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摘要 

 

視訊壓縮標準的演進將以不利的角度，衝擊著視訊訊號在行動通訊中的硬體實

現。這些衝擊，首當其衝的包含有硬體的成本、功率的消耗，以及視訊傳輸的雜訊干

擾。因此，本論文提出一個低功率的雙模視訊解碼器來改善其面積、功率的硬體性能。

本研究實現了，在一顆單晶片上面同時支援 MPEG-2 SP@ML 和 H.264/AVC BL@L4

兩種視訊解碼標準。並且具有架構可調整之特色，使其能夠降低整合的成本以及實體

的運算功率消耗。除此之外，為了抵抗在行動之視訊傳輸過程中的雜訊干擾，此一視

訊解碼器也將對於傳輸的通道做一個通盤的考量，以改善傳輸當中所造成的畫質損失。 

細部來說，我們整合了 MPEG-2 和 H.264/AVC 當中不同的演算模組。而在這兩個

不同的標準當中，我們針對反向餘弦轉換(IDCT)、去區塊雜訊率波器(Deblocking Filter)

以及熵解碼器(Entropy Decoder)來作硬體的共享和合併，以試圖降低晶片的成本負

擔。另外還有許多的低功率技術在本論文中詳加探討。第一，我們使用區域管線化調

整(DPS)技巧以依照處裡的週期來最佳化管線化的結構。第二，我們利用三層級的記憶

體階層和行像素預測(LPL)模組來實現頻寬可調式架構。如此可以改善外部的記憶體頻
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寬，而且也能夠減低內部記憶體的使用需求量。這樣的做法能夠比傳統設計減少 51%

的記憶體功率消耗。第三，一個新穎式的解碼程序可用來改善一個宏模區塊

(Macroblock)的存取性能。低功率的移動補償和去區塊雜訊率波器則被提出，在不損失

系統性能的情況下，能夠大大降低所需的操作頻率，以達到低功率的需求。而考慮在

行動通訊系統中的視訊傳輸方面，本論文亦提出一個錯誤偵測方式，以提早並正確的

偵測出錯誤的宏模區塊並且加以修補隱藏，以改善視訊的觀賞品質。實驗結果也說明

在錯誤率為 2.7×10-3 的情況下，我們尚能夠改善 1dB 的畫面 PSNR 值。除此之外，本

論文提出一個幀重新壓縮的機制。它不但能夠降低外部的幀記憶體容量，同時亦能夠

支援當傳輸的視訊有錯時具有抗錯誤的特色。 

最後，本論文利用 0.18μm 1P6M 製程技術實作了一顆測試晶片，面積為 15.21mm2

並且在測試機台上進行量測。而測試的結果顯示，在符合行動視訊的環境之下，以 QCIF

為畫面大小、每秒進行 15 幀畫面的即時 H.264/AVC 以及 MPEG-2 的視訊解碼過程中，

晶片的所需速度為 1.15MHz、所外接的電壓為 1-V 情況下，其消耗的功率分別僅有

125μW 以及 108μW。而此一低成本、低功耗以及抗雜訊的視訊解碼設計也正隱含，本

研究結果非常適合於未來視訊訊號傳輸於行動通訊的系統當中。 
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ABSTRACT 
 

Advances of video coding made an adverse impact on VLSI implementation over 

mobile communication systems. Those impacts mainly include area, power, and channel 

deterioration in the video decoding side. Therefore, this dissertation presents a low-power 

dual-standard video decoder to improve the area/power efficiency. It supports MPEG-2 

SP@ML and H.264/AVC BL@L4 video decoding in a single chip and features a scalable 

architecture to reduce the required silicon area as well as power dissipation. Moreover, to 

combat transmission errors of video streams, this design is robust to the channel behavior 

for improving the subjective and objective visual quality. 

Specifically, we integrate diverse algorithms of MPEG-2 and H.264/AVC to reduce 

silicon area. Among different standards, IDCT, deblocking filter and entropy decoder are 

tightly combined at algorithmic and architectural levels. Several low-power techniques are 

proposed. First, a domain-pipelined scalability (DPS) technique is used to optimize the 

pipelined structure according to the number of processing cycles. Second, bandwidth 
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scalability is implemented via three-level memory hierarchy and line-pixel-lookahead (LPL) 

schemes to improve the external bandwidth and reduce the internal memory size, leading to 

51% of memory power reduction compared to a conventional design. Third, a novel 

decoding ordering is utilized to improve the access efficiency in one macroblock. 

Low-power motion compensation and deblocking filter are designed to reduce the operating 

frequency without degrading system performance. Considering the video transmission over 

the mobile environments, the proposal exploits an error detection to early detect and thereby 

conceal corrupted macroblocks. It greatly improves the visual quality by 1dB of PSNR 

under the 2.7×10-3 of bit error rate. Moreover, a frame re-compression method is presented 

to not only lower the required memory capacity but also support error-robustness features 

when the corrupted portion of one frame is detected. 

Finally, a test chip is fabricated in a 0.18μm 1P6M CMOS process with an area of 

15.21mm2 and measured via a VLSI tester. For mobile applications, H.264/AVC and 

MPEG-2 video decoding of quarter-common intermediate format (QCIF) sequences at 15 

frames per second are achieved at 1.15MHz clock frequency with power dissipation of 

125μW and 108μW respectively at 1-V supply voltage. This area-efficient, low-power and 

error-robust design also reveals its strong suitability for mobile communication systems. 
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Chapter 1  
Introduction 
 

1.1 Video Standard Introduction 
Current video compression standards including MPEG-1/2/4 [1]–[3], H.261/2/3/4 

[4]–[6], AVS [7] of China, and VC-1 [8] (an acronym for Video Codec 1 and the name of 

the standardized version of WMV-9) have played an important role in the world of mobile 

communication systems where bandwidth is still a valuable commodity. The use of modern 

video compression techniques offer the possibility to store or transmit the vast amount of 

data necessary to represent digital video in an efficient and robust way [9]. Specifically, 

these techniques are based on a hybrid DCT/MC coding infrastructure in Figure 1.1. They 

perform a block-based discrete cosine transform (DCT) to take advantage of the spatial 

correlation property and exploit the motion compensated (MC) prediction to improve the 

coding efficiency. In general, transform coding is based on dividing a frame into small 

blocks, taking the transform of each block, discarding high-frequency coefficients, and 

quantizing low-frequency coefficients. Afterward, quantized coefficients are coded using 

variable-length coding techniques. The size of coded streams feed back to controller so as to 

adjust quantization step size for achieving a target bit rate. Meanwhile, these coded streams 

can be stored as a digital content for video playback or sent into a wireless/broadcast 

channel environment for portable multimedia services. On the other hand, the decoder 

receives the coded video streams and performs the reverse operation to reconstruct the 

coded frames. 
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Figure 1.1: Block diagram of a basic hybrid DCT/MC coding infrastructure. 

 

Although a wide range of video coding standards have been developed, this 

dissertation pays more attention on MPEG-2 [2] and H.264/AVC [6] video standards only. 

This is because MPEG-2 is the most widely employed today for entertainment video 

applications while H.264/AVC is the newest and most powerful international standard in 

line of the video coding standards. In general, H.264/AVC was created that improved 

coding efficiency by a factor of at least about two (on average) over MPEG-2 while keeping 

the cost within an acceptable range. However, this improved performance leads to the 

problem of interoperability between MPEG-2 and H.264/AVC. In other words, a video 

stream coded by MPEG-2 cannot be functionally decoded by H.264/AVC, and vice versa. 

Moreover, MPEG-2 has matured in numerous applications such as high-definition television 

(HDTV) and digital versatile disc (DVD), and it cannot be replaced by H.264/AVC 

completely even though MPEG-2 has poor performance. Hence, it is essential to jointly 

consider MPEG-2 and H.264/AVC for developing next-generation video engine. To this end, 
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this dissertation first gives a high-level concept of both standards in terms of profiles and 

levels below and further introduces several issues for targeted mobile applications. 

 

1.1.1 MPEG-2 

MPEG-2 (a.k.a. H.262) is the designation for a group of coding and compression 

standards for Audio and Video (AV), agreed upon by MPEG (Moving Picture Experts 

Group), and published as the ISO/IEC 13818 international standard [2]. In general, it is 

based on a hybrid DCT/MC coding structure mentioned in Figure 1.1. We didn’t go into the 

details of coding algorithm, but it can be further studied in [10][11]. Moreover, MPEG-2 is 

typically used to encode audio and video for broadcast signals, including direct broadcast 

satellite and cable TV. MPEG-2, with some modifications, is also the coding format used by 

standard commercial DVD movies. To clarify different applications in one coded stream, 

MPEG-2 limits the number of subsets of syntax by means of profiles and levels. A profile is 

a subset of the entire bit-stream syntax that is defined by the MPEG-2 specification [2] and 

listed in Table 1.1 while a level is a defined set of constraints imposed on parameters of the 

bit-stream in Table 1.2. For instance, the main profile and main level (MP@ML) is the most 

widely used for broadcast TV, and the 4:2:2 profile and main level (4:2:2@ML) is for studio 

video production and recording. Both profiles and levels have a hierarchical relationship, 

and the syntax supported by a higher profile or level must also support all the syntactical 

elements of the lower profiles or levels. The level deals with the picture resolutions such as 

the number of pixels per line, lines per frame, frame per seconds (fps) and bits per second or 

the bit rate (e.g. Mb/s).  

 

Table 1.1: All profiles in MPEG-2 video standard. 

Abbr. Name Frames YUV Streams Comments or Applications 
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SP Simple Profile I, P 4:2:0 1 No interlacing 

MP Main Profile I, P, B 4:2:0 1 Broadcast TV 

422P 4:2:2 Profile I, P, B 4:2:2 1 studio post-production etc. 

SNR SNR Profile I, P, B 4:2:0 1-2 SNR: Signal to Noise Ratio 

SP Spatial Profile I, P, B 4:2:0 1-3 

HP High Profile I, P, B 4:2:2 1-3 

Low, normal and high quality 

decoding 

 

Table 1.2: All levels defined in MPEG-2. 

Abbr. Name Pixel/Line Lines Frame Rate (fps) Bit Rate (Mb/s)

LL Low Level 352 288 30 4 

ML Main Level 720 576 30 15 

H-14 High 1440 1440 1152 30 60 

HL High Level 1920 1152 30 60 

 

1.1.2 H.264/AVC 

H.264, MPEG-4 Part 10, or AVC, is a digital video standard which is noted for 

achieving very high compression ratio. It was standardized by the ITU-T Video Coding 

Experts Group (VCEG) together with the aforementioned ISO/IEC MPEG as the product of 

a collective partnership effort known as the Joint Video Team (JVT). The ITU-T H.264 

standard and the ISO/IEC MPEG-4 Part 10 standard (formally, advanced video coding, 

AVC) are technically identical. The intent of the H.264/AVC project was to create a 

standard that would be capable of providing good video quality at bit rates that are 

substantially lower than what previous standards would need (e.g., relative to MPEG-2, 

H.263, or MPEG-4 Part 2), and to do so without so much of an increase in complexity. 

Moreover, an additional goal was to allow the standard to be applied to a very wide variety 
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of networks and systems such as mobile broadcasting, DVD storage, RTP1/IP packet 

networks, and ITU-T multimedia telephony. For example, Table 1.3 demonstrates the 

existing applications of H.264/AVC. It experienced widespread adoption within a few years 

of the completion of the standard and is employed widely in applications ranging from 

television broadcast to video for mobile devices. 

 

Table 1.3: Existing applications for H.264/AVC. 

Applications Naming Organization or Country CODEC 

HD-DVD DVD Forum 
DVD 

Blu-ray Disc Blu-ray Disc Association 

MPEG-2, 

H.264/AVC, VC-1 

DVB Europe H.264/AVC Broadcasting 

TV ATSC U.S. H.264/AVC, VC-1 

Prime Minister France 

DMB Korea 
Terrestrial 

Broadcasting 
ISDB-T Japan 

H.264/AVC 

Direct TV U.S. 

Euro1080 Europe 

Premiere Germany 
Satellite TV 

Sky Italia Italy 

H.264/AVC 

Telephony 3GPP2  H.264/AVC 

RTP/IP  

Networking 
ISMA 

Internet Streaming Media 

Alliance 

H.264/AVC 

                                                 
1 RTP: Real-time Transport Protocol 
2 3GPP: The 3rd Generation Partnership Project 
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Video 

conferencing 
 ITU-R BT.1687, 1737 H.264/AVC 

 

As mentioned in MPEG-2, H.264/AVC also consists of many “profiles” and “levels” in 

Table 1.4 and Table 1.5 which are defined as a subset of technologies within a standard 

usually created for specific applications. The different profiles include or exclude different 

sets of algorithmic features and coding tools. The inclusion or exclusion of these tools 

causes an increase or decrease in complexity as well as compression efficiency. For 

example, the Baseline profile includes the smallest set of compression tools, resulting in the 

least processing intensive video decoder. It was intended for low delay applications (i.e. w/o 

B slices) such as video conferencing and video on mobile hand-held devices. The Extended 

profile can also be used for wireless mobile devices, but it was created primarily for 

streaming media applications such as those found on today’s Internet capable PCs. 

Moreover, the Main profile has the most compression tools and efficiency gains while High 

profile targets at high-definition TV applications such as HD-DVD and Blu-ray Disc. The 

related coding tools adopted by each profile does not mentioned here but can be found in 

[12] from a high-level perspective. 

 

Table 1.4: All profiles and coding tools in H.264/AVC. 

High Profile6Coding Tools  B3 E4 M5

H1 H2 H3 H4 

I and P Slices  Y Y Y Y Y Y Y 
                                                 
3 Baseline Profile 
4 Extended Profile 
5 Main Profile 
6 H1: High Profile; H2: High10 Profile; H3: High 4:2:2 Profile; H4: High 4:4:4 Profile. 
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B Slices N Y Y Y Y Y Y 

SI and SP Slices N Y N N N N N 

Multiple Reference Frames Y Y Y Y Y Y Y 

In-Loop Deblocking Filter Y Y Y Y Y Y Y 

CAVLC Entropy Coding Y Y Y Y Y Y Y 

CABAC Entropy Coding N N Y Y Y Y Y 

Flexible Macroblock Ordering (FMO) Y Y N N N N N 

Arbitrary Slice Ordering (ASO) Y Y N N N N N 

Redundant Slices (RS) Y Y N N N N N 

Data Partitioning N Y N N N N N 

Interlaced Coding (PicAFF, MBAFF) N Y Y Y Y Y Y 

4:2:0 Chroma Format Y Y Y Y Y Y Y 

Monochrome Video Format (4:0:0) N N N Y Y Y Y 

4:2:2 Chroma Format N N N N N Y Y 

4:4:4 Chroma Format N N N N N N Y 

8 Bit Sample Depth Y Y Y Y Y Y Y 

9 and 10 Bit Sample Depth N N N N Y Y Y 

11 and 12 Bit Sample Depth N N N N N N Y 

8x8 vs. 4x4 Transform Adaptivity N N N Y Y Y Y 

Quantization Scaling Matrices N N N Y Y Y Y 

Separate Cb and Cr QP control N N N Y Y Y Y 

Residual Color Transform N N N N N N Y 

Predictive Lossless Coding N N N N N N Y 
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Table 1.5: All levels defined in H.264/AVC. 

Level 

# 

Max. 

MB/s 

Max. 

frame 

size 

(MBs) 

Max bit rate for 

Baseline, 

Extended and 

Main Profile 

Max bit rate 

for High 

Profile 

Max bit 

rate for 

High 10 

Profile 

Max video bit rate 

for High 4:2:2 

and High 4:4:4 

Profile 

1 1485 99 64kb/s 80kb/s 192kb/s 256kb/s 

1.1 3000 396 192kb/s 240kb/s 576kb/s 768kb/s 

1.2 6000 396 384kb/s 480kb/s 1152kb/s 1536kb/s 

1.3 11880 396 768kb/s 960kb/s 2304kb/s 3072kb/s 

2 11880 396 2Mb/s 2.5Mb/s 6Mb/s 8Mb/s 

2.1 19800 792 4Mb/s 5Mb/s 12Mb/s 16Mb/s 

2.2 20250 1620 4Mb/s 5Mb/s 12Mb/s 16Mb/s 

3 40500 1620 10Mb/s 12.5Mb/s 30Mb/s 40Mb/s 

3.1 108k 3600 14Mb/s 17.5Mb/s 42Mb/s 56Mb/s 

3.2 216k 5120 20Mb/s 25Mb/s 60Mb/s 80Mb/s 

4 245760 8192 20Mb/s 25Mb/s 60Mb/s 80Mb/s 

4.1 245760 8192 50Mb/s 62.5Mb/s 150Mb/s 200Mb/s 

4.2 522240 8704 50Mb/s 62.5Mb/s 150Mb/s 200Mb/s 

5 589824 22080 135Mb/s 168.75Mb/s 405Mb/s 540Mb/s 

5.1 983040 36864 240Mb/s 300Mb/s 720Mb/s 960Mb/s 

 

Based on the illustration of different profiles and levels, we can understand which 

profile@level is the best candidate for targeted mobile applications. Moreover, this 

dissertation highlights three design issues to improve the performance when transmitting 

video over mobile environments. These issues include integration cost, power, and channel 

impairments, and will be thoroughly discussed in the follow-up Chapters. First of all, the 

integration and power issues are presented on SP@ML (simple profile at main level) of 
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MPEG-2 and BL@L4 (baseline profile at level 4) of H.264/AVC. These targeted profiles 

take advantage of low coding delay since they use no B-frames and hence no backward or 

interpolated prediction. In addition, the requirements for the frame memory in the simple 

and baseline profile are smaller than those in the main profile of MPEG-2 and H.264/AVC 

standards. On the other hand, the proposal supports 1080HD of maximum video resolution 

and focus on a wide range of decoding resolution. Therefore, aforementioned profiles and 

levels are suitable for low-delay and low-memory requirements such as mobile phones, 

video conferencing etc. Second, video over mobile environment is considered in this 

dissertation as well. To combat the transmission errors in video streams, error resilient 

coding tools should be supported for a robust transmission. For instance, data partitioning 

tools can enhance the error-robustness by separating more important data (such as 

macroblock types and MV values) from less important data (such as inter residual transform 

coefficient values). However, these coding tools enable only on extended profile of 

H.264/AVC. Hence, the developed video decoder should support associated coding tools for 

improving error-robustness and enhancing visual quality to end-users. 

 

1.1.3 Motivation of Implementation Methods 

The design for realizing multimedia systems on a chip can be roughly partitioned into 

processor-based and hardwired-based VLSI implementation methods. Several video codecs 

are optimized for general-purpose processors [13]–[15] (such as ARM, Intel, and Pentium) 

or DSP processors [16] that have powerful processing capabilities, large memory capacity, 

special media instruction sets and wide buses to facilitate the reduction of cost and design 

period. However, for the portable or mobile devices, the design of the optimized video 

modules is constrained by low computational power and small memory spaces. Hence, 

processor-based implementation is hard to achieve cost/power efficiency under a specified 
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application field. Moreover, according to the instruction profiling with high-resolution 

1080HD video playback via an iprof [18], a new video processor, such as H.264/AVC, 

requires 83 giga-instructions per second (GIPS) computation and 70 giga-bytes per second 

(GBPS) memory accesses [19]. Those computational loads are extensive and far beyond the 

capability of modern general purpose processors. On the other hand, hardwired-based 

implementation is used for a special-purpose multimedia system to exploit the maximal 

parallelism and achieve the best performance simultaneously. The optimization of the 

dedicated hardware design usually fits the target applications. In order to achieve low 

cost/power requirements, hardwired-based solutions are more suitable than processor-based 

ones to the design of mobile multimedia systems, and it motivates us to focus on hardwired 

ASIC implementation in this dissertation. 

 

1.2 Organization and Contribution 
The organization and contribution of this dissertation are demonstrated as follows. We 

first consider low-cost, low-power and error-robust issues in the developed video decoder. 

Then, those issues are resolved in algorithmic and architectural levels and further involved 

in a test chip. Moreover, ASIC design flow, measured results, and detailed comparisons are 

given as well. Finally, a conclusion has been made separately for highlighting our 

contributions. A future work has been depicted for further directions to related learners. 

 

1.2.1 Low-Cost Design Issue 

Considering the standard interoperability for multi-standard applications, this issue 

addressed integration cost between MPEG-2 and H.264/AVC video standards. There is a 

great challenge of cost-efficiency for combining MPEG-2 with H.264/AVC due to the 

standard incompatibility. We first give a similarity analysis and concentrate on the key 
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modules featuring a great diversity between MPEG-2 and H.264/AVC. Those modules 

include IDCT, entropy decoder, and deblocking filter etc. They have been resolved from 

algorithmic and architectural levels in Chapter 2. First, we employ a recursive algorithm to 

cope with the difference of IDCT transformation size, and translate multiplications into a 

series of shifts and additions to improve hardware utilization. Second, we extract the 

codeword redundancy in entropy decoders by a table-merging method so as to reduce the 

table size as well as implementation cost. Third, we develop a joint post-loop and in-loop 

deblocking filter to meet the different standard requirements. Specifically, post-loop filters 

can be applied to prevalent MPEG standards and in-loop filters are standardized by 

H.264/AVC. Both filters can share the data paths and filtering procedures to diminish the 

integration cost. Finally, this proposal provides a mix of MPEG-2 and H.264/AVC video 

engine and achieves 20% of cost reduction as compared to a separate design. 

 

1.2.2 Low-Power Design Issue 

Markets for mobile electronics equipment are currently growing rapidly. Multimedia 

processing will be an essential function in such mobile-equipment applications. The key 

technologies to success in these mobile multimedia applications are low power dissipation 

and high cost effectiveness. Cost effectiveness has been discussed in previous issue. 

Currently, we concentrate on power issue and give a power distribution of video processing 

core in existing designs for following illustration. Figure 1.2 exhibits the core power 

distribution of different types of video decoders according to the decoded video resolution. 

Due to a great diversity of implementation methods such as process and functionality, this 

figure just gives a brief overview of existing power magnitude in the video decoding core 

and excludes the I/O and frame memory power dissipation for simplicity and fairness. All 

decoding power can be roughly partitioned into three groups: 0.1~1W, 1~100mW, and 
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sub-mW. Several low-power H.264 [22][42] and MPEG-4 [20][21] video decoders are 

realized to date. However, these levels of power consumption are still not applicable when 

multimedia capabilities are offered in portable devices. Our design target has been drawn in 

the gray region. Although Bolcioni et al. [17] from STM Microelectronics have first 

developed a sub-mW H.263 video decoder, the power reduction is achieved by exploiting 

parallel IDCT architectures and skipping zero coefficients for highly quantized video 

streams. But these low-power techniques may not be properly applied to the newest 

H.264/AVC due to algorithmic divergences. To this end, we [23] propose three low-power 

techniques and thereby develop a sub-mW H.264/AVC video decoder. First, a 

domain-pipelined scalability (DPS) technique is used to optimize the pipelined structure 

according to the number of processing cycles. Second, three-level memory hierarchy is 

implemented via a line-pixel-lookahead (LPL) scheme to improve the external bandwidth 

and reduce the internal memory size, leading to 51% of memory power reduction compared 

to a conventional design. Third, low-power motion compensation and deblocking filter are 

designed to reduce the operating frequency without degrading system performance. To 

summarize, a single-chip MPEG-2 SP@ML and H.264/AVC BL@L4 video decoder is 

fabricated in a 0.18μm 1P6M CMOS technology with an area of 15.21mm2. This chip 

contains 19.2kb and 3.55kb of embedded SRAM for storing neighboring pixels and control 

tags, and adopts two 4MB SDRAMs for further system integration. It operates at a 

power-level that is about one order of magnitude less than comparable decoders. 

