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Abstract 
 

H.264/AVC is a new video compression standard designed for future broadband 
network. Compared with former video coding standards such as MPEG-2 and MPEG-4 part 
2, it saves up to 40% in bit rate and provides important characteristics such as error 
resilience, stream switching etc. However, the improvement in performance also introduces 
increase in computational complexity, which requires more powerful hardware. At the same 
time, there are several image and video coding standards currently used such as JPEG and 
MPEG-4. Although ASIC design meets the performance requirement, it lacks flexibility for 
heterogeneous standards. Hence reconfigurable DSP processor is more suitable for media 
processing since it provides both real-time performance and flexibility.  

 
Currently there are several single scalar DSP processors in the market. Compare to 

media processor, which is generally SIMD or VLIW, single scalar DSP is cheaper and has 
smaller area while its performance for video processing is limited. In this paper, a method to 
promote the performance of single scalar DSP by attaching hardware accelerators is 
proposed. And the bottleneck for performance promotion is investigated and the upper limit 
of acceleration of a certain single scalar DSP for H.264/AVC decoding is presented. 

 
Behavioral model of H.264/AVC decoder is realized in pure software during the 

first step. Although real-time performance cannot be achieved with pure software 
implementation, computational complexity of different parts is investigated and the critical 
path in decoding was exposed by analyzing the first design of this software solution. Then 
both functional acceleration and addressing acceleration were investigated and designed to 
achieve the performance for real-time decoding using available clock frequency within 
200MHz.  
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Glossary 
 
Arithmetic coding Coding method to reduce redundancy 

 
Block A MxN array of samples, or an MxN array of transform 

coefficients 
CAVLC Context Adaptive Variable Length Coding 

 
CABAC Context-based Adaptive Binary Arithmetic Coding 

 
CODEC   A video codec is software that can compress a video source 

(encoding) as well as play compressed video (decompress). 
 

CIF  Common Intermediate Format - a set of standard video formats 
used in videoconferencing, defined by their resolution. The 
original CIF is also known as Full CIF (FCIF) 
 

DCT /IDCT      Discrete Cosine Transform/Inverse Discrete Cosine Transform 
 

Entropy coding Coding method to reduce redundancy 
 

H.264/AVC A video coding standard 
 

HDTV High Definition Television 
 

Inter coding Coding of video frames by using temporal prediction and 
compensation 
 

Intra coding Coding of video frames with spatial prediction 
 

ITU International Telecommunication Union 
 

level A specified set of constraints imposed on values of the syntax 
elements in the bit stream 
 

Loop filter A filter employed during the decoding process  
 

Macroblock A 16x16 sample region 
 

Motion vector Vector indicates the offset of a region used for motion 
compensation 
 

MPEG Motion Picture Expert Group 
 

Profile A subset of the entire bit stream syntax that is specified by 
H.264/AVC standard 
 

QCIF Quarter CIF (resolution 176x144) 
 



  

RGB A color space 
 

YCbCr Luminance, Blue chrominance and Red chrominance 
 

YUV A color space 
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1. Introduction 

1.1 Background 
 
H.264/AVC is a new recommendation international standard published jointly by 

ITU-T VCEG (Video Coding Experts Group) and ISO/IEC MPEG (Moving Picture Experts 
Group) [1]. The main purpose of this standard is to provide a broad range of multimedia 
applications with higher reliability and efficient coding performance when transporting 
regular video through various networks compares to former standards. [3]  
 

As H.264/AVC achieves enhanced compression rate and better error resilience by 
employee some unique techniques, the computation complexity of coding is also increased.  

1.2 Purpose of the thesis 
 
The purpose of the project is to design and implement a H.264/AVC decoder with a 

single scalar DSP processor. The first phase of the design is to realize the decoder in pure 
software. After this, the resource cost of the whole decoding flow is analyzed and some 
hardware accelerators are introduced to relieve the computational bottleneck. Meanwhile, 
scheduling and memory bandwidth are also considered for maximum parallelism and best 
utilization of data memories. The final product is expected to support 30fp/s real time 
decoding (176x144 QCIF). 

1.3 Reading guidance 
 

In chapter 2, some basic techniques commonly used for video compression are 
introduced as the basis for understanding the technique features of H.264/AVC. At the same 
time, the evolution of main steam video coding standards and the relationship between them 
are also discussed. For those who have been familiar with these issues can skip to chapter 3.  
 

Chapter 3 is an investigation to the technique features of H.264/AVC, by which, 
the coding efficiency and error robustness have been enhanced greatly. 3 important issues 
will be discussed in details: motion prediction (intra and inter), deblocking filter and 
advanced entropy coding. 
 

Chapter 4 gives a survey on mainstream media processors that can currently be 
found in the market. Study on the architecture of these media processors is carried out and 
conclusion is made. 
 

Chapter 5 and chapter 6 are the implementations a H.264/AVC decoder. Chapter 5 
focuses on the software implementation of the decoder. In this chapter, the whole software 
decoding flow is provided and an evaluation of software execution is performed in order to 
exploit the computation intensive tasks for HW/SW partitions. 
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In Chapter 6, some specific hardware accelerators are designed to relive the 

computation bottlenecks of the decoding flow. The instruction set of the single scalar DSP is 
extended and the hardware architectures of the accelerators are also proposed. In the end, 
the performance enhancement is also compared. 
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2. Basic Theory 

2.1 Video Compression 
 
The digital video compression technology has been boomed for many years. Today, 

when people chat with their friends through a visual telephone, when people enjoy the 
movie broadcasting through Internet or the digital music such as mp3, the convenience that 
the digital video industry brings to us cannot be forgotten.  All of these should attribute to 
the enhancement on mass storage media or streaming video/audio services which has 
influenced our daily life deeply.  
 

