR at 5 %

and 10 % loss rates. As the loss rate increases, the result of median filtering gets

worse compared to that of the averaging filter. This is expected because the number

of lost coefficients in the eight neighboring blocks becomes greater than the received

ones, and median of the co-located eight coefficients tends to be zero.

The MAP estimation achieves a global minimum based on iterative minimization

of local neighbors. Since the GMRF prior which is convex and quadratic was adopted,

fast convergence in MAP estimation is expected. The fast convergence compared

to pixel domain estimation is belived to be due to the fact that it tries to get

the minimum solution simultaneously in m2 block wise. The convergence speed

is illustrated in Figure 6.10. It shows that as the loss rate becomes severer, the more

iterations are required to achieve convergence. However, even for the 50 % block loss

rate, the estimator converges to a global minimum only after about 20 iterations.

The processing time of the proposed MAP estimation are listed in Table 6.2.

The values are the average of 10 simulations for each of the block loss rates. The
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Table 6.1
PSNR of the reconstructed images with respect to block loss rate (0.05 to 0.5)

Block Loss rate 0.05 0.10 0.15 0.20 0.25 0.30 0.35 0.40 0.45 0.50

MAP 30.82 29.56 28.59 27.84 27.20 26.37 25.81 25.14 24.50 23.80

Barbara avg. 29.36 27.26 25.93 24.96 24.12 23.09 22.40 21. 62 20.95 20.07

med. 29.49 27.30 25.91 24.58 23.45 22.22 21.29 20.19 19.24 17.84

MAP 33.82 33.03 32.49 31.93 31.43 30.75 30.15 29.62 29.16 28.43

Girls avg. 32.27 30.58 29.36 28.47 27.51 26.61 25.98 25.38 24.81 23.85

med. 32.43 30.45 29.07 28.06 26.76 25.55 24.36 22.72 21.06 19.51

MAP 31.88 30.91 30.09 29.44 28.83 28.17 27.52 26.89 26.39 25.67

Goldhill avg. 30.98 29.35 28.37 27.43 26.66 25.83 25.18 24.40 23.62 22.89

med. 29.74 28.05 27.19 26.22 25.27 24.00 22.77 21.37 20.38 18.80

MAP 32.24 30.55 29.20 28.17 27.21 26.14 25.39 24.51 23.75 22.86

Text avg. 28.91 26.28 24.92 23.79 22.89 21.94 21.33 20.69 20.07 19.53

med. 29.55 27.15 25.68 24.45 22.88 21.27 20.01 18.47 16.91 14.92
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(a) 10 % block loss rate (b) 20 % block loss rate

(c) 30 % block loss rate (d) 40 % block loss rate

Fig. 6.4. Restored barbara images after DC only averaging from 10%
to 40% block loss rate



98

(a) Decode JPEG without error (b) Decode JPEG at 10 % block loss rate

(c) MAP estimation at 5 % block loss rate (d) MAP estimation at 10 % block loss

rate

Fig. 6.5. Restored barbara images after 20 iterations at 5% and 10% block loss rate
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(a) Decode JPEG without error (b) Decode JPEG at 20 % block loss rate

(c) MAP estimation at 15 % block loss

rate

(d) MAP estimation at 20 % block loss

rate

Fig. 6.6. Restored girls images after 20 iterations at 15% and 20% block loss rate
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(a) Decode JPEG without error (b) Decode JPEG at 30 % block loss rate

(c) MAP estimation at 25 % block loss

rate

(d) MAP estimation at 30 % block loss

rate

Fig. 6.7. Restored goldhill images after 20 iterations at 25% and 30%
block loss rate
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(a) Decode JPEG without error (b) Decode JPEG at 40 % block loss rate

(c) MAP estimation at 35 % block loss

rate

(d) MAP estimation at 40 % block loss

rate

Fig. 6.8. Restored text images after 20 iterations at 35% and 40% block loss rate
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Fig. 6.10. Convergence speed graphs of the proposed MAP estimation
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processing routine was written in C and compiled with “Microsoft Visual C++.net”

version 7.0 as “Release” configuration. The compile option flags for optimization are

/O2, /Og, /Ot, and /Oy for fast code. The time was measured on 2.4 GHz Pentium

4 PC. The processing times in each row shows the linear increase. The severer the

loss rate becomes, the less time the processing spends. The reason for this is that

the MAP estimation takes a shorter period of time with more zero DCT entries that

are set as defaults for the lost DCT coefficients.

6.5 Conclusion

The proposed DCT cyclic shift interleaving scheme has a simple structure and in-

creases the rate about 10 % of the data rate encoded without interleaving. Under low

block loss rates below 0.1, a simple DCT coefficient averaging after de-interleaving

provides acceptable quality. For higher block loss rates, the proposed lost DCT

coefficient estimation technique provides better error concealment. The estimator

converges to a global minimum very quickly. When the DCT interleaving and the

Table 6.2

MAP estimation iteration processing time with respect to various
loss rate (averaged by 10 simulations)

Loss Processing Time with respect to iterations

Rate 1 iter. 2 iter. 5 iter. 10 iter.