Furthermore, this low-power design also reveals its strong suitability for mobile electronic 

equipment where low power requirements are essential. 
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H.2641 0.13μm CMOS [42]

H.2642 0.18μm@1.8V [22]

H.2643 0.18μm@1.8V [23]

MPEG-41 0.18μm@1V [21] 

MPEG-42 0.3μm CMOS [20]
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Figure 1.2: Core power dissipation in different types of video decoders. 

 

1.2.3 Error-Robust Design Issue 

In 2000, Y. Wang et al. listed typical bit rates of video data, transmitted packet sizes 

and error characteristics of practical networks in Table 1.6 [72]. It apparently demonstrated 

that video transmission over noisy channels is a very challenging task due to the very harsh 

and time-varying channel conditions. For all cases it is assumed that the application 

environment does not regularly allow re-transmission of lost or corrupted video packet 

because of real-time constraints and/or broadcasting environments without backward 

notification. In this table, although cable/satellite TV or video conferencing over ISDN and 

ATM provide error-free video transmission channel, there are several types of applications 

which introduce more or less different error rates. Hence, to combat those transmission 

errors and improve the subjective visual quality, an error-robust video decoding design has 

been demanded and will be discussed in Chapter 4. Recently, there has been a lot of interest 
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in the use of soft computing on variable length codes (VLCs) [63]–[71]. In this work, we 

first develop a soft decoding on context-adaptive VLC (CAVLC) decoder to improve the 

error detection capability. Moreover, this improved soft CAVLC decoder also facilitates the 

error concealment due to the correctly or early detected information of corrupted regions. In 

addition to the improved error detection on soft CAVLC decoder, a joint deblocking filter 

and error concealment is presented to reduce the implementation cost. On the other hand, a 

frame re-compression is applied to compress the decoded pixel data and reduce the external 

memory capacity. It also features error-robustness by skipping the corrupted data when error 

detection notices the frame re-compression module of error occurrence. Overall, this 

dissertation just highlights the motivation and brief innovations, and there is still a lot of 

room for further improving the error-robustness of video decoders. 

 

Table 1.6: Error characteristics in different applications [72]. 

Applications Bit rate for video Packet size Error types 

ISDN7 video phone 64~384 kb/s N/A Error free 

PSTN video phone 20 kb/s 100 bytes Very few bit error and 

packet loss 

BER=10-3 ~ 10-5 Mobile video phone 10~300 kb/s 100 bytes 

Videophone over 

Packet Network H.323 

10~1000 kb/s <=1.5kbytes BER=0, 0~30%  

packet loss 

Cable/Satellite TV 6~12 Mb/s N/A Almost error free 

Video Conferencing over 

ATM H.310, H.321 

1~12 Mb/s 53 bytes  

(ATM cell) 

Almost error free 

 

                                                 
7 ISDN: Integrated Services Digital Networks 
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Chapter 2  
Joint MPEG-2 and H.264/AVC Decoder 
 
2.1 Background 

Multimedia raises some exceptionally interesting topics concerning interoperability. 

The most obvious issue concerning multimedia interoperability relates to format 

incompatibility. For example, prevalent MPEG standards are backward compatible. But, the 

advent of H.264/AVC and VC-1 cannot be backward compatible to the former H.26x and 

MPEG-x families of video coding standards. Moreover, in an application point of view, 

digital video broadcasting (DVB) project has paved the way for the introduction of 

MPEG-2 based digital TV service, known as DVB-T in many countries. Recently, DVB-H, 

a spin-off of the DVB-T standard, adopts the transmission of H.264/AVC for handheld 

digital TV due to its bandwidth-efficiency. DVB-H is totally backward compatible to 

DVB-T but is transmitted with different video contents (i.e. MPEG-2 vs. H.264/AVC). In 

other words, a generic problem of standard-incompatibility has emerged, resulting in the 

design challenge for the multimedia interoperability. 

Such a wealth of available standards inevitably produces incompatibility problem, 

commonly solved by directly combining or transcoding from one format to another. 

However, transcoding from one standard to another faces drifting error due to the mismatch 

of motion compensation, and needs additional hardware to re-encode and decode bit-stream, 

leading to problems of coding latency and processing power. Instead, a direct integration for 

different standards can be easily achieved without aforementioned problems but increases 

design cost. Moreover, we only consider decoding side and there is no need to transcode or 
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recompress one stream to another format. In this chapter, we aim at a combining or 

integrating method so as to improve hardware utilization and choose a well-known MPEG-2 

and newly-announced H.264/AVC as our decoding platform to support both video 

standards. 

 

2.2 Overview 
H.264/AVC aims at providing functionality similar to prevalent MPEG-2, but with 

significantly better coding performance. The improved performance comes from some new 

techniques such as spatial prediction in intra coding, adaptive block-size motion 

compensation, 4×4 integer transformation, context-adaptive entropy coding, and adaptive 

deblocking filtering. To integrate these new techniques of H.264/AVC into MPEG-2, a 

combined data flow is designed: it is composed of the residual path and predicted path 

shown in Figure 2.1. In the residual path, a context-adaptive variable length decoder 

(CAVLD) or VLD translates the received streams into symbols through a table-lookup 

method. The follow-up processes first reorder the symbols into a 2-dimentional block using 

inverse zig-zag (I-ZZ) scan, rescale (inverse quantization, or I-Q) the frequency-domain 

coefficients of a block, and then perform inverse discrete cosine transform (IDCT) to 

produce residual pixels. On the other hand, the macroblock type mb_type can be decoded by 

an MPEG-2/H.264 syntax parser and is defined to select the source of predicted pixels. 

These pixels come from either spatially predicted (intra prediction) or temporally predicted 

(motion compensation) blocks. The addition of predicted and residual blocks will be 

performed in a pixel-wise manner. Afterward, the filtered results are sent into external 

memory through synchronous DRAM (SDRAM) interface (I/F) for decoding subsequent 

frames. Moreover, a separate data path is utilized for onscreen display (OSD) through the 

display I/F. The results of the display engine are sent into the display monitor, in either 
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digital (CCIR656) or analog form. 
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Figure 2.1: System block diagram. 

 

Table 2.1 lists the similarity of each module. First, we implement a custom-built syntax 

parser and exploit a register sharing technique to reduce register numbers. Second, one 

codeword cannot be the prefix of another codeword in a table but this rule does not hold 

among different standards. Hence, most of VLC code-words can be merged in both 

standards. Third, intra prediction in MPEG-2 is just a sub-set of that in H.264/AVC since 

H.264/AVC features to employ the multi-directional prediction to improve coding efficiency. 

Fourth, motion compensations in both standards intend to perform interpolation procedures. 

Several adders and multipliers can be combined by applying resource sharing techniques. 

Although the aforementioned modules improve the hardware utilization, the inverse 

transforms between MPEG-2 and H.264/AVC are so diverse that they are difficult to 

combine. Similarly, the integration of deblocking filters has the same problem as well. In 

the following, we will go into the details in each functional block to address how to 

integrate both standards in an area-efficient manner. 
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Table 2.1: The similarity analysis of each key module. 

Key Module MPEG-2  H.264/AVC  Similarity  

Syntax Parser Register-rich Register-rich Register-rich 

Entropy Decoder VLD Context-adaptive 
VLD 

variable length 
table 

Intra Prediction Frequency DC 
prediction 

Directional spatial 
prediction 

predictive 
coding 

Inverse DCT 8x8 cosine 
kernel 

4x4 integer kernel  

Luma Bilinear Half: 6-tap FIR 
Quarter: 6-tap 
FIR/Bilinear 

Motion 
Compensation 

Chroma Bilinear Bilinear 

bilinear 
interpolation 

Deblocking Filter N/A 
(user-defined) 

In-loop adaptive filter  

 

2.3 Syntax Parser 
First, syntax parser decodes the header information from a bitstream and provides 

several control signals to subsequent modules. It behaves as a finite state machine and is a 

register-rich unit. To efficiently share registers in the syntax parser of different standards, 

we implement a custom-built syntax parser instead of a platform-based solution. In general, 

registers for parameter storage and control circuits are two main components in a syntax 

parser design. Because video streams require a large amount of headers to parse the correct 

data, registers almost dominate the area as well as cost in the syntax parser. Considering a 

dual-standard integration, a video playback is realized by executing either MPEG-2 

decoding or H.264/AVC decoding. That is, there is always a set of syntax parser in an idle 

mode. Hence, we can share commonly-used registers in both standards for a cost-saving 

design approach. Table 2.2 shows the required registers in both standards. Because MPEG-2 
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is coded on an 8×8 block level, 4 times bigger than the 4×4 sub-block coding in H.264/AVC, 

the numbers of required registers in MPEG-2 are more than that in H.264/AVC. We share 

registers in three main modules (i.e. Slice_header, PictureParameterSet, 

SequenceParameterSet) of H.264/AVC with MPEG-2. Therefore, Experimental results 

reveal that the numbers of registers can be reduced by 26% compared to a separate design. 

 

Table 2.2: Number of register needed for MPEG-2/H.264 syntax parser 

MPEG-2 H.264/AVC 

Module # of Registers Module # of Register 

Macroblock 29 regs Macroblock 11 regs

Motion_vectors 25 regs Slice_data 17 regs

Picture_coding_ext 49 regs Slice_header 247 regs

Picture_header 36 regs PictureParameterSet 74 regs

Slice 8 regs SequenceParameterSet 127 regs

Sequence_header 1105 regs  

Total 1252 regs Total 476 regs

 

2.4 Context-Adaptive Variable Length Decoder 
The entropy coding in MPEG-2 and H.264/AVC is variable length coding (VLC) and 

context-adaptive variable length coding (CAVLC), respectively. Although the coding flows 

are widely different, both coding methods are based on variable length tables and can be 

merged to reduce the table size. The concept of VLC is to assigns shorter codewords to 

more frequent symbols, and vice versa. As for CAVLC, VLC tables for various elements are 

selected depending on previously coded coefficients. It results in the improvement of coding 

efficiency as compared to the traditional method that uses a single VLC table. Although 
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those VLC tables are defined in different standards, we can share those tables since each 

table will be enabled at different time slices. Hence, we develop a table-merging method (cf. 

[24]) to combine those tables in each standard or in different standards. 

 

2.4.1 Table-Merging Method 

The table-merging method is developed to merge different tables which are defined in 

one standard or different standards. There are two methods developed to merge tables. One 

is the codeword-merging and the other is the prefix-merging method. In the 

codeword-merging method, although most VLC coding tables are generated based on the 

Huffman procedure, one codeword still has high probability to exist in many coding tables. 

If this case occurs, it is unnecessary to duplicate the codeword information in memories for 

every table that uses this codeword. A codeword-merging method is applied to set this 

codeword as a merged codeword and reuse the codeword information when the coding 

tables are required. Therefore, the information redundancy among coding tables is exploited. 

The stored data are reduced from many identical codewords to one merged codeword. As 

for the prefix-merging method, according to the Huffman property, one codeword cannot be 

the prefix of another codeword in a table but this rule does not hold among different tables. 

Frequently, a short codeword in one table will be the prefix of a long codeword in other 

tables. When these codewords are found, a prefix-merging method is undertaken by storing 

the long codeword as a merged VLC codeword and the lengths of the VLC codewords in 

each table. As a result, the information redundancy among tables is further exploited. 

To help the understanding of this merged process, Figure 2.2 demonstrates the 

table-merging method through the CAVLC table that maps coeff_token to TotalCoeff and 

TrailingOnes. Figure 2.2(a) and (b) are two VLC tables and 27-bit (6+7+7+7) are required 

for storing codeword information. By applying prefix-merging and codeword-merging 
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methods, the required space for merged table is reduced to 22-bit in Figure 2.2(c). In 

addition to codeword information, additional table information, which is to recover VLC 

coding tables from merged table, is stored since it’s hard to distinguish which table is used 

to generate a merged codeword. Hence, every VLC code-length of all tables has to be stored 

individually and will not be reused even though table-merging method is applied. To further 

suppress the code-length information, we exploit differential code-length instead. It 

represents the distance between the code-length of merged and individual codewords. 

Moreover, to select the merged codeword of VLC tables quickly, a valid bit is utilized to 

indicate whether a merged codeword belongs to the table. Therefore, in Figure 2.2(c), the 

additional table information is required to facilitate the decoding process and the merged 

table size is reduced from 27 to 22 bits. 

A table merging process is accomplished by applying both codeword-merging and 

prefix-merging methods to the codewords of all AC transform coefficient (TCOEF) tables 

in MPEG-2 and five VLC tables (i.e. Run_Before, Total_Zeros, Levels, Trailing1_Sign, and 

Coeff_Token) in H.264/AVC. Considering those tables, decoded symbols have been stored 

into memory and cannot be combined. If we only consider the number of bits in codewords, 

there are 370 and 759 bits in MPEG-2 VLC and H.264/AVC CAVLC coding tables, 

respectively. After applying the table merging method, total numbers of codewords have 

been reduced to 936 bits which is approximately 80% of a separate design (370+759 = 

1,129 bits). 
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Figure 2.2: (a)(b) VLC tables in CAVLC and (c) the merged table. 

 

2.5 Intra Prediction 
Intra prediction is a well-known method to predict the pixel value based on values 

previously coded in one frame. This prediction can be carried out in either spatial or 

temporal domain. Prevalent MPEG-2 exploits intra prediction in the frequency domain such 

as DC prediction after the DCT transformation while H.264/AVC performs intra prediction 

in the spatial domain prior to the DCT. Both standards require subtraction operation for 

predictive coding, and those operations can be shared without any structural conflict. 
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However, considering the integration between MPEG-2 and H.264/AVC, the percentage of 

resource sharing is considerably low because the hardware cost in the intra prediction of 

MPEG-2 is far less than that of H.264/AVC. On the other hand, the intra prediction can be 

not only integrated among different standards but also combined with inter prediction in 

H.264/AVC video standards. This combined intra/inter prediction engine can be realized 

because prediction scheme will be enabled in either intra or inter predicted manner. Hence, 

we address how to achieve this integration between intra and inter prediction (i.e. motion 

compensation) in H.264/AVC. 

 

2.5.1 Combined Intra/Inter Prediction 

This sub-section demonstrates a new architecture for combining intra and inter 

predictions in H.264/AVC video decoder. This architecture is proposed by Li et al. [25] for 

a cost reduction approach. As we know, H.264/AVC simultaneously incorporates inter and 

intra predictions to remove temporal and spatial redundancy. Both predictions require 

intensive FIR filtering processes and can share operating elements since each macroblock is 

coded in either inter or intra mode. In addition, because the prediction mode of each 

macroblock is known in advance, a combined architecture achieves better hardware 

utilization compared with the separate design. Figure 2.3 gives an overview of this 

combined architecture. We address how to implement the combined method in an 

H.264/AVC decoding flow and didn’t go into the details of the combined FIR filter [25]. As 

shown, in inter prediction mode, the input comes from the motion compensated buffer. 

Herein, we assume that the data is already transferred from frame memory to local buffer. 

On the other hand, the data is inputted from a row store buffer that keeps boundary pixels in 

adjacent block when intra prediction mode is applied. Li et al. [25] also highlights this 

design contribution by comparing with other leading-edge approaches where the intra and 
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inter predictions are realized separately. Considering the number of adders, experimental 

results reveal that 22~88% of cost reduction can be achieved. 
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Figure 2.3: Overview of combined intra and inter predictions. 

 

2.6 Inverse Discrete Cosine Transform 
A major focus in integrating MPEG-2 and H.264/AVC is IDCT since it faces the most 

diverse algorithms over the whole design. As shown in Figure 2.4, the IDCT kernel of 

H.264/AVC is a 4×4 integer transform kernel, but that of MPEG-2 is an 8×8 cosine 

transform kernel. Due to an algorithmic difference with respect to transform size and kernel 

characteristics, a shared IDCT structure presents a great challenge and existing solutions 

usually contain two individual IDCT modules without sharing. Although a recent work, 

Park et al. [26], presents a flexible transform processor for multi-CODECs, they only 

combine transpose memories without efficiently integrating different transform kernels. In 

Figure 2.5, we exploit two 8-point IDCTs for row and column transforms, respectively, and 
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an 8×8 pixel buffer for matrix transposition. Furthermore, considering the data path in IDCT, 

the specifications of H.264/AVC and MPEG-2 guarantee that 16-bit and 12-bit arithmetic 

are enough respectively. As for the combining issue, by allocating the lowest required bit 

width to data paths and registers, the accuracy of each functional unit is 16-bit and thereby 

meets IEEE std. 1180-1990 requirement [27]. Each data bus requires four paths and stands 

for four-pixel (i.e. 4×16-bit) operation where the dotted lines realize the 4×4 IDCT in 

H.264/AVC. We make use of a recursive algorithm to extract the lower orders of 

transformation matrix for solving the problem of different transform size. Hence, the 8×8 

IDCT in MPEG-2 can also be performed in a 4×4 fashion and one-fourth of pixel buffers 

are shared for different IDCT operations. Moreover, we develop a multiple constant 

multiplier (MCM) structure to efficiently share several operation units (e.g. additions and 

shifts). In the following, we demonstrate how to exploit the recursive algorithm and MCM 

structure to improve the hardware utilization. 

 

8 8

0.707 0.980 0.923 0.831 0.707 0.555 0.382 0.195
0.707 0.831 0.382 0.195 0.707 0.980 0.923 0.555
0.707 0.555 0.382 0.980 0.707 0.195 0.923 0.831
0.707 0.195 0.923 0.555 0.707 0.831 0.382 0.980
0.707 0.195 0.923 0.555
0

− − − − −
− − −
− − − −

=
− −xH

0.707 0.831 0.382 0.980
.707 0.555 0.382 0.980 0.707 0.195 0.923 0.831

0.707 0.831 0.382 0.195 0.707 0.980 0.923 0.555
0.707 0.980 0.912 0.831 0.707 0.555 0.382 0.195

⎡ ⎤
⎢ ⎥
⎢ ⎥
⎢ ⎥
⎢ ⎥
⎢ ⎥
⎢ ⎥− −
⎢ ⎥

− − − − −⎢ ⎥
⎢ ⎥− − −
⎢ ⎥

− −⎢ ⎥⎣ ⎦−

 

(a) 

4 4

1 1 1 1
1 11 12 2

1 1 1 1
1 11 12 2

⎡ ⎤
⎢ ⎥

− −⎢ ⎥
= ⎢ ⎥− −⎢ ⎥
⎢ ⎥− −⎣ ⎦

xH  

(b) 

Figure 2.4: Two inverse kernels for (a) MPEG-2 and (b) H.264/AVC. 
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Figure 2.5: 4×4/8×8 IDCT core block diagram. 

 

2.6.1 Recursive Algorithm 

To efficiently integrate 8×8 transform size into 4×4, a recursive algorithm was 

preliminarily presented by Hsieh S. Hou in 1987 [28] and exploited to improve the 

hardware utilization in algorithmic levels. In this algorithm, the 8-point IDCT can be 

computed using 4-point IDCT recursively. In other words, N-point IDCT can be 

decomposed into an N/2-point IDCT by reordering even and odd coefficients and 

selectively storing IDCT results into pixel buffers. This allows us to generate 8-point IDCT 

from lower-order 4-point IDCTs [28]. Therefore, this 4-point IDCT can be simultaneously 

shared both in MPEG-2 and H.264/AVC, and the problem of different transform size can be 

resolved. We show the partitioned process of MPEG-2 8×8 IDCT in the following equation 

(N=8). 
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2.6.2 Multiple Constant Multiplication 

MPEG-2 8×8 kernel features a floating point operation while H.264/AVC 4×4 kernel is 

an integer operation. Although 8×8 IDCT intends to use multipliers to realize inverse 

transforms, we replace these multiplications with a series of shifts and additions. In 

particular, we exploit the common sub-expression sharing techniques for solving multiple 

constant multiplication (MCM) problems [29]. That is, we can expand constant 

multiplications with shift operations and additions and share the common ones. Therefore, 

these operating units can be shared with 4×4 IDCT to reduce silicon area. Moreover, 

because both standards require addition and the input bit-width of adders in H.264/AVC is 

smaller than those in MPEG-2, the common terms of addition can be reused between 

MPEG-2 and H.264/AVC. Therefore, 8×8 IDCT is carried out in a 4×4 fashion, and 

one-fourth of pipelined buffer can be reused in different standards. Finally, this proposal 

saves 15% gate-count than the one without exploiting any hardware sharing. 

 

2.7 Motion Compensation 
When considering motion compensation between MPEG-2 and H.264/AVC, we notice 

two major differences: prediction size and interpolated resolution. The prediction size in 

MPEG-2 is fixed to 16×16 pixels while H.264/AVC supports variable block size from 

16×16 to 4×4 (i.e. 16×16, 8×16, 16×8, 8×8, 4×8, 8×4, 4×4). Hence, the block size in 

MPEG-2 can be considered as a sub-set of that in H.264/AVC. On the other hand, the 

interpolated resolution in MPEG-2 and H.264/AVC is up to half-pel (i.e. 1/2) and eighth-pel 
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(i.e. 1/8) respectively. Hence, we can conclude that motion compensation in H.264/AVC 

outperforms that in MPEG-2 because H.264/AVC has variable block sizes and finer 

predictive resolutions. Moreover, motion compensation in MPEG-2 is just a sub-set of that 

in H.264/AVC and can be easily merged. In the following, we will address the 

register-sharing in interpolator design for solving the integration issue. 

 

2.7.1 Hybrid MPEG-2/H.264 Interpolator Design 

A major challenge of combined motion compensation engine is interpolator. In this 

sub-section, we will focus on storage and arithmetic module sharing to minimize area/cost 

overhead. For macroblock-based fractional motion compensation in MPEG-2, each 16×16 

macroblock needs 17×17 interpolation windows to interpolate fractional samples. Each 

macroblock can be partitioned into four 8×8 blocks with 9×9 interpolation window of which 

size is identical to that of H.264/AVC luma interpolation window for each 4×4 sub-block. 

Additionally, in Table 2.1, the bilinear filter for H.264/AVC luma quarter-pel interpolation 

can be shared with that for MPEG-2 half-pel interpolation. Considering a separate 1-D luma 

interpolator [30] in Figure 2.6, the content buffer represents storage to execute a 

content-swap operation in one cycle and part of registers and bilinear filters, which are 

shaded, can be shared with MPEG-2’s interpolator. 

In addition to the integration between MPEG-2 and H.264/AVC, the luma and chroma 

interpolator of H.264/AVC can be shared as well since chroma interpolation processes are 

carried out after luma interpolation. Figure 2.7 shows the combined interpolator design. 

Specifically, both luma and chroma interpolators have similar interpolation processes and 

require a great number of addition operations. Hence, the adders can be reused for different 

interpolation processes. As a result, based on 0.18-μm technology, the proposal reduced the 

gate count by 20% as compared to a separate interpolator design under a working frequency 
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of 100MHz. 

 

 

Figure 2.6: Shared local registers and bilinear filters for MPEG-2 and H.264/AVC. 
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Figure 2.7: Combined luma/chroma interpolator design in H.264/AVC. 

 

2.8 Deblocking Filter 

2.8.1 Background 

Deblocking schemes can be divided into two classes: in-loop and post-loop 

de-blocking filters. An in-loop filter is standardized by H.264/AVC and a post-loop filter 

follows the prevalent MPEG-x family standards. Hence, the goal of this research is to 

integrate in-loop and post-loop filter in a hardware-sharing fashion. Figure 2.8 outlines 

existing deblocking filters in terms of filtering types and standardization. In general, 

post-loop de-blocking filters [32][33] are executed outside the DPCM loop. They need extra 

frame buffer to store filtered frame and induce the issues of computation for VLSI 

implementation. In contrast, the in-loop de-blocking filter [31] operates inside the loop and 

thus is normative in the standardization process. It feeds through the filtered results into the 

46 



 

reference frames for subsequent frame decoding. The PSNR performance of in-loop filter 

outperforms that of post-loop filter but offers a significant complexity due to its high 

adaptivity and smaller filtering size (4×4). Moreover, considering the integration issue, 

although existing solutions [35][36] propose a unique algorithm to meet both in-loop and 

post-loop filters, those algorithms are not adopted by existing video standards and perform 

the post-loop filter with extra frame buffer. To alleviate aforementioned problems, we derive 

a new algorithm that can be reconfigured as an in-loop or post-loop filtering processes. 

Specifically, we propose an in/post-loop algorithm to easily meet different standard 

requirements. Due to the non-standardization of post-loop filters, it provides several design 

choices to develop an integration-oriented algorithm. Furthermore, we develop the 8×8 

post-loop filter with macroblock-based instead of frame-based filtering structure. There is 

no need to buffer the whole frame in advance. As a result, the modified post-loop filter 

achieves area-efficiency and is easily to be integrated into in-loop de-blocking filter. In the 

following, we detail the design method to support both standard-compliant in-loop and 

informative post-loop filters. 

 

 
Figure 2.8: Various types of de-blocking filters 
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2.8.2 Algorithmic Preview 

Due to a great diversity of deblocking filters in different standards, we tabulate each 

feature in Table 2.3. The filtering control decides the filtering order and the size of filtered 

boundaries. In general, most deblocking filters obey an order that executes on the horizontal 

edges first followed by the vertical edges. But, this order is different from that defined in 

H.264/AVC. As for the filtered boundary, the in-loop filter of H.264/AVC is applied to each 

boundary of 4×4 sub-block while the post-loop filter is executed on that of 8×8 block. With 

regard to the in-loop de-blocking filter in VC-1 [37], it is performed on the block 

boundaries of 4×4, 4×8, 8×4, and 8×8. However, no matter how they locate, those 

boundaries are easily accomplished since the 4×4 sub-block boundary is the smallest edge 

and all boundaries can be considered as a super-set of 4×4 sub-block. 

 

Table 2.3: Features of deblocking filter in different standards. 

Deblocking Filter In-Loop Filter Post-Loop Filter 

Standardization Normative Informative 

STANDARD H.264/ 

AVC 

WMV-9/ 

VC-1 

MPEG-4 

(Annex F.3) 

H.263 

(Annex J)

Filtering Order Vertical 

First 

Horizontal  

First 

Horizontal  

First 

Horizontal 

First 

Filtering 

Control 

Filtered Boundary 4×4 4×4/4×8/8×4/8×8 8×8 8×8 

Strength/Mode 5/2 2/1 2/2 12/1 Filtering 

Process No. of input pixels 8 8 10 4 

 

Filtering processes can be divided into three main parts. The first part of processes is 

the strength decision. It governs the filtering intensity in that edge. H.264/AVC employs a 
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boundary strength (i.e. bS spreads from 0 to 4, 5-strength) to calculate the strength in each 

filtering mode. VC-1 adopts the edge_strength (i.e. only true or false, 2-strength) to realize 

the strength decision [37]. Moreover, MPEG-4 and H.263 feature 2-strength (i.e. eq_cnt>=6 

or eq_cnt<6) and 12-strength (i.e. strength=1~12) decisions respectively. The second part of 

processes is the mode decision which is comprised of strong and weak modes. For instance, 

in MPEG-4 Annex F.3 [38], Kim et al. [32] exploited smooth regions and default modes as 

strong and weak modes respectively. In H.264/AVC, List et al. [31] applied strong and weak 

modes when the boundary strength (i.e. bS) is equal to or less than 4 respectively. Excluding 

two mode decisions, there is one mode decision in VC-1 [37] and H.263 Annex J [39]. A 

third part of filtering processes is the edge filter. It operates on a specified edge, and smooth 

out the discontinuities with pre-defined coefficients. In general, the numbers of input pixels 

are related to the filtering performance as well as computational complexity. The in-loop 

filter takes 4-pixel on either side of the edge. The post-loop filter in MPEG-4 and H.263 

requires 5-pixel and 2-pixel on either side respectively. However, only partial pixels will be 

modified. Figure 2.9 depicts the pixels that are involved in a filtering operation and the 

modified pixels for output. After previewing aforementioned features, we conclude that 

there are great diversities in those filters. Hence, a combined in/post-loop filter algorithm is 

of great challenge for saving design cost. 

 

Figure 2.9: The modified and related pixels in the process of edge filter. 
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2.8.3 In/Post-loop Algorithm 

Using a single algorithm to realize in-loop or post-loop filter is inferior since the 

source of blocking artifacts comes from a distinct quantization process, IDCT kernel and the 

motion compensated algorithm between MPEG-2 and H.264/AVC. From the experimental 

results, the quality improvement is very mild (only 0.04dB) when we replace a post-loop 

filter with an in-loop filter. To cope with this problem, we propose an integration-oriented 

algorithm which tightly combines H.264/AVC in-loop filter with MPEG-4 post-loop filter. 

Note that we choose the filter defined by MPEG-4 Annex F.3 as a MPEG-2 post-loop filter. 

Specifically, we keep the filtered boundaries of 4×4 and 8×8 in the in-loop and post-loop 

filters respectively. Additionally, to unify into a single architecture, the filtering order in 

post-loop filters has been changed from horizontal to vertical edges first. With regard to 

filtering processes, a triple-mode decision and triple pixel-in-pixel-out edge filter are 

proposed in the following sub-section so as to improve the hardware utilization. Moreover, 

they provide an easy exchange of different filter types without greatly changing a hardware 

prototype. 

 

2.8.3.1 Triple-mode decision 

A triple-mode decision adopts a SKIP mode and resource sharing technique to reduce 

filtering complexity and integration cost respectively. Firstly, this decision has been applied 

to H.264/AVC and employs strong, weak and SKIP modes according to the boundary 

strength (bS). As to the post-loop filter in MPEG-4, Kim et al. [32] exploited the threshold 

T2 as 6 to distinguish between default (i.e. weak) and DC offset (i.e. strong) modes. 

However, it is very time-consuming because there is no skip conditions applied and all 8×8 

block boundaries execute filtering processes. To alleviate this problem, we introduce 
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another threshold T3 to reduce the computation in Figure 2.10. Moreover, since fixed 

thresholds {T2, T3} cannot achieve better performance, we use the header information (e.g. 

MVD, CBP, MB_TYPE) to adjust the thresholds dynamically. In Table 2.4, we propose a 

compound decision method to share the hardware resource since MPEG-4’s {T2, T3} 

resemble H.264/AVC’s {bS, α, β, tC0}. Moreover, we found that different bit rates contribute 

to the difference of the threshold T2. Introducing a term of tT2 as a function of QP makes it 

more robust in terms of the bit rate variations. In conclusion, the proposal reduces not only 

the computation through the SKIP mode but also the integration cost by the compound 

method. 

 

  

Figure 2.10: A triple-mode decision of the in/post-loop filter. 
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Table 2.4: A compound method for the strength decision. 

In/Post-loop Decision Method In-loop Post-loop 

Block modes and conditions Semantics bS T3 T2 

One of the blocks is intra and 

the edge is a macroblock edge 

MB_TYPE==INTRA 

&& MB Edge 

4 T3i* T2i* 

One of the blocks is intra MB_TYPE==INTRA 3 T3i T2i 

One of the blocks has coded 

residuals 

CBP != 0 2 T3i+1 T2i+1 

Difference of block motion ≧ 4 

at luma sample difference 

MVDx≧4 || MVDy 

≧4 

1 T3i+2 T2i+1 

Else Else 0 T3i+2 T2i+1+tT2(QP)

T3i*, T2i*: the initial value of T3 and T2. 

 

2.8.3.2 Triple pixel-in-pixel-out edge filter 

We develop a triple P-i-P-o edge filter to reduce the integration cost. In the post-loop 

mode, the edge filter retains default mode and discards the DC offset mode because the 

default mode is of the prime concern while the DC offset mode is broadly similar to the 

strong mode of the in-loop filter. That is, we can replace the edge filter of DC offset mode 

with that of “bS=4” (strong mode) for an integration-oriented design approach. We change 

the approximated DCT kernel (i.e. [2 -5 5 -2]) to [2 -4 4 -2]. As a result, we make use of 

shifters instead of constant multipliers. Moreover, to merge the edge filter in the weak mode, 

we modify the numbers of input pixels to 8 pixels in the post-loop filter. Thus, the numbers 

of input pixels in the in-loop and post-loop filters are equivalent. Specifically, Figure 2.11 

depicts the detailed circuit of the weak filter. Generally, it needs a great number of 

operations and greatly influences the visual quality. It takes 4-pixel (i.e. p0~p3, q0~q3) on 
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either side of the boundary to realize interpolation procedures. In particular, a pixel-wise 

difference is applied, and a delta metric is generated. A CLIP8 operation limits the delta 

metric between y (i.e. Upper Bound) and x (i.e. Lower Bound). Finally, the CLIP’s outputs 

add and subtract the raw pixels to obtain the filtered results. Because the weak filter is the 

most quality-intensive process in the deblocking filter, we share most of operations except 

“Delta Generation” and make a better trade-off between visual quality and area efficiency. 

As a result, the synthesized logic gate counts can be reduced by 30% compared to the 

preliminary design that implements in-loop or post-loop filter separately. In conclusion, 

three data flows (i.e. strong, weak and SKIP) and related pseudo codes are highlighted in 

Figure 2.12, and some modifications are made on the post-loop filter to improve the 

integration efficiency. These modifications definitely reduce the integration overhead with a 

penalty of slight performance loss and will be addressed in the next sub-section. 

 

 
 Figure 2.11: Triple P-i-P-o edge filter in weak mode. 
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           (a)                                     (b) 

Figure 2.12: The (a) data flow and (b) pseudo code of the in/post-loop algorithm. 

 

2.8.4 Performance Evaluation 

The modifications of the post-loop filter improve the integration efficiency at a cost of 

slight performance degradation. For the experiments of MPEG-4’s post-loop filter, the 

thresholds of T2i=5 and T3i=0 (see Table 2.4) are employed without loss of generality. 

Furthermore, we adopt Table 2.5 as the induced term of tT2. QP stands for “quantizer 

precision”, and we use 5-bit as a default value that ranges from 0 to 31. All alterations of the 

MPEG-4’s post-loop algorithm have been addressed, and specific results are given in Table 

2.6. All sequences are defined in CIF (352×288) and INTRA PERIOD 15 with 30fps 

throughout 300 frames. We show that the performance degradation is less than 0.05dB as 

compared to the MPEG-4’s post-loop filter [38]. From the subjective point of view, we 

capture the 20th frame to give a comparison in Figure 2.13. 
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Table 2.5: Values of tT2 with a function of QP. 

QP 0 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15

tT2 2 2 1 1 1 1 1 1 0 0 0 0 0 0 0 0 

Table 2.5(continued): Values of tT2 with a function of QP.  

QP 16 17 18 19 20 21 22 23 24 25 26 27 28 29 30 31

tT2 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 0 

 

Table 2.6: The post-loop filtering performance in terms of luma PSNR. 

MPEG-4 Decoder PSNR-Y [dB] 

Bit Rate CIF Sequence w/o filter MPEG-4 Annex F.3 filter Proposed 

Table 32.01519 32.13722 32.13138 

Mobile calendar 24.97704 25.00832 25.04150 

Mother & daughter 38.73812 39.00201 39.02740 

150kbps 

Stefan 27.02727 27.14439 27.10813 

Table 37.11400 37.18894 37.19088 

Mobile calendar 27.43971 27.49859 27.48667 

Mother & daughter 42.85162 42.99503 42.99579 

450kbps 

Stefan 30.63070 30.77906 30.72632 

Table 42.83698 42.84450 42.87695 

Mobile calendar 34.50489 34.57378 34.56172 

Mother & daughter 46.33545 46.48835 46.44548 

1500kbps 

Stefan 38.36032 38.48165 38.44038 
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(a) w/o filter. 

             

(b) Original filter in MPEG-4. 

             

(c) Proposed. 

Figure 2.13: The subjective quality comparison. 
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2.9 Summary 
Figure 2.14 summaries our work on combined MPEG-2/H.264 video decoder. First, a 

register-sharing technique efficiently reduces the required storage. Second, a table-merging 

method combines the identical codeword and prefix among tables for saving table size. 

Third, although area on MPEG-2 DC prediction is far less than H.264/AVC intra prediction, 

combined intra/inter prediction is a good point for further area reduction. Fourth, IDCT is 

the most diverse algorithm over the whole modules. A recursive algorithm and multiple 

constant multiplication techniques are presented to improve the hardware utilization in an 

algorithmic level. Fifth, interpolators require a great deal of adders and are the most 

area-critical module in the motion compensation design. To cope with this problem, a 

combined luma/chroma interpolator is proposed. Finally, a combined algorithm for 

simultaneously meeting in-loop and post-loop deblocking filters is presented to save area. 

To this end, we propose a triple-mode decision and triple P-i-P-o edge filter to realize the 

in/post-loop algorithm. Experimental results exhibits that 30% of area reduction is achieved 

without great loss of visual quality. Let’s sum up aforementioned cost reduction. Figure 2.14 

shows that 20% of area reduction can be achieved in a system point of view. Moreover, this 

low-cost design approach is applicable for multi-standard applications, such as HD-DVD 

and DVB-H systems. 
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Figure 2.14: A cost summary of dual MPEG-2/H.264/AVC video decoder. 
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Chapter 3  
Low-Power Design Approach 
 
3.1 Overview 

In recent years, portable devices such as cellular phones, video camcorders, personal 

digital assistants and handheld digital TVs are becoming increasingly popular. The 

portability requirement implies an important issue on power reduction. However, the 

increased power consumption generally comes from the sophisticated algorithms and 

architectural challenges. H.264/AVC is the dominant video coding algorithm and requires 

high speed or high throughput solutions for real-time decoding demands. Many solutions 

[40]-[42] feature to improve coding throughput and reduce data bus bandwidth. However, 

this level of power consumption is still not applicable when multimedia capabilities are 

offered in portable systems. 

This chapter thoroughly describes low-power design techniques applicable to a 

portable multimedia system. Figure 3.1 shows the power profiling of H.264/AVC video 

decoding for mobile applications [43]. Only power profiling in H.264/AVC is shown here 

since its power requirements are much higher than that in MPEG-2. In this figure, the 

numbers in brackets represent the memory size used in that module. Motion compensation 

and deblocking filter occupy large portions of this pie chart. The reasons are that the motion 

compensation is the most computationally intensive process and the deblocking filter uses 

large internal memory to remove long data dependencies. Therefore, there are two issues we 

have noticed. First, reducing the storage size, such as register and memory, is a key to 

achieving low-power consumption. Second, most of computations require memory accesses 
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to accomplish a data exchange between logic and memory, leading to the increment of 

working frequency to meet the real-time decoding demand. Hence, it is obvious that 

reducing the working frequency cuts data switching activity, resulting in less dynamic 

power consumption. In the following, we will introduce a collection of low-power 

techniques, including the reduced register number, improved memory system, and several 

low-power building blocks. 

 

Power Profiling of H.264 with QCIF@15fps

Misc. (8Kb)
18%

Intra Predictor (32Kb)
10%

Syntax Parser (2Kb)
5% CAVLC+IQ+IZZ+IDCT

(5Kb)
4%

Deblocking Filter
(132Kb)

34%

Motion
Compensation

(10Kb)
29%

Deblocking Filter (132Kb)
Motion Compensation (10Kb)
Misc. (8Kb)
Intra Predictor (32Kb)
Syntax Parser (2Kb)
CAVLC+IQ+IZZ+IDCT (5Kb)

 

Figure 3.1: Power profiling and memory usage in [43]. 

 

3.2 Reducing Pipeline Registers 
It is obvious that reducing the number of registers cuts the logic and clock-tree power 

dissipation. To this end, this section presents a new pipeline methodology to reduce the 

number of pipelined registers at a cost of slight cycle increment. We first present the 

traditional pipeline methodology and find that the number of pipeline registers relates to the 

processing cycles of modules between two pipeline stages. After that, we propose a 

domain-pipelined scalability (DPS) to reduce the numbers of registers. 

 

3.2.1 Pipeline Methodology 
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Video processing tasks are a time-consuming process and usually computationally 

challenging because the amount of data to be processed is voluminous. To improve the 

processing times, pipelining is widely used for exploiting temporal concurrency. It allows a 

chain of tasks to be divided into stages, with each stage handling results obtained from the 

previous stage. Pipelining increases the processing throughput – the number of processes 

completed per unit of time. The increase in processing throughput means that a procedure 

runs faster and has lower total execution time. However, limitations on practical pipelining 

arise from additional delay and power on pipelined registers. Those overheads relate to the 

granularity of pipelining and thereby adversely impact the system power consumption. 

Considering the video processes in combined MPEG-2 and H.264/AVC, the granularity 

means the size of 4×4, 8×8 or 16×16 pixels for data transaction between modules. For 

example, Figure 3.2 shows a data path from stream input to pixel output. CAVLC decoder, 

inverse zig-zag/quantizer, and IDCT are three main functional units in this path. To decide 

the granularity in Figure 3.2, Table 3.1 lists two performance indexes with different levels 

of pipelined granularities from 4×4 sub-blocks to 16×16 macroblock. A fine-level pipelining, 

4×4 sub-block levels, requires lesser registers but introduces many stalls or bubbles in each 

4×4 level, leading to the increment of processing cycles. On the contrary, a coarse-level 

pipelining, 16×16 macroblock levels, can reduce the pipelined stalls and bubbles but needs 

numerous registers to accomplish the pipelining procedures. Hence, we can conclude that 

the processing cycles and numbers of pipelined registers are often at odds. However, 

traditional pipelined methods [41][44] didn’t consider the processing cycles and used fixed 

number of pipelined registers over the whole design, leading to additional usage of 

pipelined registers. In the following, we will present a domain-pipelined scalability (DPS) 

to alleviate this problem. It takes the processing cycles into account when developing a 

pipelined methodology in a video decoding system. 
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Figure 3.2: Pipelined path between stream inputs and residual pixels. 

 

Table 3.1: Various pipelined granularities. 

Parallelism Unit of Data Buffer Cost Processing Cycles 

MB-Level  16×16 pixels ×16 Y cycles/MB 

Block-Level  8×8 pixels ×4 1.19×Y cycles/MB 

Subblock-Level 4×4 pixels ×1 1.26×Y cycles/MB 

 

3.2.2 Domain-Pipelined Scalability 

Figure 3.3 shows the data paths of H.264/AVC decoder prior to the deblocking filter. 

The proposed DPS method partitions the paths into two pipelined domains. One of them 

includes the cycle-critical path that consumes a great number of processing cycles from 

stream inputs to outputs (e.g. motion compensation, deblocking filter, display I/F, as the 

thick line of Figure 3.3(b) indicates), and the other includes the non-cycle-critical path that 

demonstrates the path except for cycle-critical one (e.g. entropy decoder, IDCT, intra 

prediction). Compared to the fixed 16×16 macroblock-level pipelining [41][44] in Figure 

3.3(a), the proposed DPS method in Figure 3.3(b) allocates different pipelined granularities 

with cycle-awareness. Actually, the numbers of processing cycles will impact the pipeline 

methodology. For instance, we consider the pipeline level on 4×4 sub-blocks and 16×16 

macro-blocks (MB) in Figure 3.4. The shaded and dotted regions represent the previous and 
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next decoding MB respectively. In the non-cycle-critical path, the introduced waiting cycles 

or bubbles occur frequently on a 4×4 sub-block level. On the other hand, the motion 

compensation, deblocking filter, and display I/F are performed on 16×16 MB level, in the 

sense that it improves processing cycles since the waiting cycles are reduced and occur only 

on each 16×16 level. Therefore, we choose 4×4 sub-block level pipeline to reduce the 

pipelined register size in non-cycle-critical path. As for the cycle-critical path, we apply 

16×16 MB level pipeline to reduce the processing cycles at the cost of acceptable increment 

on pipeline registers. Therefore, we only apply the fine-level pipeline into the 

non-cycle-critical path for reducing the pipeline registers. By contrast, the coarse-level 

pipeline is utilized to eliminate the waiting cycles on the cycle-critical path. With regard to 

the integration issue, a 4×4 sub-block is the smallest pipelined element in H.264/AVC while 

an 8×8 block size is adopted by MPEG-2 video standard. Due to different pipelined sizes, 

we utilize AND gates to disable un-used flip-flops according to the pipelined operation of 

each standard in Figure 3.3(b). As a result, we optimize the pipeline granularities according 

to the characteristics of processing cycles [43]. It is suitable for determining the optimized 

pipelined levels during the system development. The detailed pipeline granularities are 

listed in Table 3.2. Compared to the un-optimized 16×16-level pipelines [44], the proposed 

DPS method reduces the number of pipelined registers by 37.5%, resulting in less power 

dissipation. 
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(a) 

 
(b) 

Figure 3.3: (a) Traditional pipelined method and (b) two pipelined domains by using the 

DPS method. 
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Figure 3.4: A data-path diagram of residual path by DPS.  

 

Table 3.2: Different pipeline levels in each module. 