0.10 3.31 sec. 6.63 sec. 16.56 sec. 33.13 sec.

0.20 2.53 sec. 5.06 sec. 12.67 sec. 25.33 sec.

0.30 1.92 sec. 3.84 sec. 9.62 sec. 19.2 sec.

0.40 1.44 sec. 2.89 sec. 7.23 sec. 14.46 sec.

0.50 1.06 sec. 2.11 sec. 5.29 sec. 10.59 sec.
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MAP estimation operate together, the reconstructed images with the block loss due

to burst error showed graceful degradations and relieved the unevenness between

blocks.

As further research, the DCT domain interleaving on compressed video is being

investigated. Especially for predicted error frame, the description of a prior proba-

bility using 3D MRF model is being studied.
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7. SUMMARY

In the delivery of compressed images or video over error-prone channels, many meth-

ods exist to reinforce the error resilient delivery and to conceal the corrupted display

due to errors, as described in Chapter 3. These methods are investigated mainly

because traditional error protection methods developed in communication theory

are effective in reducing errors but are insufficient to handle errors in compressed

bitstreams composed of variable length codes (VLCs). The majority of error resilient

schemes still treat the source coding and the channel coding separately. Several error

resilient schemes to utilize interleaving in the source coding phase are presented in

this dissertation, instead of the traditional usage of interleaving as a form of channel

coding.

Redmill’s error resilient entropy coding (EREC) [21] is a novel interleaving scheme

of VLC with a prefix code property to make the interleaved code word bitstream

behave like fixed length code (FLC) to some extent. Also, the incurred redundancy

is negligible. This method basically interleaves the VLC bits in fixed length slots

whose structure is known both to the encoder and the decoder of EREC. In Chapter

4, we extend the EREC method in two aspects.

First, it was shown that sequentially decodable units of codewords would behave

as a single large prefix codeword. In other words, the syntax for the video com-

pression standards specifies how a decoder should interpret the received bitstreams.

The decoder sequentially interprets the macroblocks (MB) in the bitstream one after

another, so that the entire coded MB could be treated as a single large codeword

when interleaved using EREC.

Second, the interleaving direction of code words at the end of each EREC slot

was reversed to increase the reliability of de-interleaving. In addition, error recovery
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in the transcoding paradigm was investigated. When errors are detected by check-

ing the syntax conformity, transcoding provides the error handling to generate a

new decodable bitstream by a normal decoder. It may not be a perfect detection

method such as forward error correcting code (FEC), but the output bitstream can

be decoded by normal MPEG-4 decoder. In this error handling method, errors may

manifest false representations of chroma information, since the handling method

would stop further decoding at the error-detected position. It is shown that the MB

interleaving outperforms the error resilient methods adopted in MPEG-4 and H263+

standards, even under severe bit reversal error conditions.

The nested interleaving scheme was proposed in Chapter 5 to exploit the inter-

leaving advantages into various levels of syntactic elements in the MPEG-4 Simple

Profile bitstream. It was possible because of the finding that the behavior of se-

quentially decodable units of codewords in bitstream has a similar property to the

prefix code in EREC interleaving. The error handling method was implemented for

intra frame coding of the nested interleaving. The errors in this method manifested

themselves as false high frequency components in DCT blocks, rather than the false

chroma rendering of MB as in the MB interleaving case. This method showed a bet-

ter PSNR performance compared to the MB interleaving results and were far better

than the error resilient GOB synch method in the H263+ standard.

In Chapter 6 we present a theoretical analysis for the discrete cosine transform

(DCT) coefficient interleaving with respect to incurred redundancy in the JPEG

image compression algorithm. We also derive a closed-form solution for a maximum

a posteriori (MAP) estimator matched to the interleaving under the assumption

of a Markov random field (MRF) prior. The redundancy analysis was based on

“pseudo-rate analysis [91].” The focus of DCT interleaving is on distributing the

DCT coefficients from one spatial block to other blocks while keeping the incurred

redundancy low. In essence, it regulates the number of lost coefficients in each block

as evenly as possible under burst errors. The MAP estimator is derived on MRF

with a quadratic potential function. The combined effect of the DCT interleaving



108

and the MAP estimation improves the corrupted image quality considerably, even

when half of the entire encoded blocks are lost due to burst errors. Since the intra

frame coding methods of most video compression standards are similar to JPEG

compression, this MAP estimation and interleaving technique can be used for intra

frame coding.

As further research, a three dimensional MRF model accounting for the interac-

tion involving two consecutive images in video would be necessary to apply the DCT

interleaving methodology into video compression. Especially, the three dimensional

MRF model should be able to explain the nature of the block based motion compen-

sation commonly used in many video compression methods. In addition, a motion

vector estimation algorithm utilizing the MRF might be developed.
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