Proposed Cycle 

Characteristics 
Key Module 

MPEG-2 H.264/AVC

Intra Prediction N/A 

VLD/CAVLD 
Non-cycle-critical 

path 

4×4/8×8 IDCT 
8×8 

4×4 

Motion Compensation 

In/Post-Loop Filter Cycle-critical path 

Display I/F 

16×16 16×16 
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3.3 Improving the Memory Hierarchy 

3.3.1 Background 

While there has been much work studying memory performance for scientific and 

general-purpose applications, this dissertation focuses on the need of H.264/AVC video 

applications. H.264/AVC achieves high compression ratio since it adequately utilizes the 

neighboring pixels to obtain a reliable predictor and reduce the prediction errors. Compared 

to prevalent MPEG-x and H.26x video standards, H.264/AVC has a dependency on a long 

past history of data and need much intermediate storage. Therefore, this highly data 

correlation also leads to the design challenge on VLSI implementation in terms of memory 

power as well as cost. 

Improving the memory hierarchy or reducing the embedded SRAM size is very 

effective for achieving low power dissipation because internal memories occupy about 70% 

of core power in H.264/AVC video decoder [45]. To reduce power consumption on memory 

modules, we aim at a memory hierarchy where copies of data from larger memories that 

exhibit high data-correlation are stored to additional layers of smaller memories. In this way, 

the great part of data accesses is moved to smaller memories and the significant power 

savings can be achieved since accesses to smaller level of memory hierarchy are less power 

consumption [46]. Thus, we propose three-level memory hierarchy named as content, slice 

memory and synchronous DRAM (SDRAM) as depicted in Figure 3.5. Figure 3.5(a) shows 

a three-level memory hierarchy where a slice SRAM is allocated for the storage with rows 

of pixels since H.264/AVC features to access logically adjacent pixels in the vertical 

direction. However, storing all pixels in rows of vertical pixels is unnecessary when the 

following decoding procedures are unrelated to the upper neighboring pixels. Hence, we 

further propose a line-pixel-lookahead (LPL) scheme in Figure 3.5(b) to eliminate the 

un-used pixels, leading to the reduction of memory size. In the following, we address the 
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three-level of memory hierarchy and thereby illustrate how to exploit LPL scheme to further 

reduce the memory size. 

 

SDRAM SDRAM
32b 32b

Slice SRAM

3kb
VL-FIFO registers

32b

Intra
Pred.

Loop
Filter

Motion
Comp.

32b
bypass

6.1kb
Ping-pong SRAM

 
(a) 

 

(b) 

Figure 3.5: The (a) conventional [43] and (b) proposed memory hierarchy. 
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3.3.2 Content Memory 

A content memory, the first level of memory hierarchy, includes ping-pong SRAM and 

variable length FIFO (VL-FIFO) in Figure 3.6. Particularly, the ping-pong SRAM stores the 

unfiltered pixels in one 16×16 MB prior to the deblocking filter. Its data word size is 32-bit 

(4-pixel) and the address depth is decided by the YUV format (4:4:4, 4:2:2 or 4:2:0). For 

4:2:0 format, there are 16 luma sub-blocks and 8 chroma sub-blocks. Moreover, it adopts 

the ping-pong structure and stores two macro-blocks (MBs) to resolve the structural hazard 

when reading and writing processes occur simultaneously. Hence, the content memory is of 

size (16+8)×4×32×2 (6.1k). On the other hand, VL-FIFO stores the pixels value with a size 

of one macroblock and is required to coordinate different data paths. In H.264/AVC, the 

prediction path (e.g. intra prediction or motion compensation) and residual path (e.g. 

CAVLC/IZ/IQ/IDCT) produces the output data with different timing budgets. The 

synchronization problem is introduced since both of them should be synchronously added in 

a pixel-wise manner. We develop a VL-FIFO to synchronize two paths prior to the 

deblocking filter. As a result, they construct the first level of memory hierarchy in the 

H.264/AVC decoding system. 

 

 

Figure 3.6: VL-FIFO and ping-pong SRAM in the content memory. 
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3.3.3 Slice Memory 

A slice memory, the second level of memory hierarchy, is required to store neighboring 

pixels and prevent the data re-access from SDRAM since current decoded pixels in 

H.264/AVC relate to the pixels previously decoded. Considering a frame size of N×M in 

Figure 3.7(a), each square represents the 16×16 MB. Each MB contains 16 points and 4×4 

pixels within each point. When following decoding procedures are performed from the MB 

index B to B+1, the pixel data within upper and left neighbors will be updated as the arrows 

indicate. Therefore, the shaded region should be kept when the decoding index is B+1. To 

give a specific explanation, we take intra prediction and deblocking filter as an example. As 

we know, intra predicted pixels rely on the upper one-pixel for a reliable predictor when 

near-vertical prediction modes apply. As a result, pixels M and A~H should be kept when 

decoding this 4×4 sub-block in Figure 3.7(b). Figure 3.7(c) indicates that deblocking filter 

requires neighboring four-pixel (i.e. p0~p3) to execute filtering procedures. In sum, the intra 

prediction and deblocking filter require one-row and four-row of pixels which construct the 

data organization in the slice memory. 

In addition to the intra prediction and deblocking filter, several modules require 

neighboring pixels or syntax to construct the results, such as CAVLC, CABAC, motion 

compensation, etc. Table 3.3 exhibits overall data organization in the slice memory. It 

consists of pixel data or syntax flags per unit of one pixel, 4×4 sub-blocks or 16×16 MB. In 

the pixel data, the size of slice memory depends on the frame width W as the shaded region 

of Figure 3.7(a) indicates. Moreover, the size of pixel relates to the chrominance format C.F. 

and pixel depth. Here, a 4:2:0 format and 8bits/pixel is assumed for simplicity. As for syntax 

flags, it is required keeping the flag since the decoding procedures of H.264/AVC will 

reference the previously decoded neighboring syntax flags. For instance, motion vector will 
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be generated from the previously decoded one. Besides, H.264/AVC develops adaptive 

entropy coding method to achieve high compression ratio. In particular, CAVLC adaptively 

selects coding table by nC calculated from the Coeff_Tokens of neighboring blocks. 

CABAC adaptively estimates a large number of conditional probabilities through the 

neighboring syntax flags such as MB_Type, CBP …etc. These adaptive schemes lead to the 

highly data dependency and extra data storage for hardware implementation. In sum, the 

total memory size achieves 190.8kb under the H.264/AVC video decoding with 1080HD 

resolution and 4:2:0 chrominance formats. 

 

 

(a) 

 

 
(b) 
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(c) 

Figure 3.7: The (a) slice memory in (b) intra prediction and (c) deblocking filter. 

 

Table 3.3: Data organization in slice memory. 

Memory Size  
Level 

(data per unit) 
Content Formula(bits) 

W= Frame Width 
1080HD 

4:2:0  

Deblocking filter’s 

upper neighbor pixel 
4×W×C.F.9×8 122.8Kb

Pixel 
Intra predictor’s  

upper neighbor pixel 
W×C.F.×8 30.7Kb

Motion vector’s  

upper neighbor flag 
2×(W/4)×10 9.6Kb

Sub-block 
nC’s (CAVLC) upper 

neighbor  flag 
(W/4)×5 2.4Kb

Macroblock 

CBP, MBType, ..etc 

(CABAC) upper 

neighbor flag 

(W/16)×10×16 19.2Kb

Total 184.7Kb

                                                 
9 C.F. means chrominance format.  

{4:4:4, 4:2:2, 4:2:0}  C.F. = {3, 2, 2} 
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3.3.4 Synchronous DRAM 

A synchronous DRAM (SDRAM), the third level of memory hierarchy, is widely used 

for storing frame data. A 64Mb quad-bank SDRAM model adopted is Micron’s 

MT48LC2M32B2 [47]. A simplified architecture is shown in Figure 3.8(a) where four 

banks share the address and command buses and each bank has individual row decoder, 

sense amplifier, and column decoder. The mode register stores several SDRAM operation 

modes including burst length (BL), column address strobe (CAS) latency (abbreviated as 

CL), or burst type (sequential/interleave). The content of mode register updates according to 

commands issued from address buses. In sum, SDRAM can be treated as a 3-D structure 

with the dimensions of bank, row, and column.  

On the other hand, Figure 3.8(b) lists the features and configurations of this SDRAM 

model. This SDRAM uses an internal pipelined architecture to achieve high-speed operation 

and is a dynamic random access memory containing 67,108,864-bit. It is internally 

configured as a quad-bank DRAM with a synchronous interface. Each of the 16,777,216-bit 

is organized as 2,048 rows by 256 columns by 32 bits. Moreover, read and write accesses to 

the SDRAM are burst oriented; accesses start at a selected location and continue for a 

programmed number of locations. This SDRAM provides programmable READ and 

WRITE burst lengths of 1, 2, 4, or 8 locations, or the full page, with a burst terminate option. 

This SDRAM offer substantial advances in DRAM operating performance including 

high-speed and low-cost implementation. Finally, we adopt it as the external frame buffer 

for subsequent frame decoding in H.264/AVC. 
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(a) 

 

MT48LC2M32B2 2Meg x 32 

Configuration 512K x 32 x 4banks 

Row Addressing 2K (A0 ~ A10) 

Column Addressing 256 (A0 ~ A7) 

Bank Addressing 4 (BA0, BA1) 

CAS Latency (CL) 1, 2, and 3 

Burst Length 1, 2, 4, 8, or full page 

5ns (200MHz) 

5.5ns (183MHz) 

6ns (166MHz) 
Timing (Cycle Time) 

7ns (143MHz) 

(b) 

Figure 3.8: (a) Simplified architecture and (b) configuration of a 4-bank SDRAM. 
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3.3.5 Line-Pixel-Lookahead Method 

Line-Pixel-Lookahead (LPL) scheme is proposed to exploit spatial pixel locality in 

vertical direction and looks ahead before decoding the next line of pixel in order to improve 

the access efficiency. Figure 3.9 depicts the LPL scheme and the related pseudo codes. In 

particular, a reduced slice SRAM caches the pixels of upper neighbors, and a LPL scheme 

predicts whether the follow-up pixel data should be kept or not. In the scope of this LPL 

scheme, we only focus on the pixel-level of storage content since it occupied a large portion 

of overall slice memory in Table 3.3. Therefore, only deblocking filter and intra prediction 

will be considered in this dissertation. In the LPL scheme, the TAG prediction issues a 

decoding TAG (D. TAG) that contains a pair of signals for the purpose of deblocking filter 

and intra prediction units, and the D. TAG is equal to the neighboring TAG (N. TAG) after 

buffering one row of TAGs. Two W/2-bit TAG buffers record each D. TAG, where W means 

frame width. A TAG CMP (compare) unit perceives the contrast between N. TAG and D. 

TAG. A prediction miss will be noticed via a request signal from the output of TAG CMP 

when current D. TAG differs from N. TAG. 

 
(a) 
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for(i=0;i<W/4;i++)
{  Step1: Generate decoding tag and buffered.
    D. TAG(i) = F(pre_mode, bS);

Step2: write the D. TAG into Buffer
                and Slice memory.     }

Step3: when encountering the next line of
            pixel.
for(j=0;j<W/4;j++)
{  Step4: reading the N. TAG data from TAG
            buffer.

N. TAG(j) = (if requiring upper
                         neighbor) ? 1:0;

Step5: comparing the TAG value.
    if(N. TAG(j) == D. TAG(j)) req. = 0; (hit)
    else   req. = 1; (i.e. miss)
}

0
1
2
3
4
5
6
7
8
9

10
11
12
13
14
15
16

 

(b) 

Figure 3.9: The (a) data flow and (b) related pseudo code in the LPL scheme. 

 

To illustrate how the LPL scheme works, we partition it into two steps: 1) TAG 

prediction and 2) TAG buffer. Figure 3.10 depicts the detailed circuit of the TAG prediction. 

The prediction step forecasts data accesses needed in advance, so a specific piece of data is 

pre-stored in the SRAM before it is actually desired by the follow-up decoding processes. A 

key observation is that not all upper neighboring pixels need to be pre-stored when they are 

determined as a “near-horizontal prediction mode” in intra prediction or a “SKIP mode” in 

deblocking filter. To realize the above behavior, we extract intra prediction mode, boundary 

strength (bS) and related header information from syntax parser as arrowed input signals. 

Each non-arrowed input is hard-coded and can be referenced by H.264/AVC [1]. In the case 

of a TAG buffer, it is of size 2W-bit and implemented by a single read and write port 

register file. The N. TAG will be read first from TAG buffer for the TAG comparison. 

Afterward, the D. TAG signal writes into TAG buffer for follow-up operations in next rows. 

Both reading and writing procedures are activated in different time slots to ensure that the 
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TAG signal previously written to the buffer can be read back without error. 

Figure 3.11 describes the 4×4 intra prediction behavior of the LPL scheme through an 

example with a frame size of 48×32. Each square represents a 4×4 sub-block labeled by a 

1-bit TAG signal. In the N. TAG field, we tag the 4×4 pixel data when a vertical prediction 

mode is applied. Furthermore, the un-tagged pixel will be discarded via wen (see the 

reduced slice SRAM in Figure 3.9(a)), resulting in reducing memory size. The memory 

word-length is fixed at 8-bit and a scaling factor f is introduced to scale the address depth at 

design time. Thus, the memory size is scalable and proportional to W/f (instead of W in 

Table 3.3) without degrading performance when the prediction hits (i.e. D. TAG equals N. 

TAG). However, an error of prediction may occur (i.e. miss) so we need to fetch the missed 

data from the external memory. The miss rate stands for a probability of missing events and 

is equal to the number of miss over one row of TAG. Although we reduce the memory size 

from W×8 to (W/f)×8 bits, 16.7% (i.e. 2/12) of miss rates are its penalties in this example. 

Therefore, it is indispensable to making a better compromise between the introduced miss 

rate and the scaling factor f. 

Intra_4x4_Horizontal

D. TAG
(Intra Prediction)

Intra_4x4_Horizontal_Up
Intra_16x16_Horizontal

MUX

Intra_Chroma_Horizontal

MUX

SKIP bS

D. TAG
(In-Loop Filter)

OR

== ==

== ==

==

a b

out

out = (a==b) ? 1 : 0;

 

Figure 3.10: The proposed prediction circuit for TAG prediction. 
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Figure 3.11: Data organization between slice pixel SRAM and TAG prediction. 

 

3.3.6 Performance Evaluation 

To apply the proposed LPL scheme to a practical video sequence, we first adopt two 

different types of video resolution to highlight the probability of missed rate and the 

reduction of external memory power. After that, we model the external memory power 

through the power calculator. It proves that the proposed three-level memory hierarchy 

greatly reduces the external memory power with a cost of slight internal memory power 

increment. Moreover, the increased memory power can be further reduced by LPL scheme. 

 

3.3.6.1 Miss rate analysis 

As compared to the original slice memory in Figure 3.5(a), the internal memory size 

can be reduced (see Figure 3.5(b)) with a penalty of slight miss rate increment. Because an 

error of prediction may occur, an additional penalty is introduced to re-fetch the missed data 

from external memory, leading to the increment of external memory bandwidth as well as 
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power consumption. To alleviate this problem, we first analyze the relationship between the 

probability of miss events and external memory size. Figure 3.12 depicts the miss rate 

analysis with high-definition (1920×1088) and CIF (352×288) video resolution, and “αW” 

means that it’s proportional to the frame width W. In this figure, we omit two extreme 

values and only plot the miss rate when scaling factor f ranges from 2 to 32. In particular, 

one extreme case is that miss rate equals zero when the factor f is fixed at one [48]. The 

other case occurs when the design [49] removes the second level of memory hierarchy (i.e. 

slice memory), leading to a 100% of miss rate. Hence, we can conclude that memory size 

and miss rate are often at odd and two extreme designs are far from a near-optimal value in 

terms of memory size and miss rate. Although increasing internal memory size achieves 

lower miss rate and external bandwidth, it suffers from the high memory cost and 

manufactured defects. Thus, inappropriate memory size will be harmful to the memory size 

and power consumption. In our design, we provide several design alternatives via factor f 

when developing a memory hierarchy at the design time. Therefore, we can achieve a better 

trade-off between miss rate and memory size. However, the goal of this section is to achieve 

low-power consumption through the memory hierarchy. To this end, we translate the miss 

rate into the memory bandwidth via Eq. (3.1) and Eq. (3.2). We adopt a memory power 

calculator to compute the memory power consumption from the available bandwidth in the 

next sub-section. 

 

# of 4x4 sub-block accesses # of write accesses # of read accesses miss rate= + ×    (3.1) 

# of 4x4 sub-block accesses bytes frameBandwidth(Bytes/sec) 16
frame 4x4 sub-block sec

= × ×      (3.2) 
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Figure 3.12: Miss rate analysis with different scaling factors f. 

 

3.3.6.2 Memory power modeling 

To analyze the power consumption of proposed memory hierarchy, we describe the 

power modeling through a memory power calculator. In general, the power consumption of 

memory hierarchy can be considered as a summation of on-chip and off-chip memory 

power in Eq. (3.3). Furthermore, memory accesses are the most power consuming operation 

[50] and dominate the overall power budget on the internal memory. The power consumed 

on memory accesses is a function of memory size, the access frequency and technology etc. 

In the following, we assumed that the on-chip power is linearly proportional to the access 

frequency [51] and the memory size. Therefore, the simplified power model described by 

Eq. (3.4) suffices for the purpose of evaluating the power effect on memory hierarchy.  

As for off-chip memory, the power modeling becomes more complicated. Not only 
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data access but also I/O and background power should be concerned (see Eq. (3.3)). 

Specifically, we adopt Micron’s system-power calculator [52] to model DRAM power. To 

estimate the power consumption, it is necessary to understand the basic functionality of 

DRAM in Figure 3.8. In particular, once the clock enables, commands can be sent to the 

DRAM module. Typically, the first command is ACTIVE (ACT). The ACT command selects 

a bank and transfers the cell data into the sense amplifier. The data stays in the sense 

amplifiers until a PRECHARGE (PRE) command to the same bank restores the data to the 

cells in the array. When data is stored in the sense amplifier, READ and WRITE commands 

may take place. When a READ command issues, the data is driven through the I/O gating to 

the internal read latch. Once in the latch, it is multiplexed onto the output drivers. Moreover, 

the REFRESH (REF) operation is normally distributed evenly over time, because the 

memory cells of a DRAM store the data information in small capacitors that lose their 

charge over time. Based on the aforementioned behavior, we can conclude that DRAM 

power mainly comes from the operations in access, I/O and background modes. The access 

power dissipation comes from the READ and WRITE commands. I/O power consumes on 

I/O pins (i.e. DQ) when READ commands issue. Furthermore, PRE command in standby 

and power-down modes and REF commands contribute the power dissipation of 

background operations. Therefore, based on the power modeling in both on-chip and 

off-chip memories, we will show the simulation results as follows. 

 

(total on chip off chip access access IO BG )P P P P P P P− −= + = + + +                             (3.3) 

( , # ,on chip access access word ddP P f F Length of word V− = = × )                           (3.4) 

 

As mentioned before, we exploit memory size and power calculator as the SRAM and 

DRAM power indexes. An observation is that the curve between internal SRAM and 
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external DRAM power consumption is shown in Figure 3.13. Let’s illustrate this property 

by choosing Micron’s SDRAM model (i.e. MT48LC2M32B2) with CAS latency = 2, BL = 

1 and tCK = 7ns. In X-axis, there are several design alternatives according to the factor f. In 

other words, we provide a scalable solution with a trade-off at the architectural design time. 

As a result, a better compromise can be constrained by the minimal distance from origin (i.e. 

f = 8) since it achieves smaller SRAM size as well as SDRAM power dissipation. Note that 

this property can also be applied to DDR/DDR2 memory for high-resolution video decoding 

when adopting the proposed memory hierarchy with LPL scheme. 

 

 

Figure 3.13: Analysis of power dissipation on external SDRAM and internal SRAM. 

 

Figure 3.14 shows a power saving through the three-level memory hierarchy with the 

LPL scheme. The traditional three-level memory hierarchy [43] in middle bar is just a 

special case when a scaling factor f equals one. While it reduces power dissipation by 44%, 

the SRAM power penalty is considerably high. To further reduce the SRAM power 

consumption, we propose the LPL scheme to make a better compromise from the 
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observation in Figure 3.13. Although the right-hand bar increases the SDRAM power by 

4mW, the SRAM power in the right-hand bar can be greatly reduced to ( )1 88 f =∵  of 

that in the middle bar. Moreover, introduced gate count for LPL scheme is very small and 

occupies only 4% of system area. Hence, the LPL scheme further gains 11% power 

dissipation. Altogether, three-level memory hierarchy and LPL scheme achieve 51% power 

saving. To further report the power consumption in the DRAM module, Figure 3.14(b) 

exhibits the power profiling and shows that there are 14mW of access power excessively 

consumed in SDRAM. This is because motion compensation requires large read access 

times from external memory. Additionally, it should be noted that the metric of SDRAM’s 

power consumption can be further optimized through mobile DRAM [53] or other 

leading-edge DRAM designs [54]-[56]. In our simulation, we just choose a preliminary 

Synchronous DRAM to verify the power performance in a system point of view. Therefore, 

the power improvement will become more prominent when the low-power DRAM module 

can be applied. 
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Figure 3.14: (a) Power saving on memory hierarchy and (b) DRAM power profiling. 

 

3.4 Eliminating Memory Access Times 
Under an identical design specification, reduction of memory-access times leads to 

operations with lower system clock rate and voltage and thus lower power consumption. 

Based on the complexity profiling of H.264/AVC joint model (JM) software via Intel® 

VTune performance analyzer [57], both motion compensation and de-blocking filter are the 

most computation-intensive operations in H.264/AVC [58]. To lower the required working 

frequency for low-power demands, we first analyze the decoding ordering which affects the 

access efficiency in both intra and inter prediction modules. Then, we propose new 

architectures to reduce both processing cycles and memory access times in computationally 

critical modules of H.264/AVC. 

 

3.4.1 1×4 and 4×1 Decoding Ordering 

According to the decoding flow in H.264/AVC specification [6], a 4×4 sub-block is the 

smallest processing unit. To efficiently transfer 4×4 pixel data among modules, we discuss 

two strategies to organize the word-length for data transactions. One is a 4×1 row-by-row 

decoding ordering, and the other is a 1×4 column-by-column decoding ordering. Although 
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the 1×4 is similar to the 4×1 within a 4×4 sub-block, the decoding orders in a 16×16 

macroblock (MB) are widely different. Figure 3.15(a) and (b) show the 4×1 and 1×4 

decoding orderings in one MB, respectively. Compared to the 4×1 row-by-row decoding 

ordering, the 1×4 column-by-column decoding ordering provides a better data structure, 

reducing the processing cycles on intra and inter prediction modules. For example, an intra 

prediction module requires left neighboring pixels to spatially create the predicted pixels. 

These neighboring pixels can be easily fetched through the 1×4 ordering since they are 

organized in a column-wise manner. As for the inter prediction module, extra initialization 

cycles are required when the thread in Figure 3.15 makes a turn. Therefore, the access times 

are related to the frequency of turning events. The results proved that the 1×4 

column-by-column decoding ordering reuses the neighboring pixels and reduces the turning 

events, yielding the cycle reduction of 17% and 28% in intra and inter prediction modules 

respectively [59]. 
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(b) 

Figure 3.15: Different data orders in (a) 4×1 and (b) 1×4 decoding orders. 

 

3.4.2 Motion Compensation 

It is obvious that reducing the processing cycles in the motion compensation (MC) 

module can improve the system performance since it is a system bottleneck compared to 

other modules. In particular, the interpolation unit in MC is always the most 

time-consuming module. In the following, we propose a horizontal-switch approach to 

reuse the neighboring pixels for the interpolator design so as to reduce the external memory 

access times. More detailed discussion about motion compensation can be found in the 

master thesis of my junior member [139]. 

 

3.4.2.1 Horizontal-switch technique 

Interpolation unit is always the most time-consuming module in whole motion 

compensation core. A great deal of memory accesses degrade decoding throughput 

especially in the features of variable block size and quarter-pel resolution. To reduce 
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memory access times, it is necessary to increase data reuse probability for overlapped 

regions of neighboring interpolation windows. To this end, we apply a data buffer to each 

shift register for luma interpolators. Furthermore, a chroma interpolator has a similar 

behavior with a luma interpolator and both of them can be simplified into a 

multiplication-free design approach [30]. Specifically, in Figure 3.16(a)(b), a dotted line 

shows the different scan orders in one luma macroblock, and the number in each square 

represents the decoding orders defined by H.264/AVC [6]. In Figure 3.16(a), a 2×2 raster 

scan is compliant to H.264/AVC, but extra cycles for data initialization are required when 

the dotted line turns. Compared to the 2×2 raster scan, a 4×4 raster scan features less 

turning events but violates H.264/AVC standard. Since standard-limitation and 

cycle-efficiency are often at odds, an extended 2×2 raster scan has been proposed to 

improve decoding performance in Figure 3.16(c). In particular, content registers, 6×9 pixel 

buffers, attached to shift registers for the interpolator are adopted. When sub-block #1 is 

decoded, overlapped windows in the right-hand side are stored into background of pixel 

buffers. These buffers switch into foreground when decoding index moves to sub-block #3. 

Therefore, in the decoding of sub-block #4, the left overlapped window can be reused from 

the content registers instead of external memory, and the overall processing cycles can be 

reduced. Compared to the conventional design [41], the proposed motion compensation 

requires additional 6×9 pixel buffers (1% cost of MC) but saves 30% of access times. 
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(c) 

Figure 3.16: Different scan orders in motion compensation: (a) 2×2 raster scan; (b) 4×4 

raster scan; (c) extended 2x2 raster scan. 

 

3.4.2.2 Efficient Memory Interface 

Although we increase the reuse probability to reduce the access frequency to the 

external memory, the external memory interface has to cooperate with the MC to improve 

the overall access efficiency. In our design, two external frame memories are allowed for 

writing decoded data and reading reference data reciprocally at the same time. Compared 

with SRAM, SDRAM is adopted due to the cost and power issues. However, SDRAM also 

introduces the longer access latency and degrades the decoding throughput because of the 

internal pipeline architectures and 3D structure of banks, rows and column characteristics 

(see Figure 3.8). To solve the above problems, an efficient memory interface is introduced 

to overlap and re-schedule each access commands to improve the bandwidth utilization. A 

64Mb quad-bank SDRAM model adopted is Micron’s MT48LC2M32B2 [47] and Figure 

3.17 illustrates our memory interface design. This interface is composed of the bank 

controller, memory scheduler, and several read/write buffers. Each bank controller generates 
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suitable commands for read/write processes. The memory scheduler collects these 

commands then sends re-scheduled commands to external SDRAM. Read and write data 

buffers store burst data, and read/write command queues are designed to hold successive 

commands. The read and write processes are activated in a parallel fashion and switch at 

frame levels. Based on this memory interface, the experimental results exhibit that the 

processing cycles per MB for QCIF@30fps decoding range from 288 to 512 for various 

video sequences. 

 

 

Figure 3.17: A block diagram of the proposed memory controller. 

 

3.4.3 Deblocking Filter 

In addition to the motion compensation, deblocking filter should be considered in 

terms of complexity and memory accesses. In general, deblocking filter contributes about 

one-third of the computational complexity at the H.264/AVC video decoder [137]. It 

operates each filtering process on the 4×4 boundaries instead of the 8×8 boundaries in 

filters of H.263 or MPEG-4 video standards. Therefore, a large number of memory accesses 

are its penalty for the low-power portable applications. In the following, we present a hybrid 

filtering schedule to reduce the access frequency to memory modules for improving the 
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access efficiency. 

 

3.4.3.1 Hybrid Filtering Schedule 

We propose a hybrid filtering schedule to reuse the intermediate data and thereby 

eliminate the additional memory accesses when deblocking filters change the filtered edges 

from vertical to horizontal direction. It reduces one-half of processing cycles with slight 

increment of buffer cost. Figure 3.18(a) describes the filtering order where vertical edges 

are filtered first, followed by horizontal edges. Each square is sized to 4×4 pixel data. The 

number within rectangles represents the processing order in one luma macroblock. A direct 

approach may induce a drawback that intermediate data have to be stored and loaded again 

when altering the filtered directions. For example, considering the gray region, the edge #1 

will be filtered first followed by the edge #5. After that, the processing data in gray region 

cannot be reused since the distance between vertical and horizontal edges (i.e. #5 vs. #17) 

becomes longer. Therefore, the memory accesses are required in both vertical and horizontal 

directions. To cope with this problem, we propose a hybrid scheduler without affecting the 

standard-defined data dependency in Figure 3.18(b) where un-shaded numbers are carried 

out in 8×8 post-loop filters. Considering the orders in the black region to perceive a contrast, 

the black region can be reused because the orders between different directions become close. 

Therefore, the proposal prevents the data re-access for different directions and reuses the 

intermediate pixels to reduce the processing cycles. 

Though B. Sheng et al. [60] also proposed a novel schedule to reduce the processing 

cycles, this schedule requires eight 4×4 sub-blocks as the kept buffers. To reduce this buffer 

size, we partition each MB into two main parts (i.e. Deblocking Filter-MB-Upper or Lower) 

in Figure 3.19(a), and each part is composed of eight time indices to realize the filtering 

procedure in Figure 3.19(b). Each bold line represents the edge to be filtered in the 
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corresponding time index. As a result, our kept buffer size is reduced to four 4×4 sub-blocks 

where is located on shaded regions. By the same way, the proposed schedule is performed 

on the chroma MB as well. 

 

 
(a) 

 
(b) 

Figure 3.18: Filtering orders in (a) standard-defined and (b) proposed filtering schedule. 

90 



 

 

 

Figure 3.19: The (a) partitioned MB and (b) each time index for hybrid filtering schedule. 

 

To apply the hybrid filtering schedule to a dedicated hardware, a new architecture of 

deblocking filter is presented in this sub-section. Figure 3.20(a) shows the proposed design 

with block diagram and data flow representations. Specifically, deblocking filter receives 

the data from ping-pong SRAM (see Figure 3.6), extracts the neighboring pixel from slice 

SRAM and writes the filtering results into external frame buffer. A detailed illustration of 

ping-pong SRAM, slice SRAM and external memory have been made in Section 3.3. The 

shaded-arrows denote the data flow inside the de-blocking filter unit, and the black-arrows 

denote the data flow outside. The pixel buffer contains four 4×4 pixel values and is used to 

store the intermediate pixel value when applying the proposed hybrid filtering schedule. 

The detailed architecture of deblocking filters has been redrawn in Figure 3.20(b). All 

signals are 32-bit wide and possess the 1×4 row-by-row data organization. There are four 

input signals {wt_B_0, wt_B_1, wt_B_2, wt_B_3} to write the buffers with four 4×4 

sub-blocks. Further, there are three output signals {rd_B_0, rd_B_1, rd_B_2} to perform the 

edge filter and then write to the frame memory, pixel buffer or slice SRAM. By the same 
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naming rule, each data flow represents the writing/reading to/from the storage module 

including ping-pong (P-P) memory, slice SRAM, or external frame memory. Specifically, 

we use one MB with 48 edges of in-loop filter as an example to demonstrate the filtering 

behavior in Figure 3.20(b). It can be divided into two main parts: 

 Write Process is a writing mechanism through the signal {wt_Slice_0~2, wt_I/F_0~1, 

wt_B_0~3}. 

 Read Process is a reading mechanism through the signal {rd_Slice_0~1, rd_P-P_0, 

rd_B_0~2}. 

The key idea of the high-throughput architecture is that the ping-pong memory is 

exploited only for the reading processes. In Figure 3.20(b), the writing signal, wt_Slice_0, is 

activated on the edges 6, 10, 14 and 16 because the lower sub-blocks become the upper 

neighboring sub-blocks of DF-MB_L (see Figure 3.19(a)). Therefore, the wt_Slice writes 

the filtering results into slice memory for follow-up filtering processes. For the wt_EXT, it 

writes filtered data into the external memory or display interface. For instance, wt_EXT_0 

will be activated on each filtering process on horizontal edges except for the edge of 

activated signal wt_Slice_1 and wt_B_0, since wt_EXT_0, wt_Slice_1 and wt_B_0 have the 

same root-signal of q’_Pixel. On the other hand, the reading signal, rd_Slice_0, is activated 

on vertical edges while the rd_Slice_1 is valid on horizontal edges. In addition, the 

rd_P-P_0 directly feeds through the pixel buffers. In other words, P-P memory is employed 

for the reading processes, and there is no need to write the filtered results into the P-P 

memory in one direction and thereby read them in another direction. Therefore, the proposal 

exploits four 4×4 buffers to reuse the intermediate pixel and eliminate the writing accesses 

to the P-P memory. 
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Figure 3.20: The (a) block diagram and (b) architecture for the proposed deblocking filter. 

 

3.4.3.2 Cycle Analysis 

To clarify the cycle reduction of proposed hybrid filtering schedule, we formulate 

processing cycles in Eqs. (3.5) and (3.6) where C.C. means cycle counts. The overall cycles 

of deblocking filters can be considered as a combination of the pre-process, filter-process 

93 



 

and post-process. The pre-process is an initial stage which loads neighboring pixel from 

external into slice memory while the post-process is a write-back stage which writes filtered 

results from slice memory to external memory. In the filter-process, the processing cycles 

include slice or ping-pong Memory to pixel Buffers (i.e. Mslice/pp-to-Bpixel), generic 

filtering, and pixel Buffers to slice Memory (i.e. Bpixel-to-Mslice). The processing cycles 

of the generic filtering are 4×(32+16) which become a lower bound to fulfill filtering 

processes if the rest of processing cycles are zero in an ideal case. 

 

Pre-process Filter-Process Post-Process misc.

Pre-process initial Mexternal-to-Mslice

Post-Process write back Mslice-to-Mexternal

Total Cycle Counts = . . . . . . . .

. . . . . .

. . . . .

+ + +

= =

= =

C C C C C C C C

C C C C C C

C C C C C C

             (3.5) 

Filter-Process Luma Filter Chroma Filter Mslice/pp-to-Bpixel

generic Bpixel-to-Mslice generic

. . . . . . . .

. . . . ,   . . 32 4 16 4 192

= + =

+ + = × + × =

C C C C C C C C

C C C C where C C
                   (3.6) 

 

Based on the proposed hybrid filtering schedule, the overall cycles are 243 and close to 

a lower bound of processing cycles. Based on the aforementioned three-level memory 

hierarchy, the neighboring pixel can be fetched from the slice memory instead of external 

DRAM, and the filtered results are written into the external memory without going through 

the slice memory. As a result, the cycle counts of the pre-process and post-process can be 

eliminated. In the filter-process stage, the evaluated cycle counts are 148 cycles for luma 

MB and 88 cycles for chroma MB. Specifically, we take 8 cycles (DF-MB-U + DF-MB-L) 

in the Mslice/pp-to-Bpixel stage. There are 4×32 cycles required to filter horizontal and 

vertical edges in a luma MB. Moreover, we need 12 cycles (i.e. Bpixel-to-Mslice) to write 

the filtered results for the edges {16,30,32}. Overall, we need 148 (i.e. 8+4×32+12) cycles 

to accomplish filtering processes in a luma MB. By the same analysis, we need 88 (i.e. 

4+4×8+8=44 for each chroma) cycles in a chroma MB. Therefore, there are total 243 (ie. 

148+88+7) cycles with extra 7 cycles for the data hazard. The cycle overheads in the control 
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logic can be neglected since it acts as a pipelined fashion. In addition, the processing cycles 

of the post-loop filter are identical to that of the in-loop filter because they share the same 

architecture and control flows in Section 2.8.3. In conclusion, 243 cycles are close to a 

lower bound (192 cycles) by the proposed schedule. For clarity, we make a detailed 

comparison in Table 3.4. We choose single-port architecture [61] and worst case processing 

cycle [62] for a fair comparison. We don’t consider an extreme case (e.g. group of picture: 

1I+149P, skip mode occurred frequently) because all designs can eliminate the processing 

cycles on the skip mode through an extra add-on module. In sum, compared with the 

existing approaches [60]-[62], the proposed architecture saves about one-half of processing 

cycles per MB. 

 

Table 3.4: The cycle analysis of the de-blocking filter. 

Cycle Counts [61] [62]10 [60]11 Proposed

Vertical / Horizontal Separate Separate Hybrid Hybrid 

Pre-process (Initial) stage 160 N/A 64 0 

Horizontal 128 106 
Luma 

Vertical 200 106 
128 148 

Horizontal 64 74 

Filter-process 

Stage 
Chroma 

Vertical 112 74 
64 88 

Post-process (write-back) stage 160 N/A 160 0 

Misc. 54 N/A 30 7 

Total 878 360+N/A 446 243 

 

                                                 
10 We only consider the worst case and exclude the effect of mode decision for a fair comparison. 
11 Authors didn’t report the processing overheads between the internal memory and kept buffers. 
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To enhance the system performance, this VLSI solution for deblocking filter is 

designed to achieve reduced processing cycles. The proposal is implemented using a 

0.18μm CMOS process. Excluding the internal memory, the synthesized gate counts are 

21.1K which is reduced to 70% of the original design that realize in-loop or post-loop 

filtering process separately. Moreover, it achieves 4×105 MB/sec of throughput rates when 

operating at 100MHz. Finally, Table 3.5 reveals that the throughput rates of the proposed 

design are about 1.5~2.5 times larger than that of existing approaches [60]-[62]. 

 

Table 3.5: A hardware summary for the deblocking filter. 

Cycle Counts [61] [60] [62] Proposed 

Function in-loop in-loop in-loop in/post-loop 

Kept Data Size 2×4×4 

sub-blocks 

8×4×4 

sub-blocks 

2×4×4 

sub-blocks 

4×4×4 

sub-blocks 

Memory  

Organization 

1)  96×32 + 64×32 

2)  External MEM 

1) 96×32×2 + 64×32

2) External MEM 

1)  96×32 

2)  External MEM 

1)  96×32×2 

2)  2(N+12)×3212

3)  External MEM 

Processing Cycles 878 446 360+N/A 243 

Process 0.25μm 0.25μm 0.18μm 0.18μm 

Gate Counts 20.66K 24K 11.8K 21.1K (in/post)

Clock Rate 100MHz 100MHz 100MHz 100MHz 

Filtering 

Throughput13

1.6×105 MB/sec 2.2×105 MB/sec 2.6×105 MB/sec 4×105 MB/sec

 

                                                 
12 N: frame width 
13 Throughput: Macro-Block/sec = Clock Rate

Processing Cycles
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3.4.4 Performance Evaluation 

Let’s make a brief summary in terms of processing cycles in Figure 3.21. In the 

beginning, we propose several techniques to reduce the processing cycles in the MC. They 

are the 1×4 decoding ordering, horizontal-switch method, and efficient memory interface. 

Therefore, the processing cycles are reduced by 37% as compared to conventional designs. 

Next, the processing cycles on the MC module decrease, whereas the deblocking filter 

becomes the cycle bottleneck from the system point of view. To further reduce the 

processing cycles, the hybrid filtering schedule and LPL prediction methods are proposed to 

improve the memory access efficiency and a 34% of cycle reduction can be further obtained 

compared to the previous design stage. 

 

 

Figure 3.21: Processing cycle breakdown in each architectural design phase. 
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3.5 Summary 
To summarize the low-power techniques discussed in this chapter, Figure 3.22 shows 

the composition of the power consumption when the dual-video decoder runs at H.264/AVC 

mode and meets the real-time decoding requirements of QCIF@15fps. By applying 

domain-pipelined scalability (DPS), three-level memory hierarchy and LPL methods, the 

CLK and SRAM power are reduced due to optimized register and memory allocations. The 

DPS method greatly reduces the clock tree power while LPL method is exploited to keep 

the useful pixels, leading to the elimination of additional accesses to SDRAM. It greatly 

reduces the on-chip memory power due to the reduction of memory size and access 

frequency. Moreover, further reduction is obtained through the low-power architectures 

including the motion compensation and deblocking filter modules. a content-switched MC 

and hybrid-scheduled DF lower the required working frequency at a cost of slight buffer 

increment. A dedicated SDRAM interface is presented to improve the access efficiency and 

reduce the external bandwidth. Therefore, the power dissipation is dramatically reduced. As 

a result, the overall design approximately reduces power dissipation by 68% as compared to 

the conventional design approach. 
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Figure 3.22: Power reduction of proposed MPEG-2/H.264/AVC video decoder. 

 
*Note1: Power reduction of the “Low-Power MC and DF” technique is based on the 
assumption of neglecting power overhead due to cost increment. 
*Note2: Memory power reduction of “LPL” technique only addressed the memory usage in 

deblocking filter and intra prediction instead of overall memory usage of H.264/AVC. 

99 



 

 

Chapter 4  
Error-Robust Design Approach 
 
4.1 Background 

Of all modalities desirable for future mobile multimedia systems, high-quality motion 

video over a reliable transmission is the most demanding. However, the transmitted visual 

quality may suffer abruptly because the channel deteriorates due to fading, co-channel 

interference, and signal attenuations [79]. On the other hand, the compressed video is 

extremely vulnerable against transmission errors, since video coding schemes rely on 

variable length codes (VLCs) for improving coding efficiency. With VLCs, the 

channel-induced errors can have a detrimental effect on the received bit stream. This is 

because a single bit that is received in error can influence the remaining bits in the stream 

due to unchecked error propagation. This causes the VLC decoder to discard many properly 

received data bits before synchronization is re-established. To deal with the transmission 

errors over an error-prone channel, much effort has been invested to improve the 

error-robustness in the source decoding procedures, such as error-resilient [72][73] tools, 

error-detection [74]–[76] and error-concealment [76][77] algorithms. Although channel 

coding can be used for error detection and correction to reduce the impact of 

channel-induced errors, this is accomplished by adding redundant information to the data 

stream for transmission and therefore introduces overhead to the transmitted bitstream. In 

this chapter, we consider the error-robustness in the source decoding side instead of channel 

coding and focus on the error detection and concealment method for improving the 

error-robustness under the mobile environment. 
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4.2 Design Challenges 
Variable length codes (VLCs), also called Huffman codes [78] are commonly used to 

approach the entropy rate of a given data source. They are extensively used in recent image 

and video coding standards including JPEG, MPEG-1/2/4 and the new design of 

H.264/AVC. However, most of the VLC designs are highly sensitive to error disturbances 

and suffers from error propagation in the remaining VLC symbols. Hence, a robust 

transmission of VLC-based bitstream over mobile communication channels presents several 

challenging problems that remain to be resolved. One of the most important problems is that 

the success of error concealment techniques relies on the correct detection of erroneous 

macroblocks (MBs). However, conventional syntax-based error detection methods [76][80] 

may detect erroneous MBs late or even result in a failure of detection for a corrupted 

bit-stream. This is because invalid codes may not occur when the input stream is corrupted, 

and this stream may be decodable even in the presence of errors. Hence, one cannot find the 

exact location of errors or correctly detect errors within the bit-stream. On the other hand, 

error concealment is challenging as well due to both high-quality and low-complexity 

requirements. Specifically, it operates on MB boundaries and performs smoothing 

procedures to conceal the corrupted videos. In general, one may introduce two hardware 

building blocks such as deblocking filter and error concealment modules in a video 

decoding system. But, both modules include interpolating procedures to improve the visual 

quality, and they will not execute at the same time. Hence, how to integrate both 

functionalities into a single architecture without degrading visual quality is also a 

challenging task when developing our error-robust video decoder. 

Beyond the aforementioned challenges, mobile video transmission also leads to error 

propagation on the frame level due to a motion-compensated coding method. They use the 

previous encoded and reconstructed frame to predict the next frame. Therefore, the loss of 
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information in one frame has considerable impact on the quality of the subsequent frames 

and this impact will be enlarged with prevalent frame-recompression methods [81]–[87]. In 

general, a frame-recompression method is desirable for reducing the memory cost in frame 

buffers. However, existing video-compression algorithms are not suitable for this kind of 

frame recompression because their main objective is high coding efficiency rather than 

error-robustness. On the other hand, existing solutions improve the compression efficiency 

but sacrifice simplicity and low-latency advantages, and vice versa. Hence, it is of great 

challenges to consider how to make a better compromise in different performance indexes. 

 

4.2.1 System Highlights 

In this work, we highlight three key points of our proposals in this error-roust video 

decoder. One is the soft computing on the context-adaptive VLC decoder (CAVLD) for 

improving the error detection capabilities. Another is the integration between error 

concealment and deblocking filter in order to meet both low cost and high performance 

requirements. The other is a new frame-recompression method to improve both power 

awareness and error robustness. 

Figure 4.1 summarizes the soft-input video decoding system based on our previous 

work discussed in Chapters 2 and 3 of this dissertation. To deal with corrupted video 

streams and improve the subject and objective visual quality, we first introduce soft 

information based on the multi-level de-quantization process in each demodulated symbol. 

Because a soft-input stream retains the data reliability and informs the decoder about 

channel behaviors, it provides a reliable estimator to detect or localize the corrupted video. 

To apply a soft-stream into the video decoding system, a soft context-adaptive variable 

length decoder (CAVLD) has been newly designed and is capable of detecting erroneous 

positions. It notifies error concealment that whether the corrupted macroblock (MB) occurs 
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or not. Therefore, the corrupted data can be early concealed and the objective and subjective 

visual quality can be improved. On the other hand, we propose a joint architecture that 

meets the functionalities of error concealment as well as deblocking filter. We share the 

interpolating operations in both modules. As a result, this error-concealed deblocking filter 

can reduce the implementation cost with comparable PSNR performance of existing 

solutions. As for frame recompression method, an embedded compressor/de-compressor is 

exploited to compress the pixel data decoded by H.264/AVC and thereby cut the external 

DRAM power dissipation. This design features a power-aware design that can change the 

operating condition for different power requirements. Moreover, this compression method is 

aware of channel behavior by error-concealed deblocking filter. In other words, the 

compression method can change the operating procedures when the corrupted video is 

detected and concealed. Therefore, it achieves reduction of not only DRAM space but also 

computational complexity. 

 

 

Figure 4.1: Soft-input H.264/AVC decoding block diagram. 
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4.3 Soft CAVLC Decoder 

4.3.1 Soft Decoding Concept 

In most applications of variable length codes (VLCs) such as MPEG-x and H.26x 

families, decoding is carried out bit by bit, with the input to the entropy decoder assumed to 

be a sequence of “hard” bits about which no soft information is available. However, in noisy 

environments, soft information can be associated with each information bit, either by direct 

use of channel observations in the case of un-coded transmission [63], or through 

soft-output channel decoders [64] when channel coding is applied. It is intuitive that this 

soft information, if it can be exploited, can be used to correct the corrupted symbols and 

thereby improve the performance of VLC decoding. Therefore, many researchers developed 

various algorithms [63][65]–[67] to explore the possibility of using soft information. 

Specifically, these algorithms improved the estimation of transmitted VLC symbol sequence 

based on reliability (soft) values, and significant gains can be achieved over hard decisions. 

However, those designs suffer from the large computation as well as memory storage. 

Furthermore, although several reduced-complexity algorithms [68]–[71] have been 

proposed to date, they are still unpractical for VLSI implementation. To implement soft 

decoding into a hardware prototype, we translate the capabilities of soft decoding from error 

correction to detection. Although this translation degrades the decoding performance, the 

computational complexity can be greatly reduced and the detected information can be 

further passed to post-processing procedures for the purpose of error concealments. 

 

4.3.2 Soft VLC Decoding with Error Detection 

Many researchers pay lots of attention to conceal the corrupted video content, but these 

methods seem to have its limitation. They often assume that video errors have been 

correctly located; otherwise error concealment method cannot be properly applied. 
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Therefore, detecting or localizing the erroneous position is of great importance, and thereby 

becomes our major task prior to the error concealment discussed in next sub-section. In this 

work, we exploit the soft information of channel observations to detect the erroneous 

position in a macroblock (MB) level. In particular, we modify a SISO algorithm to improve 

the capabilities of error detection instead of correction. In general, the SISO decoding 

technique [71][88] is considered as an exhaustive decoding procedure to resist the error 

disturbance in a noisy channel. It estimates and searches on the tree-like path in the 

existence of additive white Gaussian noise (AWGN). However, a main drawback of this 

approach is that many states have to be kept for correcting errors. It needs a great deal of 

memory storage and computational complexity. Hence, it is inappropriate for VLSI 

implementation. To avoid the penalty of large computation, we concentrate on the error 

detection since there is no need to keep many states for correcting errors in trace-back 

procedures. We only keep present states to detect that whether this video data is correct or 

not. In the following, we show the modified SISO algorithm to improve the error detection 

capabilities. 

Before we address a general algorithm of the modified SISO, we use a graph 

representation to help the understanding of soft VLC decoding. We give a simple example 

to illustrate the behavior of soft VLC algorithm. Firstly, assume we have a simple VLC 

table with only 3 symbols {0,10,11} and a packet that includes 3 bits (and equivalently 2 

symbols) with content as ‘0 10’. After BPSK modulation, the modulated sequence is 

{-1,+1,-1}. When the packet is transmitted over the AWGN channel, the received soft 

bit-stream may become {-0.8, -0.05, -0.2} (i.e. an error occurred in the second bit). Figure 

4.2 depicts the graph representation of this example. The path metric PM(i,j) denotes the 

cumulative square difference of ith symbol and jth bit in each decoded symbol. The branch 

metric BM(i,j) is the square difference between the received soft-stream and decoded 

codewords. Moreover, the present PM is the summation of previous PM and present BM. 
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Each number inside square represents the decoded bit pointer. In Figure 4.2, we have to 

keep 9-state to trace-back and correctly decode bitstream. However, the number of states 

will increase exponentially with the increment of decoded symbols. To alleviate this 

problem, we focus on error detection instead of correcting the errors. That is, there is no 

need to keep each state for trace-back procedures. Previous PM value will be discarded and 

contributes to the present PM value. We only keep the minimal PM of survival paths as our 

detected candidate. Afterward, these PM values will be recursively updated until the end of 

one macroblock (MB). 

 

φ

φ

 
Figure 4.2: Soft VLC algorithm using graph representation. 

 

When errors occur, a key observation is that the minimal BM will increase, indicating 

the large square difference between received soft streams and decoded codewords. Figure 
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4.3 depicts the behavior of minimal BM in the 1st and 2nd macroblocks of one frame. The 

minimal BM of 1st MB is very small because the received stream is correct while the 2nd 

MB is corrupted by the channel disturbance, yielding the large BM value. In addition, to 

enlarge the erroneous magnitude for detecting errors, we exploit the summation of BM over 

one MB as a measurement of error detection. A formal statement of the detection algorithm 

follows: 

Soft Detection Algorithm: 

Storage: 
 {i, j}       ({symbol, bit} index) 
  PM(i,j), BM(i,j)    (path metric, branch metric) 

Initialization: 
 {i, j} = {0,0} , 0 < i < N, 0 < j < B; 
  PM(i,j) = 0;     BM(i,j) = 0; 

Recursion: Compute 
PM(i+1,j’) = PM(i,j) + BM(i,j);  j = j’ + code length 
Error Measurement = PM(N-1,B-1) / B; 

 

Although the PM value indicates the error behavior, each MB has different numbers of 

coded bits due to the variable length characteristics. Hence, the PM has to be translated and 

normalized by the number of coded bits. In Figure 4.3, this MB contains B bit and the 

derived PM is divided by B as Eq. (4.1) listed. The threshold THR can be determined 

through the simulation or channel behavior [75]. Hence, the detecting information 

ERR_FLAG can be used as an enable signal to activate the post-processing unit such as 

error concealment for improving visual quality. 

 

1,
_

0,

PMif THR
BERR FLAG
PMif THR
B

⎧ >⎪⎪= ⎨
⎪ <
⎪⎩

                                           (4.1) 
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Figure 4.3: Soft VLC decoding path w/t and w/o errors. 

 

4.3.3 Decoding Architecture 

Before we address the soft decoding architecture of CAVLC decoder, we explain the 

CAVLC decoding flow in a system point view. Under the condition of entropy decoder in 

H.264/AVC, the input bit-stream will not always feed through CAVLC decoder since 

sufficient processing cycles are required. Therefore, the issue and hold signal is located to 

reduce the internal buffer and improve the operation throughput. In particular, we exploit 

single-bit hold signal to indicate the bit-stream alignment instead of multi-bit code-length to 

achieve low cost implementation. In Figure 4.4(a), a data transfer is accomplished when the 

receiver doesn’t hold data input and transmitter sends issue signal for the notification in 

advanced. Hence, this handshake mechanism deals with the hold of receiver and issue of 

transmitter. This scheme is described as follows: 

 Normally, the transmitter sends an issue signal to the receiver first. A data transfer 

is completed when the transmitter disables a hold signal. 
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 However, if the issue is disabled, the receiver must hold the request and wait the 

required data. 

Instead of input register and barrel shifter, we use issue-hold signal to reduce cost and 

realize system integration more smoothly by the handshake structure. In Figure 4.4(b), 

H.264/AVC contains fix length, universal and context-adaptive VLC decoder in Extended 

profile. UVLC and CAVLC are the critical part in terms of system performance, especially 

in high bit-rate or low power video applications. The issue signal of entropy decoder will 

activate when 2×2, 4×4, 8×8 or 16×16 coefficient encounters. Further, the hold signal can 

be realized with an OR operation launched by UVLC, CAVLC, CABAC…etc. The input of 

OR operation can be connected with other modules in H.264/AVC or the entropy decoder of 

different video standards. Each modules enable hold signal when the operation module 

cannot process a great data for a specified cycles. In general, the video stream buffer is 

realized in most of video devices to support buffering process. After that, the output signal 

including syntax and residual data will validate when the valid signal ties to high. 

 

 
Figure 4.4: The (a) handshake structure and (b) entropy decoder in H.264/AVC. 
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Figure 4.5 describes the proposed soft CAVLD block diagram with embedded error 

detection capability. The gray portion indicates the modifications to support the error 

detection capability. The soft CAVLD consists of four main functional units: codeword 

partitioning unit, soft VLC decoder, error detection, and output buffer. First, a codeword 

partition method will be discussed in next sub-section and soft VLC decoder implements the 

decoding behavior discussed in the previous sub-section. We don’t apply soft decoding on 

the level and Trailing1_sign since they can be decoded through 1’s detection and fixed 

length decoder respectively. Second, error detection realizes Eq. (4.1) that extracts the PM 

value from soft decoder to decide whether this MB is corrupted or not. Third, the output 

buffer converts the data in a parallel fashion. In the following, we present two architectural 

breakthrough involved in this soft CAVLC decoder. One is the codeword partition method 

and the other is fully-parallel architecture for reducing the soft decoding complexity. 
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Figure 4.5: Soft CAVLD block diagram. 

110 



 

 

4.3.3.1 Code-Word Partitioning 

The codeword partitioning can be considered as a pre-processing module in front of 

VLC decoder. Based on the characteristics of leading-0/1 in each VLC codeword, we 

simply partition bit-stream into the coding RUN as well as DATA. In Figure 4.6(a), the 

coding RUN extracts the number of zeros or ones that it detects, and assigns the remainder 

of bit-stream as the coding DATA. We use coding DATA instead of total codeword to reduce 

the VLC decoding complexity since only coding data is needed to be uniquely decodable. 

We show a simple example in Figure 4.6(b) for the illustration of codeword 

partitioning. We assumed that the input bit-stream is ‘00000101’ and the number of 

leading-0 can be obtained easily (i.e. five). After that, we extract the remainder bit-stream 

and dispatch it to the 12-bit shifter. Furthermore, we hierarchically target the decoded 

symbol from the given nC and RUN. The 4-bit zero counter and 12-bit shifter have to be 

reset when the decoded symbols are obtained. As a result, we search the codeword in a 

small group (i.e. gray region of Figure 4.6(b)) instead of large entry such as 62 in a 

Coeff_Token coding table [1]. Therefore, based on the proposed codeword partitioning, we 

can easily decode bitstream by the partitioned coding RUN and DATA and thereby reduce 

the complexity in the module of VLC decoder. 

 

 
(a) 
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(b) 

Figure 4.6: The (a) codeword partitioning and (b) partial Coeff_Token coding table [1]. 

 

4.3.3.2 Fully-Parallel Design 

To meet the real-time transmission over an error-prone environment, we exploit a fully 

parallel architecture to improve the decoding throughput. Figure 4.7(a) shows the soft VLC 

decoding block diagram. Specifically, each BM unit simultaneously calculates the square 

difference between received soft streams and decoded codewords. It is performed in a 

parallel fashion without cycle penalties. After that, the compare unit (CMP) searches the 

minimal BM as the detected candidate. The minimal BM is accumulated in each clock cycle 

and thereby stored into PM registers. When the decoding index reaches the end of MB, the 

PM value is sent into error detection block to judge whether this MB is correct. As for the 

BM unit, Figure 4.7(b) describes the BM unit in case of a decoded codeword {000101}. The 

BM unit calculates the square difference between received 16-level soft streams and 

decoded code-words. Hence, it executes the subtraction, multiplication, addition, and 

constant division to obtain the BM value. 

Although the hardware complexity of soft CAVLD is considerably high, this is the first 
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trial to realize the soft decoding using hardware building blocks [89]. It is synthesized using 

0.18μm Artisan cell library by Synopsys Design Compiler. Under the timing constraint of 

20ns, the synthesized gate counts approximately reach 80k. In the future, this area penalty 

can be greatly reduced by compromising the area and processing cycles or merging the 

identical codewords to reduce the number of BM units. 

 

 
(a) 

 
(b) 

Figure 4.7: (a) Soft VLC decoder block diagram and (b) associated BM architecture. 
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4.3.4 Performance Evaluation 

In Figure 4.8, we verify the proposed soft CAVLD coupled with error detection 

capability over the AWGN channel using BPSK modulation. First, the input sequence is 

encoded by H.264/AVC Extended profile with a data partition. In the data partition mode, 

we have assumed that the texture part, composed of a sequence of VLC code-words, is 

corrupted by AWGN. The other parts are of error-free due to the protection of channel 

coding. This assumption can be achieved by exploiting the unequal error protection (UEP) 

and rate-compatible punctured convolutional codes (RCPC codes [90]). Furthermore, the 

coded stream is transmitted via BPSK modulation. In the BPSK modulation, the modulated 

symbol is either +1 or -1. After the channel corruption, the demodulated signal will become 

0 or 1 in the hard decision scheme. But, if we exploit the quantizer to implement the soft 

decision method, the demodulated symbol will range from 0 to 2q-1 [138]. The bit number q 

is used to quantize the symbol and determined by channel and application. After the channel 

deterioration, the corrupted stream is determined by the number of de-quantization levels 

(hard: 2-level; soft: N-level). Hence, we use the soft output of quantizer as our input 

bit-stream of soft CAVLD. The soft CAVLD can overlook the bit-errors from the quantizer 

of physical layers since we assumed that an UDP-Lite protocol [91] is applied to our 

simulation model. Specifically, we partition all of data transaction into the 5 layers of OSI 

(Open System Interconnection) model in Figure 4.9. In the wireless network or mobile 

transmission, we assume that UDP-Lite of transport layer and UEP of link layer are 

provided. Further, we exploit the soft bit-stream after the N-level quantizer and overlook the 

soft bit-error of physical layer into the application layer. Based on the above statements, we 

are going to evaluate the proposed design on the H.264/UDP-Lite/UEP/AWGN in the next 

paragraph. 
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Data Partition {A,B}

Data Partition {C}

*Overlooking bit-error in the  application layer   

Figure 4.8: The overall simulation environment of the soft detection over H.264/AVC. 

 

Contents OSI Layers
Application – MPEG Application Layer

Transport – UDP or UDP-Lite Transport Layer
Network – IP Network Layer

UEP – RCPC Codes Link Layer
Soft Information Physical Layer

Figure 4.9: Overlooking bit errors in the application layer. 

 

The simulation results exhibit that the errors can be early detected through the 

proposed soft decoding algorithm. On the other hand, the errors can be detected by the 

abnormal syntax parsing or unknown codewords. It has been named as hard detection [80] 

in this dissertation. To clarify the performance between hard and soft detection, we consider 

the first I-frame of foreman with QCIF resolution (i.e. 99 MBs) as a test benchmark. Figure 

4.10 shows the path metric over bits (i.e. PM/B) in terms of MB index. According to Eq. 

(4.1), large PM/B indicates that errors may occur in this MB, resulting in large PM/B values. 

In Figure 4.10, there is a peak in MB #83. In other words, we declare that the following 
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MBs (including MB #83) are corrupted due to the error propagations. However, the detected 

index is 94 (>83) through the hard detection. That is, the duration between MB #83 and #93 

are neglected and cannot be concealed by post-processing units. Due to the improvement on 

error detection, the associated decoded visual quality has been shown in Table 4.1. We 

assumed that simple error concealment is applied and it will be activated when the detection 

algorithm notices that errors occur. The Table 4.1 shows that more than 1dB of PSNR 

improvement can be gained when the BER and THR equals 2.7×10-3 and 18, respectively. 

To quantify the performance of error detection, we exploit a metric of the error 

distance that indicates the distance between the exact error-position and detected one. Table 

4.2 shows the error distance of three different video sequences under 10-3 and 10-4 of BERs. 

The proposed soft detection has the small distance in average. That is, it can early detect the 

corrupted MBs as compared to hard detection [80]. Hence, these MBs can be concealed 

from neighboring pixels before displaying on monitors. 
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Figure 4.10: A histogram of PM/B in terms of macroblocks (MB). 

 

116 



 

Table 4.1: Subjective and objective visual comparison. 

AWGN+BPSK (BER=2.7×10-3, THR=18) 

 Hard detection [80] + EC Proposed + EC 

Subjective 

Quality 

Objective 

PSNR 
23.93dB 25.34dB 

 

Table 4.2: Performance measurement of detection capabilities. 

Error Distance (unit: average no. of MBs) 

QCIF, all I frames Hard detection [80] Proposed [89]

Foreman 7.1 3.5 

Suzie 14.6 4.8 BER=10-3 

Akiyo 13.7 3.3 

Foreman 10.4 7.6 

Suzie 12.8 7.5 BER=10-4 

Akiyo 12.5 3.2 

 

4.4 Error-Concealed Deblocking Filter 

4.4.1 Design Background 

As mentioned in Chapter 4.2, the problem of lost data in block-coded images due to 

imperfect communication channels needs to be solved. Error concealment (EC) intends to 
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ameliorate the impact of channel impairments by utilizing neighboring information in order 

to provide subjectively acceptable restoration of damaged picture regions. Specifically, the 

EC scheme attempts to recover the corrupted macroblocks (MBs) by exploiting pixel data 

from spatially [93]–[95] or temporally [96]–[98] adjacent blocks. The temporal schemes 

conceal the corrupted MBs by exploiting the data in the adjacent frames while spatial 

schemes hide the corrupted regions by the neighboring pixels in the current decoded frame. 

In general, a successful spatial interpolation is necessary for hiding the effect of missing 

blocks in still images and video frames. Temporal interpolation, or replenishment, by itself 

is not always adequate for concealing errors in video sequences. This is especially true for 

video sequences with irregular motion, abrupt scene changes, and intra-coded image frames. 

To the viewer, a poor spatial concealment of erroneous regions leads to the error 

propagation in the subsequent frames. Hence, compared to temporal EC, spatial EC is of 

great importance and challenges. Thereafter, we focus on the spatial EC for concealing 

corrupted region of image frames. 

Using a deblocking filter for improving visual quality [92] is more or less helpful in 

the block-based video transmission over an error-prone environment. The reason is that the 

functionalities of deblocking filters are similar to that of spatial error concealment since 

both modules smooth the block boundaries by a pre-defined interpolating procedure. In 

particular, the error concealment will be disabled when the bit-streams are of error-free. On 

the contrary, the deblocking filter can be turned off when the error has been detected from 

soft CAVLC decoder. Therein, deblocking filter can be replaced with error concealment 

module for improving visual quality. In other words, both deblocking filter and error 

concealment will not activate simultaneously. Hence, the goal of our proposal is to realize 

an area-efficient design to combine both deblocking filter and error concealment. In the 

following, we develop a new error concealment method which can be easily integrated into 

deblocking filter of H.264/AVC. 
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4.4.2 Error-Concealed Deblocking Filter (ECDF) 

To improve the hardware utilization between deblocking filter and error concealment, 

we develop an error-concealed deblocking filter (ECDF) in our error-robust video decoder. 

The detailed block diagram is depicted in Figure 4.11 which consists of three main 

components as depicted in shaded regions. The detected information, the output of soft 

CAVLD, plays a key role to switch the functionality and decides that ECDF is operated on 

either error concealment or deblocking filter mode. Moreover, edge detection, replacement, 

and smoothing procedures can be considered as add-on modules for changing the operating 

process when encountering erroneous pixels. Edge detection fetches the neighboring and 

decoded pixels from slice memory and pixel buffers respectively to predict the edge 

characteristics. Replacement receives the edge information and determines the replaced 

pixel. A concealed strength module determines the filtering strength and replaces the bS 

defined in H.264/AVC [1]. In the following, we will address each module in details. 

 

 
Figure 4.11: The block diagram of the proposed ECDF. 
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4.4.2.1 Edge Detection 

In general, a directional interpolation (DI) [95] is an important process to spatial error 

concealments. One important step for use of directional interpolation is to correctly find the 

edge trend that goes through the distorted area. To this end, Sobel [107] edge detector has 

been chosen due to its circularity property, which gives more accurate angle estimates over 

the standard gradient operator. More accurate but computationally cumbersome operators, 

such as the canny edge detector [108], cannot be used because of real-time and VLSI 

implementation constraints. Here, Sobel mask is shown in Eqs. (4.4)-(4.6) and used to 

determine the magnitude of gradient |G| and edge slope of existing edge in the neighboring 

4×4 sub-blocks. Sx and Sy indicate the Sobel operator in horizontal and vertical directions 

while F represents a 3×3 pixel mask in one frame. After that, we use the information of 

gradient to predict the edge trends of corrupted 4×4 sub-blocks. 
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4.4.2.2 Replacement 

Based on the aforementioned edge information, we rank it as four different kinds of 

edge degrees: 0o, 45o, 90o, and 135o. These degrees determine the corrupted pixels which 

are replaced by neighboring ones. Figure 4.12 depicts the replacement of corrupted pixels in 

the gray regions. Because the corrupted pixels have been detected by soft CAVLD, we first 

replace it with neighboring pixels based on the received edge information. Then, the 
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replaced pixels feed into the edge filter to smooth the block boundary and improve the 

visual quality. 
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                (c)                             (d) 

Figure 4.12: Four kinds of replacing modes: (a) 90o, (b) 0o, (c) 45o, (d) 135o. 

 

4.4.2.3 Concealed Strength 

When encountering erroneous pixels, the boundary strength is fixed at strong mode 

prior to the 1-D edge filter. We name the boundary strength of erroneous data as concealed 

strength. As we know, boundary strength (i.e. bS) defines the filtering strength and impacts 

the number of filtering taps. There are two filtering modes defined in H.264/AVC: strong 

and weak modes. In particular, an edge filter in strong and weak mode relates to six and 

four pixels of each 4x4 sub-block boundary, respectively. In other words, edge filter in 

strong mode obtain better smoothing results due to large number of filtering taps. Therefore, 

we let the boundary strength (bS) as a strong mode when the soft CAVLC decoder found 

that the decoded pixels is corrupted. 
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4.4.3 Performance Evaluations 

We verify the proposed ECDF over the JM9.8 simulated platform with flexible 

macroblock ordering (FMO) modes. FMO modifies the way how pictures are partitioned 

into slices and macroblocks by utilizing the concept of slice groups. Each slice group is a 

set of macroblocks defined by a macroblock to slice group map, which is specified by the 

content of the picture parameter set and some information from slice headers. Figure 4.13 

depicts the corrupted frame using FMO with a checker-board type of mapping. By FMO, a 

post-processing unit, error concealment, can easily improve the visual quality through the 

neighboring pixels.  

 

Figure 4.13: A corrupted frame when using FMO with checker-board type. 

 

In Figure 4.14, we consider a “foreman” test sequence with CIF resolution and QP=28 

in order to perceive the contrast between traditional bilinear interpolation (BI) and the 

proposed ECDF. Simulation results show that the proposed ECDF additionally gains 1.34dB 

against the BI method. Moreover, the ECDF shares the pixel buffers and edge filter in 

Figure 4.11. Under a 100MHz of working frequency in 0.18μm CMOS process, the 

synthesized gate counts are reduced to 22.74K which is about 70% of original design 

without exploiting any resource sharing. Overall, the ECDF is not only compatible to 

prevalent deblocking filter defined by H.264/AVC but also achieves low cost 
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implementation with comparable PSNR performance. 

 

 

(a)                              (b) 

Figure 4.14: Subjective quality comparison between the (a) proposed algorithm and (b) BI. 

 

4.5 Embedded Compressor/De-compressor 

4.5.1 Literature Reviews 

Recently, with continuing increases in high-quality video playback requirements, the 

increased memory capacity becomes a primary penalty in the design of mobile multimedia 

system. The memory stores image frame and is usually implemented by DRAM. However, 

the introduced memory power consumption is so high that many researchers [81]–[87] pay 

much attention on the compressor and de-compressor for reducing memory capacity as well 

as power dissipation. In terms of characteristics, these compressors can be divided into two 

classes: on-the-fly [81]–[83] and embedded [84]–[87] compression. The on-the-fly 

compression can be considered as a post processing unit and the embedded compression is 

involved in a typical video coding/decoding flow. In this sub-section, we aim at an 

embedded compression design that is heavily involved in the H.264/AVC video decoding 

system. Although an existing design [86] has realized an embedded compression for 

H.264/AVC, it introduces two problems in practical implementation. First, it exploits a 
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complex CAVLC and intra compensation to share the resource, leading to high complexity 

and the problem of the hardware scheduling. Second, a highly compressed bitstream stored 

in frame buffers suffers an addressing problem when the modules require the reference 

macroblock in frame buffers under a given decoding index and motion vector. Moreover 

this highly-compressed data will adversely impact the quality when channel deteriorates. On 

the other hand, in terms of compressed algorithm, the aforementioned techniques can be 

partitioned into two groups again: lossy and lossless compression. The performance of 

lossless compression is limited while lossy compression achieves higher compression ratio 

but leads to quality degradation due to the error propagation (i.e. drift effect [84]). However, 

Bourge et al. [100] present a re-compression method with graceful quality degradation by 

measuring a metric of JND (Just Noticeable Difference [101]). The ideal JND provides each 

signal being represented with a threshold level of error visibility, below which 

reconstruction errors are rendered imperceptible. Although a graceful degradation is tolerant 

for the end-users by JND, it is still hard to convince all viewers of this quality acceptability. 

Hence, to optimize the performance between lossy and lossless methods, a recent research 

[87] proposed a multi-mode compression method by adopting a set-partitioning in 

hierarchical trees (SPIHT [102]) algorithm to support both lossy and lossless compression. 

Because a SPIHT algorithm features to simply reach lossy/lossless compression, fixed 

compression ratio, rate and quality control, it has been adopted for a purpose of frame 

re-compression. However, the challenge of this algorithm is the numerous memory cost and 

computational power. Although [87] presented an efficient architecture, it cannot reach 

high-definition real-time compression/decompression due to the extensive processing 

cycles. 

Until now, we first review the existing methods due to a great diversity of existing 

algorithms. In the following, we focus on the embedded compression to support both lossy 

and lossless features in order to highlight our contributions. The goal of this design is to 
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implement low-complexity VLSI architecture for reducing DRAM capacity. Moreover, it 

provides a power-aware [99] feature which scales DRAM power consumption in response 

to changing operating conditions. As a result, it adaptively modifies the compression 

behavior to balance the performance between compression ratio and battery lifetimes. To 

meet the design goal of this chapter, this design further considers the channel behavior when 

compressing frame pixels. That is, it is robust to channel disturbance by the received pixels 

and detected information via the aforementioned ECDF and soft CAVLC decoder 

respectively. 

 

4.5.2 Power-Aware and Error-Robust Features 

Figure 4.15 depicts the block diagram of the proposed compressor/de-compressor 

embedded in H.264/AVC video decoding system. Two 4MB synchronous DRAM (SDRAM) 

modules are exploited for writing decoded data and reading reference data reciprocally at 

the same time. To cut the frequency of data transaction between internal modules and 

external SDRAM, a compressor receives filtered pixels and thereby encodes them into a 

reduced form. A de-compressor fetches the compressed data from SDRAM and performs 

decoding procedures to reconstruct the pixels for motion compensation. Moreover, to 

enhance the power-awareness on SDRAM modules, the host processor notifies the 

compressor/de-compressor to change the power modes when the battery monitor unit 

detects the voltage drop of battery. Specifically, we adopt a truncation and insertion scheme 

to the least significant bit of frame pixels for changing the compression ratio according to 

the battery lifetime. On the other hand, the proposed compression receives the erroneous 

information from the soft CAVLD or ECDF for reducing the compressed complexity. In 

particular, this information notifies the compressor of the error occurrence. After that, 

erroneous skipping method skips erroneous portion of a frame to reduce the computational 
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complexity while erroneous padding method inserts the neighboring pixel to reconstruct the 

concealed data. In sum, the proposal not only reduces the external memory space 

requirement but also adapts the memory power consumption to battery status and eliminates 

the computation in the presence of errors within one frame. 

 

 
Figure 4.15: System block diagram of compressor/de-compressor. 

 

4.5.2.1 Power Awareness by Least Significant Bit (LSB) 

Truncation/Insertion 

We adopt a simple LSB substitution [103] to not only support lossy/lossless features 

but also achieve power awareness in the frame re-compression design. In general, the frame 

re-compression techniques can be divided into lossy and lossless methods. A lossy 
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compression greatly improves the performance but sacrifices the visual quality while a 

lossless compression retains the image quality but the performance improvement may be 

very mild. Hence, the contradiction exists between the compression ratio (bits/pixel) and 

visual quality. To make a better compromise, we choose an LSB truncation scheme to 

support both lossless and lossy compression. Specifically, the number of truncated LSB (i.e. 

variable k in Table 4.3) adversely impacts the image quality. Lossless compression can be 

considered as a special case when k is fixed at zero. In Table 4.3, Chan et al. [103] 

summarized the performance degradation in the worst case. Note that these WPSNR are 

different from traditional PSNR metric which is measured by comparing the truncated 

frames with original raw frames. Here, WPSNR considered the worst case based on the 

equation in the 1st row of Table 4.3. Therefore, the quality degradation is not less than that 

in the worst case. 

 

Table 4.3: WPSNR for LSB truncation [103]. 

( ) ( )
2

10
25510 log
2 1worst k

PSNR dB= ×
−

 

k 1 2 3 4 5 

WPSNR (dB)14 48.13 38.59 31.23 24.61 18.3 

bits/pixel 7-bpp 6-bpp 5-bpp 4-bpp 3-bpp 

 

In addition to the lossy/lossless features, the LSB truncation scheme also adapts 

compression ratio (bits/pixel or bpp) in Table 4.3, resulting in scalable data bandwidth as 

well as DRAM power consumption when power requirements change. It is advantageous to 

implement compressor/de-compressor with DRAM power scalability through the variable 

                                                 
14 WPSNR: PSNR in the worst case 
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number of truncated bit plane (i.e. variable k). Hence, considering an H.264/AVC decoded 

video, our design provides memory power-awareness and scales memory power through 

variable k for graceful quality degradation. On the other hand, because the truncated errors 

propagate into subsequent frames through motion compensation, we exploit a post-upgrade 

equation to alleviate the quality degradation, where Eqs. (4.2) and (4.3) represent truncation 

and insertion procedures in compressor and de-compressor respectively. In Eq. (4.2), the 

pixel A is defined as filtered raw pixels while pixel a2 represents the truncated pixel written 

into SDRAM. Considering the k-bit LSB truncation case, if the truncated errors (i.e. A % 2k) 

are larger than one half of 2k, the pixel A rounds the kth bit in order to decrease the 

truncation errors. In the de-compression side of Eq. (4.3), we insert k zeros into the LSB of 

a2. The detailed results of truncation errors will be reported in Chapter 4.5.5. 
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4.5.2.2 Error Robustness by Erroneous Skipping/Padding 

We employ an erroneous skipping/padding technique to cope with the corrupted frame 

in the compression/de-compression module. Figure 4.16 demonstrates the behavior of the 

erroneous skipping/padding methods. Considering a corrupted frame in Figure 4.16(a), 

errors occur in MB index k and propagate into the following MBs of this frame. We 

assumed that the erroneous position has been correctly detected by soft CAVLC decoder in 

MB levels. Therefore, there is no need to re-compress the corrupted pixels in the 

compression side. The compressor skips corrupted data for reducing the complexity in the 

presence of errors as Figure 4.16(b) illustrates. Moreover, to correctly re-construct the pixel 

128 



 

data in the de-compression side, we additionally write the skip information into buffers. On 

the other hand, the compressed data are read from external SDRAM and thereby dispatched 

into de-compressor or pixel padding according to the skip information. Figure 4.16(c) 

depicts the de-compression behavior. The pixel padding module references the concealed 

algorithm in ECDF and reconstructs the skipped pixel from SDRAM. Both compressor and 

de-compressor are performed in MB levels for further system integration. 

 

 
(a) 

 

                   (b)                                 (c) 

Figure 4.16: (a) a corrupted frame and error-robust (b) compressor and (c) de-compressor. 
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4.5.3 New Compressor/De-compressor for H.264/AVC 

The objective of this design is to compress the pixel data for reducing external memory 

space based on the visual, intra-pixel, and coding redundancy. First, in the visual 

redundancy, we adopt the LSB truncation in each bit-plane of pixels. Because there are 

different contributions to total image appearance, only higher order bits contain visually 

significant data and the other bit planes contribute the more subtle details. This idea is 

presented for power-awareness in Chapter 4.5.2.1 and widely used for image watermarking 

and data hiding [103] applications. Therefore, it not only features power awareness but also 

reduces the visual redundancy. Second, the intra-pixel redundancy exploits the spatial 

locality and is implemented by differential pulse coded modulation (DPCM). Third, a 

truncated Huffman table is applied to remove the coding redundancy. Overall, the detailed 

block diagrams of the proposed compressor/de-compressor have been re-drawn in Figure 

4.17 and the associated illustrations have been made in the following sub-sections. 

 

 

(a) 
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(b) 

Figure 4.17: Proposed (a) compressor and (b) de-compressor. 

 

4.5.3.1 DPCM and Scanning Pattern Control 

A simple and well-known method for redundancy reduction was to predict the pixel 

values based on the values previously coded, and code the prediction error. This method is 

called differential pulse code modulation (DPCM). In general, best predictors are those 

from the neighboring pixels. It is of upmost importance with respect to how to determine 

the predictors. In this design, we propose a scanning pattern control technique to create a 

better predictor based on intra prediction modes. In H.264/AVC, there are 9 and 4 intra 4×4 

and 16×16 prediction modes respectively. In Table 4.4, we translate all prediction modes 

into two classes: horizontal and vertical scanning pattern for simplicity. The predictor of 

horizontal scanning pattern comes from the left neighboring pixels while the vertical 

scanning pattern predicts the current pixel based on upper neighboring pixels. The detailed 

block diagram of prediction method is depicted in Figure 4.18. To guarantee the equivalence 

between compressor and de-compressor, we need an additional buffer with 3.1Kb to keep 

the scanning control of one frame. Therefore, the scanning control not only comes from the 
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Table 4.4 for data compression but also writes into SRAM storage for subsequent frame 

de-compressions. 

 

Table 4.4: Horizontal and vertical scanning patterns. 

Prediction types Prediction modes Scanning Ctrl 

Intra 4×4 
Horizontal, Horizontal-down, 

Horizontal-up 

Intra 16×16 Horizontal 

Horizontal 

Intra 4×4 

Vertical, DC, diagonal down-left, 

diagonal down-right, vertical-right, 

vertical-left 

Intra 16×16 Vertical, DC, plane 

Vertical 

 

 

Figure 4.18: The horizontal and vertical scanning control. 
132 



 

 

4.5.3.2 Truncated Huffman Tables 

Although an arithmetic coding is the best-known lossless coding method, it requires 

expensive iterative coding and decoding procedures and consumes large computing power.  

On the other hand, because the Huffman code may result in a long codeword and 

computationally-intensive coding and decoding, we adopt truncated Huffman code to 

translate the differential pixel into a specified codeword for a low-complexity design 

approach. The truncated Huffman table is listed in Table 4.5. Specifically, the raw pixel 

ranges from 0 to 255 while the ranges of differential pixels are -255~255. To suppress the 

data range and reduce the number of codewords, we apply LSB truncation variable k as 2 

without great loss of generality. Hence, the range of differential values becomes -63~63. As 

for different k, this coded table can also be generated by training numerous video sequences. 

 

Table 4.5: Truncated Huffman tables. 

Differential values Code-word Code-length 

0 0 1 

-1,+1 11x0 3 

-3,-2,+2,+3 101x0x1 5 

-11,…,-4,+4,…,+11 1001x0x1x2x3 8 

-63,…,-12,+12,…,+63 1000x0x1x2x3x4x5x6 11 

 

After receiving the codewords from the truncated Huffman table, we apply a data 

packing to send the packed results into a data word-line on SDRAM. Figure 4.19(a) depicts 

the SDRAM organization and each word-length is of size 25-bit where first 1-bit is a TAG 

signal and the following 24-bit means pixel payloads. We assume LSB truncation k equals 2 
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and each un-compressed pixel is of size 6-bit. The 1-bit TAG indicates whether the 

following payloads have been compressed or not. Figure 4.19(b) shows three kinds of data 

formats in one 4×4 sub-block. One is four 4-pixels without compression (i.e. 8-bpp) and 

another is two 8-pixels with compression (i.e. 3-bpp). The other is two 4-pixels and one 

8-pixel with partial compression (i.e. 4.5-bpp). In Figure 4.19(b), TAGi means the TAG 

signal in the ith entry of SDRAM. We first collect four successive TAGs, and thereby pack 

and send these streams into SDRAM. In the de-compressor side, the four successive TAG 

signals received can be used to unpack the compressed data into the raw pixel data. 

 

 

              (a)                                        (b) 

Figure 4.19: (a) SDRAM organization and (b) data packing in 4x4 pixels. 

 

4.5.4 Virtual-to-Physical Address Mapping Technique 

Because the motion compensation module requires the reference pixel values in 

SDRAM based on a given decoding index and motion vector, a highly compressed pixel is 

difficult for data addressing from SDRAM [100]. To facilitate the SDRAM data addressing, 

we propose a virtual-to-physical address mapping technique in Figure 4.20. The address 
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calculation computes the base address under a given virtual address. However, because we 

store the pixel data into SDRAM in a compressed way, the calculated address will not be 

equal to the real one. Therefore, we need a translation buffer to look-up the offset address 

for indicating each physical address on a macro-block level. 

 

 

Figure 4.20: A virtual to physical address mapping. 

 

4.5.5 Performance Evaluation 

Although the truncated LSB k greatly impacts the visual quality, we can use 

post-upgrade equation to improve the visual quality. Figure 4.21 shows the performance 

degradation with and without exploiting post-upgrade method. In the simulated conditions 

on H.264/AVC main profile, QCIF, mother & daughter sequence, and 15 INTRA PERIOD, 

the post-upgrade method averagely achieves 4dB of PSNR improvement compared to the 

preliminary design without exploiting the post-upgrade method. Moreover, a detailed 

comparison with other leading edge approaches, such as Golomb-Rice [84], ADPCM [104], 

and DCT-cut [105] based compression, can be made for the further research. 

We exploit a metric (bits per pixels, a.k.a. bpp) to analyze the compressed performance. 

Note that we provide several design alternatives via the variable k. In addition to the lossless 

performance (i.e. k=0), we choose k (i.e. number of truncated bits) as 2 without great loss of 
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generality and use JM8.2 as our simulated platform. Finally, the detailed results are listed in 

Table 4.6. The proposed compressor/de-compressor simply exploits the DPCM and 

table-look-up method. It achieves 3.87-bpp at most when decoding the “Suzie” sequences 

with QCIF resolution, 100 frames, 15fps, 15 INTRA PERIOD and 2-bit LSB truncation. 

From the subjective point of view, we capture the 55th frame to give a comparison in Table 

4.7. 
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Figure 4.21: Objective visual quality for post-upgrade equation. 

 

Table 4.6: Compression performance for various sequences. 

H.264/AVC Main Profile, QCIF, QP=28, 15fps, Intra period = 15 

Sequence Foreman Mother & Daughter Suzie Akiyo 

PSNR 35.98 36.76 37.42 37.78 
k = 0 

bpp 6.51 6.25 5.87 5.96 

PSNR 34.14 35.44 35.52 36.73 
k = 2 

bpp 4.51 4.25 3.87 3.96 
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Table 4.7: The subjective quality comparison. 

Suzie 

sequence 
w/o compression 

compressed  

with k = 0 

compressed 

with k = 2 

55th frame 

 

bpp 8-bpp 5.87-bpp 3.87-bpp 

PSNR 37.42dB 37.42dB 35.52dB 

 

Table 4.8: Hardware Summary. 

Item Specification 

Function Compressor De-compressor 

Process 0.18μm 

Working Frequency 100MHz 

Internal Memory Size 3.1Kb 

Gate Counts 7.4K 6.7K 

Processing Cycles/4×4 4-6 cycles ~ 8 cycles 

k = 0 16.14mW @ 5.87bpp, 37.42dB SDRAM 

Power k = 2 10.64mW @ 3.87bpp, 35.52dB 

 

Table 4.8 shows the hardware summary of the proposed compressor/de-compressor. 

After synthesizing based on UMC 0.18μm CMOS technology, the total gate counts are 

14.1K excluding the memory. Additionally, the processing cycles are less than 8 on both 

compressor and de-compressor. Therefore, it achieves both low complexity as well as 

latency requirements. In addition to the data reduction through compressor/de-compressor, 
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the proposed LSB truncation scheme can be considered as a power-aware unit that can 

change the compression behavior to meet the battery lifetime requirements. In general, 

compressed data will reduce the memory capacity, bandwidth and hence power 

consumption. In Eq. (4.4), the SDRAM bus bandwidth can be deduced through the bits
pixel

 

(i.e. bpp). Moreover, different bandwidth requirements also impact the memory power 

consumption. Therefore, the reduction of compressed data can lower the associated DRAM 

power requirements. We choose CAS latency = 2, BL = 1, tCK = 7ns as our SDRAM model 

configuration [47]. Specifically, we adopt the system-power calculator [52] as an off-chip 

power model and use “Suzie” (QCIF) as our test sequence and encode it at 150kbps and 

15fps for mobile applications. Table 4.8 exhibits that the power consumption on SDRAM 

ranges from 10.64mW to 16.14mW. The corresponding compression ratio and visual quality 

are shown as well. That is, this design can modify its compression behavior based on the 

current power availability for providing power-awareness features. 

 

bitsbandwidth frame width frame height frame rate
pixel

= × × ×                    (4.4) 

 

Compared to the SPIHT-based compression method [87], the proposal achieves low 

complexity as well as processing cycles with comparable compressed performance. Table 

4.9 exhibits the detailed comparison in terms of compression ratio as well as complexity. 

Although [87] achieves higher compression ratio and lesser PSNR drop, it’s computational 

complexity in terms of cost and processing time is considerable. We propose a 

DPCM-based compression method to reduce the DRAM capacity without extensively 

adding cost overhead in a system point of view. The proposal simply use DPCM and 

Huffman table to reduce the processing cycles in the compression and de-compression sides. 

Moreover, it adapts the DRAM power by changing the number of truncated LSB. Hence, 
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we present low-complexity VLSI architecture to compress the pixel data for cutting the 

memory capacity and bandwidth requirements. Although the compression ratio in 

DPCM-based approach is less than [87], a further research can be studied for making a 

compromise between compressed ratio and computational complexity.  

 

Table 4.9: Performance comparison. 

Item Proposed Cheng et al. [87]

Compressed Algorithm DPCM-based SPIHT-based 

Lossless/Lossy Supported Supported 

Compression Ratio 
3.87~6.51bpp 

(Variable) 

2bpp and 4bpp 

(Fixed) 

PSNR Drop (cf. Foreman) 
1.84dB/4.51bpp 

(H.264 QP=28) 

0dB/4bpp and 1.1dB/2bpp

(MPEG-4, QP=15) 

Process 0.18μm 0.18μm 

Internal Memory Size 3.1Kb 10.24Kb 

Gate Counts 14.1K 26.93K 

Working Frequency 100MHz 30MHz 

Encode 0.8μs Processing 

Time per MB Decode 1.28μs 
18μs 

 

 

4.6 Summary 
Many transmission channels cause severe challenges for streaming or broadcasting 

video due to bit errors or packet loss. To combating transmission errors, this chapter 

thoroughly addresses three techniques for improving visual quality and power awareness. 
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First of all, we point out the importance of error detection. Specifically, inaccurate 

detections lead to poor performance in error concealment module. We propose a novel 

CAVLC decoder with soft computing method. In particular, we introduce the soft-decision 

information to localize the erroneous position at macroblock (MB) levels. This method 

compares and selects the minimal square difference between the received soft streams and 

decoded codewords. The corrupted MBs can be early detected and thereby concealed from 

neighboring pixels. After presenting the soft CAVLC decoder with error detection 

capabilities, we further introduce a simple error concealment which is tightly combined into 

the deblocking filter module. The key idea is that both error concealment and deblocking 

filter will not be activated at the same time. Hence, we develop an error-concealed 

deblocking filter (ECDF) to improve both hardware utilization and visual quality. On the 

other hand, we develop a frame re-compression method to cut the bus bandwidth and 

DRAM capacity. Specifically, we simply use DPCM and table-look-up method to improve 

the compression ratio. We exploit H.264/AVC’s intra prediction modes to find a better 

predictor. Additionally, this compression technique not only considers the power awareness 

but also error robustness features for a robust transmission of video data. To summarize, the 

aforementioned techniques not only improve the error-robustness of this video decoder but 

also feature simple architectures for further VLSI integration. 
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Chapter 5  
Implementation Results 
 

Based on aforementioned techniques, this chapter summarizes the implementation 

results from a low-power perspective. Although we also discuss integration and error-robust 

issues on a video decoder, low power dissipation is more crucial to the design of mobile or 

handheld devices. To obtain a real metric of power, we thoroughly exhibit measured power 

dissipation to highlight the design breakthroughs on algorithmic and architectural levels. 

Specifically, we first describe a design methodology of this IC, including front/back-end 

design flow and verification. After that, this IC is fabricated using 0.18μm CMOS process 

and measured via a VLSI tester. Moreover, measured results and power comparison have 

been shown in order to prove that this IC is very suitable for mobile applications where 

conservative power requirements are essential. 

 

5.1 Design Flow 
A design flow that enables an efficient design for low-power demands is depicted in 

Figure 5.1(a), with entry of C-Language model, Verilog RTL-level descriptions and FPGA 

verification, then synthesizing and routing with Cadence® RTL Compiler and SoC 

EncounterTM, and ending with chip fabrication as well as verification on an Agilent 93000 

SOC test system. Figure 5.1(b) depicts power reduction in different design stages. While 

70% of power savings can be achieved by exploring different architectures, the 

sophisticated use of some advanced features in EDA tools during the synthesis and P&R 

phases can also play a key role. Hence, to clarify this design breakthrough, the detailed 
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description is presented from not only front-end but also back-end point of view in Figure 

5.1(a). In the front-end design, we use standard-released reference software (Joint Model, 

JM) to be a high-level C-language model. Then, we formulate and analyze the design 

problem from algorithmic and architectural levels. After deciding designed architecture, a 

corresponding hardware description has been made for follow-up designs. Meanwhile, this 

hardware description is fully verified by a custom-made FPGA emulation board. Because 

debugging for the design becomes increasingly important and designers want more efficient 

and high-performance verification and debugging solutions, we adopt Dynalith Systems’ 

iPROVE [106] as our verification prototype. Figure 5.2 shows the verification environment 

with a snap shot. An iPROVE can be reconfigured through PCI interface on a motherboard. 

It features a build-in logic analyzer (BILA) for hardware debugging and a data dumping 

port (DDP) for external interfacing port, such as VGA. BILA helps designers to save 

valuable time and effort in debugging their design. The resulting waveform can be viewed 

with any waveform viewer that supports VCD (Value Changed Dump) data format. 

Moreover, iPROVE supports 256MB SDRAM which is suitable for large capacity of frame 

memory in multimedia systems. After verifying the functionality of hardware description 

via iPROVE, we start preparing the related files prior to the back-end design. 

In the back-end design, we exploit Cadence’s low-power synthesis (LPS) capabilities 

embedded in physically knowledgeable synthesis (PKS) to achieve timing closure. 

Specifically, to make a better trade-off between processing cycles and operating speed, it is 

crucial to shorten the critical path via backend tools. In this design, we aim at a working 

frequency of 100MHz for the real-time high-resolution (1080HD) video decoding demands. 

However, the timing gap between pre-layout and post-layout stages may be considerable. 

Therefore, a problem about timing closures emerges for achieving high-resolution decoding 

processes. To alleviate the aforementioned problem, we employ the physical wire-load 

model to facilitate the synthesis process and improve the timing closure. Particularly, it 
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implements the net-list on a given (minimal) floor-plan and maintains or improves the 

quality of physical characteristics of the design. On the other hand, a toggle count format 

(TCF) file that provides an average switching activity for the nets over time is generated to 

automatically optimize the power of design. In the placement and routing phases, we 

perform a SI-prevention and timing-aware routing. Finally, layout verification and 

simulation have been made for design sign-off. 

 
(a) 
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(b) 

Figure 5.1: A (a) design flow and (b) power reduction of this video decoder. 

 

 

Figure 5.2: Verification Environment. 

 

5.2 Chip Specification 
Low power dissipation is always an upmost issue in the design of mobile or handheld 

devices. To obtain the real metric of power, the aforementioned techniques in Chapter 2 and 
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3 are fabricated using 0.18μm single-poly six-metal (1P6M) CMOS process with an area of 

3.9×3.9 mm2. Figure 5.3 shows a chip micrograph that combines MPEG-2 SP@ML with 

H.264/AVC BL@L4 video standards. In particular, the 4×4/8×8 IDCT and in/post-loop 

deblocking filter are designed to save silicon area. The slice pixel SRAM is allocated to 

store neighboring pixels, reducing the extensive accesses of external memory as well as I/O 

power dissipation. The LPL scheme interfaced to the slice pixel SRAM is exploited to 

further improve the access efficiency since memory accessing contributes a great portion of 

power dissipation in this video decoding system. 

 

 

Figure 5.3: Chip micrograph. 

145 



 

 

Table 5.1: Chip features. 

Specification Dual 
MPEG-2 SP@ML 

H.264/AVC BL@L4 

Technology 
Standard 0.18μm 1P6M CMOS 

1.8V Core, 3.3V I/O 

3.9mm×3.9mm Die Size 

208-pin CQFP Package 

303.78K Logic Gates 

Internal 22.75Kb SRAM 

External 
Memory 

4MB×2 SDRAM 

100MHz Max. System Clock 

101.04Mpixels/sec Max. Processing Throughput 

QCIF  0.194mW 1.15MHz@15fps

CIF  4.68mW 4.6MHz@30fps

SD  15.6mW 16.6MHz@30fps

720HD  41.76mW 45MHz@30fps

MPEG-2 

1080HD  89.46mW 100MHz@30fps

QCIF  0.225mW 1.15MHz@15fps

CIF  4.86mW 4.6MHz@30fps

SD  18.54mW 16.6MHz@30fps

720HD  48.24mW 45MHz@30fps

Core Power 

Dissipation 

H.264/AVC 

1080HD  102.3mW 100MHz@30fps

 

 

146 



 

Chip features are summarized in Table 5.1. Specifically, the 207-pin chip is packaged 

in the 208-pin CQFP package, where 117 pins are signal pins and others are power pins. 

The logic gate counts are about 300K excluding the memory. This chip contains 22.75Kb 

SRAM and adopts two 4MB SDRAM modules for further system integration. The 22.75Kb 

embedded SRAM occupies a relatively large area because this is an experimental chip in the 

preliminary design phase. Its size can be further reduced through circuit-level optimizations. 

The maximum working frequency of this chip is 100MHz and achieves 101MPixels/sec of 

maximum throughput rates that meet the decoding requirements of high-resolution video 

sequences (1080HD, 1920×1088 pixels/frame at 30 frames/sec as well as 4:2:0 chrominance 

formats). As for the core power measurement, the measured accuracy in the VLSI tester is 

“ μ± ±10 0.1%A ”. The associated core power dissipation of high-definition video decoding 

is 89.46mW and 102.3mW in MPEG-2 and H.264/AVC video standards, respectively. 

Because low-resolution video formats are also supported through changing the working 

frequency, the required frequency of standard definition (SD), common intermediate format 

(CIF), and quarter CIF (QCIF) is 16.6MHz, 4.6MHz, and 1.15MHz, respectively. This fairly 

low operating frequency is an indication of the improved memory hierarchy and processing 

cycle reduction discussed in Chapter 3. 

 

5.2.1 Supply Voltage Scaling 

Scaling the power supply voltage VDD is the most effective way to reduce the power 

dissipation [109][110] because dynamic power dissipation component in digital circuits is 

proportional to the square of the supply voltage. In our design, the aforementioned power 

can be further reduced by lowering VDD without lowering the VTH of this chip, where the 

speed requirement is much lower than the critical paths and therefore the circuit can be 

slower. Although the other ways to reduce power dissipation by lowering VDD are also 
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presented such as clustered voltage scaling (CVS [111]) and dynamic voltage/frequency 

scaling (DVFS [112]) schemes, they are not adopted in this dissertation due to the 

preliminary design of this chip. Under the H.264/AVC decoding mode, the chip is 

functional over a wide range of frequencies and power supplies, as indicated by the shmoo 

plot of Figure 5.4. It shows that this chip can operate at a working frequency of 1.15MHz 

and 16.6MHz with a supply voltage of 1-V and 1.2-V, respectively. As a result, a set of 

well-known QCIFs, which correspond to the spatial resolution of 176-pixels by 144-lines, 

are used. Its power dissipation on MPEG-2 and H.264/AVC is only sub-mW and requires 

108μW and 125μW at 1-V supply voltage, respectively. Likewise, a supply voltage scaling 

can be applied to 1.2-V in D1 resolution of 30fps as well. Altogether, the proposed design 

offers a low-power VLSI solution and is applicable to mobile multimedia systems. 

 

 

Figure 5.4: Shmoo plot. 
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5.3 Comparison with Related Works 
In terms of core power measurements, a sub-mW of power dissipation can be achieved 

under decoding sequences of QCIF resolution and 15fps for mobile applications. Because 

DRAM configurations are so diverse in existing designs and DRAM power can be 

optimized through other leading-edge techniques [113]–[115], we only show core power 

dissipation to make a feasible comparison. Figure 5.5 shows a measured power-throughput 

curve. This plot represents characteristics of video decoding capability, where bottom-right 

side of this figure indicates better system performance. The power dissipation of this chip is 

89.46mW and 102.3mW for the real-time decoding of high-definition video quality in 

MPEG-2 and H.264/AVC video standards respectively. When we consider the mobile 

applications, the power consumption is only sub-mW for the real-time decoding of QCIF 

resolution and 15fps. Therefore, this chip operates at a power-level that is about one order 

of magnitude less than comparable decoders [42][116]. 

Considering H.264/AVC video decoding, Table 5.2 exhibits the detailed comparison 

with existing solutions. However, the specifications of existing designs are so diverse that 

it’s hard to compare power dissipation apple-to-apple. We choose two designs to make a 

detailed comparison in different performance indexes. Actually, we first make a comparison 

with Kang et al. [42] since both proposed and Kang’s [42] designs have similar design 

characteristics. As for Fujiyoshi et al. [112], the functionality of this chip includes not only 

H.264/AVC video decoding but also MPEG-4 AAC audio decoding. That’s why we didn’t 

list this design in Figure 5.5. Although DRAM power is generally larger than the core power 

consumption, the power reduction on DRAM is not the main focus of this dissertation. In 

particular, the proposed three-level memory hierarchy and LPL scheme improve the access 

efficiency and this design can be applied to different kinds of DRAM configurations. In 

other words, the proposed design can achieve low power dissipation on not only core level 
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but also external DRAM when applying the existing low-power DRAM modules 

[113]–[115]. 

 

Table 5.2: A detailed comparison with other leading-edge approaches. 

 Fujiyoshi et al. [112] Kang et al. [42] Proposed 

Technology 90nm CMOS, 3P6M, 

16Mbx2 Embedded DRAM

0.13um CMOS, 

HLM 

0.18um CMOS, 

1P6M 

Specification QVGA@15fps HD@30fps HD@30fps 

Profile H.264 BL@L1.2 

MPEG-4 AAC 

H.264 BL H.264 BL@L4 

Gate Count 3,000K(embedded DRAM) 910K 

(multi-standard) 

303.78K 

Internal Memory N/A N/A 22.75Kb 

Frame Memory 32Mb Embedded DRAM External SDRAM 8MB External 

SDRAM 

Max. Clock Rate 180MHz 130MHz 100MHz 

CORE Power 159mW@ 

352x288,30fps 

4.86mW@ 

352x288,30fps

DRAM Power 

 

63mW@ 

320x240,30fps N/A 79.3mW@ 

352x288,30fps
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Figure 5.5: Power dissipation comparison. 
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Chapter 6  
Conclusions and Future Works 
 

To serve multimedia applications over the mobile environment, this dissertation 

thoroughly discussed several issues including cost, power and channel impairment. In 

Chapter 2, we efficiently integrate MPEG-2 and H.264/AVC for multi-standard 

requirements. In Chapter 3, we have pointed out that current approach is still not applicable 

to the power requirement for portable mobile devices. To alleviate this problem, we propose 

several low-power techniques to reduce memory cost and transmission bandwidth. 

Moreover, Chapter 4 presents a novel error detection and concealment for a robust 

transmission of video data. Overall, implementation and measured results exhibit that 

303.78KGates/22.75Kb H.264/AVC and MPEG-2 video decoding in QCIF@15fps are 

achieved at 1.15MHz clock frequency with power dissipation of 125μW and 108μW 

respectively at 1-V supply voltage. This low-power and area-efficient feature makes our 

proposal very suitable for mobile applications. In the following, three conclusions have 

been made based on the aforementioned design aspects. They are low-cost, low-power and 

error-robustness which are related to the design challenges in a typical mobile system. After 

that, we also point out several design topics for further researches. 

 

6.1 Conclusions 

6.1.1 Dual-Mode Video Decoder for Multi-Standard Requirements 

A single-chip MPEG-2/H.264 decoder is developed which cut down the cost of video 

decoding side. The cost reduction is attained mainly by integration of IDCT, deblocking 
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filter, and entropy decoder. We adopt many design techniques both on algorithmic and 

architectural levels. In particular, we exploit a recursive algorithm and resource sharing 

technique to improve the hardware utilization in IDCT module. The proposed deblocking 

filter not only supports H.264/AVC specification but also improves the visual quality in 

MPEG-2 video decoding. Moreover, several VLC tables have been merged to reduce the 

table size in entropy decoding. Overall, in a 0.18μm CMOS process, a dual-mode video 

decoder is implemented for multi-standard requirements and achieves 303.78K of logic 

gates which is approximately 80% of cost as compared with a separate video decoder. 

 

6.1.2 Low-Power Implementation for Portable Devices 

A sub-mW H.264/MPEG-2 video decoder for portable devices is realized, where three 

innovative low-power techniques have been proposed. Specifically, the DPS method is used 

extensively to optimize the register numbers and processing cycles. Three-level memory 

hierarchy and LPL scheme achieve better memory allocation and access efficiency, 

respectively. Low-power motion compensation and deblocking filter are designed to lower 

the required working frequency. Additionally, supply voltage scaling is further applied in 

order to reduce the power dissipation by lowering VDD. Totally the power reduction of this 

design is about one order of magnitude compared to state-of-the-art implementations. To 

obtain a real metric of power, a test chip is fabricated in a 0.18μm 1P6M CMOS technology. 

For mobile applications, H.264/AVC and MPEG-2 video decoding of quarter-common 

intermediate format (QCIF) sequences at 15 frames per second are achieved at 1.15MHz 

with power dissipation of 125μW and 108μW respectively at 1-V supply voltage. 

 

6.1.3 Improved Visual Quality over Mobile Environments 

A quality-improved MPEG-2/H.264 video decoder is presented which is robust to 
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channel disturbance by early detecting and thereby concealing corrupted regions in a frame. 

A joint design of source and channel decoding is achieved by receiving soft-information of 

de-modulated symbol. This information directly feeds through video decoder for enhancing 

error-robustness. It not only provides the reliability of each decoded bit but also benefits 

error detection and concealment modules in the video decoding side. Simulation results 

reveal that more than 1dB of PSNR can be gained under 2.7×10-3 of BERs. Therefore, this 

proposal is more robust to channel behaviors and applicable to mobile communication 

environments. 

 

6.2 Future Works 

6.2.1 Frame Re-compression Algorithm 

While a literature review of frame re-compression methods had been discussed in 

Chapter 4.5.1, there are many design challenges left to be resolved. An ideal frame 

re-compression features high compression ratio, simplicity, low compressing latency, and 

random accessibility. To achieve different dimensions of design features, many solutions 

have been proposed but cannot meet all features in a single algorithm. Moreover, based on 

algorithms so far proposed, both simplicity and random accessibility are the upmost factor 

to achieving success of frame re-compression. In the simplicity point of view, Lee [84] 

commented that high compression ratio sacrifices the feature of design simplicity. In [84], a 

simple compression algorithm is realized but a compression ratio over 50% is not 

recommended because simplicity, low latency, and random accessibility are more important 

in real-time decoding requirements. However, there is doubt whether this recommendation 

is definitely true for any compression algorithms. One could further investigate a new 

algorithm to combat this recommendation or improve the compression ratio without 

sacrificing other design features. On the other hand, Bourge and Jung [100] pointed out that 
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the main drawback of compression algorithms is the random accessibility. They named this 

drawback as data overhead which is defined as the ratio between the number of pixels that 

are actually accessed during the motion compensation (MC) of a block and the number of 

pixels that are really useful in the reference block. This ratio is superior to one because of 

the block-based nature of compression techniques. For instance, let’s consider that the 

reference frames are encoded on an 8×8 block grid. If MC wants to access the value of one 

pixel within 8×8 block we must fetch and decode the whole block it belongs to. In other 

words, the compression gain will degrade due to the additional accesses for reading one 

pixel data and that’s why the data overhead is greater than 1. This phenomenon is 

thoroughly discussed in [100] but do not give a complete solution to overcome the problem 

of random accessibility. 

When the goal of frame re-compression is purely to reduce the required memory 

capacity for cost reasons, virtually any efficient still image compression techniques can be 

performed. In practice, we pay more attention on lossless image compressions [117][118] 

because lossy compression comes at the expense of a quality degradation that worsens 

along a group of pictures. Although those compression algorithms intend to compress still 

image, they can be considered as a frame re-compression method after a slight modification. 

Therefore, it becomes an applicable candidate for further researches in the frame 

re-compression algorithms. 

 

6.2.2 Joint Source and Channel Design (JSCD) 

In the past, the designs of source and channel coder have been performed separately. 

This often makes excellent senses and could be proved by the separation theorem of 

Shannon [119]. However, Shannon’s theorem effectively assumes that source coder 

removes all data redundancy, and the channel coder inserts additional redundancy to protect 
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the source data due to the impairment of physical channel. This separation does not make as 

much practical senses. It has been shown that the separation theorem does not hold for all 

channel conditions [120]. To achieve better performance between source and channel 

coding sides, the idea of joint source and channel design (JSCD) has been gaining 

increasing attention in recent years due to the significant growth of multimedia wireless 

communication over the noisy and band-limited channels. Actually, soft CAVLC decoder in 

Chapter 4.3 can be considered as a case study in this design field. The CAVLC source 

decoder involves soft information from channel coding side to improve the error robustness. 

However, the complexity and memory storage issues are still of great challenge [71]. 

Moreover, this joint design retrieves the soft stream to be aware of signal reliability. The 

reliability problem also impacts the decoding procedures in the source decoding side. For 

example, the proposed soft CAVLC decoder improves the detection capabilities of 

erroneous pixels in macroblock levels, but how to determine whether the detected results 

are correct or not is the reliability issue. This issue should be resolved and thereby 

considered in the follow-up source decoding processes. In addition to complexity, storage, 

and reliability issues, integrating soft designs into the whole coding system over error-prone 

environments would be a tough task. The reason is that existing video and communication 

standards are defined without taking JSCD concept into accounts. For instance, H.264/AVC 

video standard defines data partition modes in extended profiles. The insignificant part 

includes not only coefficients for CAVLC decoder but also other header information such as 

MV, CBP, etc. The additional inclusion of header information will make the soft CAVLC 

decoder unpractical in the existing video standards. Moreover, the existing communication 

standards, DVB-H, do not expect to provide soft information for source decoder. Hence, a 

slight modification is required for simulating the JSCD concepts over the existing systems, 

and therefore the standard-incompatible problem will be emerged. 
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6.2.3 Scalable Video Coding (SVC) 

Scalable video coding has been an active research area for about 20 years. The 

prevalent video standards MPEG-2 video [2] and MPEG-4 visual [3] already include 

several tools for supporting temporal, spatial, and SNR scalabilities. However, the scalable 

profiles of these standards have been rarely used, mainly because those scalabilities come 

along with a significant loss in coding efficiency as well as an increase in decoder 

complexity. To improve the coding performance, the Joint Video Team of the ISO/IEC 

Moving Picture Experts Group and the ITU-T Video Coding Experts Group is currently 

standardizing a scalable extension of their video coding standard H.264 / MPEG-4 AVC. 

This SVC project has achieved a significant improvement in coding efficiency and the 

supportable degree of scalability relative to the scalable profiles of existing video coding 

standards. However, the potential increase of computational complexity still becomes a big 

problem for future acceptance in the industry. As we will see in an overview manuscript of 

SVC standard [121], hierarchal B frame, inter-layer prediction and fine grain SNR 

scalability (FGS) have been adopted for temporal, spatial and SNR scalability, respectively. 

Those coding tools will definitely increase the computational complexity in the source 

coding/decoding systems. On the other hand, the newly-announced SVC standard involves 

several streaming, networking, and communication design concepts [122]–[125], leading to 

the higher barrier for the knowledge of SVC algorithm. Hence, it is believed that the source 

and channel coding have to be jointly considered for next-generation video designs. 

 

6.2.4 Multi-view Video Coding (MVC) 

While the H.264/AVC standard is beginning to see adoption, a number of activities are 

already extending the core H.264/AVC standard. One key extension to H.264/AVC 

currently undergoing standardization is Multi-view Video Coding (MVC) [126]. The MVC 
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standardization activity began in early 2006 and is expected to be available in early 2008. It 

specifies tools for jointly compressing the multiple views of the same scene captured using 

multiple cameras. The MVC video is applicable to Free Viewpoint TV (FTV) and 3D-TV. 

Figure 6.1(a) shows a FTV system [127] which can generate very natural free viewpoint 

images in real time as shown in Figure 6.1(b). A scene is captured using a dense array of 

synchronized cameras. The camera images are placed in a simple manner that allows 

rendering the scene from any position by simple processing. So the user can view the scene 

not only from the original camera positions but also from any virtual viewpoint. FTV 

supports a wide variety of applications since it can be applied to any kind of scene. On the 

other hand, Figure 6.2 shows an example of a 3D-TV system. A scene is again captured by 

N synchronized cameras [128]. The multiple video signals are encoded and transmitted. At 

the receiver they are decoded, rendered and displayed on a 3D display. 3D rendering means 

creating 2 views, one for each eye, which if perceived by a human will create a depth 

impression. There are several types of 3D displays, with and without glasses. Overall, to 

clarify the 3D-TV from a visual perspective, an on-line demo is available in [129]. This is 

the first trial to accomplish a 3D-TV system that allows for real-time acquisition, 

transmission, and 3D display and is expected to be the next revolution in the history of TV. 

 

                  (a)                                    (b) 

Figure 6.1: (a) Capturing and processing parts of FTV system. (b) Free viewpoint images 

generated in real time. 
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Figure 6.2: Example of a 3D-TV system. 

 

A common element of aforementioned systems is the use of multiple views of the same 

scene that have to be transmitted to the user. The straight-forward solution for this would be 

to encode all the video signals independently using a state-of-the-art video codec such as 

H.264/AVC. However, Muller et al. [130] has been shown that specific multi-view video 

coding (MVC) algorithms give significantly better results compared to the simple 

H.264/AVC simulcast solution. The basic idea is to exploit spatial and temporal redundancy 

for compression. Since all cameras capture the same scene from different viewpoints, 

spatial redundancy can be expected. Moreover, images are not only predicted from 

temporally preceding images but also from corresponding images in adjacent views. 

Besides such spatio-temporal prediction structures, specific prediction tools have been 

proposed that can be combined with any prediction structure. This includes for instance 

illumination compensation, spatio-temporal direct mode, disparity/motion vector prediction, 

and view interpolation [133]. Among those prediction tools, view interpolation prediction 
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and illumination compensation seem to be very promising for further improvement. The 

latter sub-section gives a brief explanation of these modules without detailing the design 

algorithms or features. 

 

6.2.4.1 View Interpolation Prediction 

When viewing a stereo pair on a flat screen, the right and left eye converge as if 

portions of the image are located at different distances, yet they continue to focus on the 

plane of the screen. This breakdown in the normal accommodation/convergence 

relationships is a known cause of eyestrain, and the severity of the strain is related to the 

disparity of the stereo images [131]. The view interpolation method [132] can be used to 

overcome this problem and can also be used for multi-view coding. In general, view 

interpolation is one of the first approaches that exploited correspondences between images 

to project pixels in real images into a virtual image plane. This approach is similar to view 

morphing [136] and linearly interpolates the correspondences, or flow vectors, to predict 

intermediate viewpoints, as Figure 6.3 indicates. 

 

 
Figure 6.3: View morphing: interpolating behavior in different views. 
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6.2.4.2 Illumination Compensation 

As we know, camera distance and positioning will affect illumination, in the sense that 

the same object surface can appear to be different from different angles. This is because in 

general illumination sources are not situated infinitely far away from the scene, e.g., in the 

case of indoor scenes. In multi-view video environments, the impact of illumination 

mismatches can be very significant. To alleviate this problem, illumination compensation 

techniques have been used in the context of motion compensated video coding. Although a 

few compensation techniques [134][135] are developed and robust to illumination 

mismatches between views, there is much room for further exploiting correlation across 

views. Moreover, it would be more interesting to considering VLSI implementation when 

MVC is standardized in the near future. 
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