As the main contributor to the all of above, video compression technology is the 
focus of this chapter. Some basic video compression concepts will be introduced as the basis 
of chapter 3. The reader who has been familiar with these basics may skip to chapter 3 in 
which the main technical features of H.264/AVC will be discussed in detail.  
 

2.1.1 RGB and YUV Color Spaces: 
 
RGB is a very common color represent of computer graphic. The image can be 

thought as consists of 3 grayscale components (sometimes refers to as channels) [4]. R, G 
and B represent lighting colors of red, green and blue respectively. There is a commonsense 
that combining red, green and blue with different weight can produce any visible color. A 
numerical value is used to indicate the proportion of each color.  
 

The drawback of RGB representation of color image is that 3 colors are equally 
important and should be stored with same amount of data bits. But, actually there is another 
color representation that can represent the color image more efficiently know as YUV. 
Instead of using the color of the light, YUV chooses the Luminance (Y) and Chrominance 
(UV) of the light to represent a color image.  
 

YUV uses RGB information, but it creates a black and white image (luma) from 
the full color image and then subtracts the three primary colors resulting in two additional 
signals (Chroma /Cb, Cr) to describe color. Combining the three signals back together 
results in a full color image [4].  
 

The luminance information Y can be calculated from R, G and B according to the 
following equations: 
 
Y = KrR+KgG+KbB                                                                                                         (2.1) 
 
Where k is the weighting factors, kr+kg+kb=1 
 
The color difference information (Chroma) can be derived as: 
 
Cb=B-Y                                                                                                                              (2.2) 
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Cr=R-Y                                                                                                                               (2.3) 
Cg=G-Y                                                                                                                             ( 2.4) 
 

In reality, only 3 components (Y, Cb and Cr) need to be transmitted for video 
coding because Cg can be derived from Y, Cb and Cr. As recommend by ITU-R, kb=0.114, 
kr = 0.299. The upper equations can be rewrite as: 
 
Y=0.299R+0.587G+0.114B                                                                                               (2.5) 
Cb=0.564(B-Y)                                                                                                                   (2.6) 
Cr=0.713(R-Y)                                                                                                                   (2.7) 
 
R=Y+1.402Cr                                                                                                                     (2.8) 
G=Y- 0.344Cb-0.714Cr                                                                                                     (2.9) 
B=Y+1.772Cb                                                                                                                  (2.10) 
 

In reality, images are looked as 2D arrays. So, R, G and B in the upper equations 
are matrix as well as Y, U and V. 
 

Figure 2.1(a) is the red, green and blue components of a color image compares to 
chroma components Cb, Cr and Cg (Figure 2.1(b)) 
 

 
                                          (a) R, G, B components of an image 

 
                                           (b)Cb, Cr, Cg components of an image 
                                  

Figure 2.1 Components of an image 
 

2.1.2 Video Sampling: 
 
The video source is normally a bit steam consists of a series of frames or fields in 

decoding order [1]. There are 3 YCbCr sampling modes supported by MPEG-4 and H.264 
as shown in the figure 2.2.  
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                  (a)4:2:0                                     (b)4:2:2                                   (c)4:4:4 
                                                

Figure 2.2   Video Sampling Modes 
 

4:2:0 is the most common used sampling pattern. The sampling interval of 
luminance sample Y is the same as the video source, which means all the pixel positions 
have been sampled. The Cb and Cr have the twice-sampling interval as luminance on both 
vertical and horizontal directions as shown in figure 2.2(a). In this case, every 4 luma 
samples have one Cb and one Cr sample.  
 

Considering that human eyes are more sensitive to luminance than the color itself 
(chrominance), it is possible to reduce the resolution of chrominance part without degrade 
the image quality apparently. That is why 4:2:0 is very popular in current video compression 
standards.  
 

For 4:2:2 mode, Cb and Cr have the same number of samples on vertical and half 
number of samples on horizontal as luma samples. For 4:4:4 mode, it has the same 
resolution for Y, Cb and Cr on both directions. 
 

2.1.3 Reduce Redundancy: 
 

The basic idea of video compression is to compact an original video sequence 
(Raw video) into a smaller one with fewer number of bits and the video can also be 
recovered by some reverse operations without loose visual information significantly. The 
compression is achieved by removing redundant information from the raw video sequence. 
There are totally 3 types of redundancies: temporal, spatial and frequency domain 
redundancy. 
 

Spatial and temporal redundancy: Pixel values are not independent, but are 
correlated with their neighbors both within the same frame and across frames [2]. For 
example, if a large area in a frame has very little difference, here is spatial redundancy 
between the adjacent pixels. So, to some extent, the value of a pixel is predictable by given 
the values of neighboring pixels. The similar situation also exists in time domain: for most 
of the movies, there is only very few difference between consecutive frames except for the 
case that the object or content of the video is changing quickly. This is often known as 
temporal redundancy (Figure 2.3). 
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 Figure 2.3 Spatial and temporal redundancies 
 

Frequency domain redundancy: The human eye and brain (Human Visual 
System) are more sensitive to lower frequency [3], which means that removing strong 
contrast part in a picture (such as the edge of objects) will not interfere human eye from 
recognizing the picture.  
 

2.1.4 Video CODEC: 
 
The redundancies we mentioned can be removed by different methods. The 

temporal and spatial redundancy is often reduced by motion estimation (and compensation) 
as well as the frequency redundancy is reduced by Discrete Cosine Transform and 
Quantization. After these operations, entropy coding can be employed to the data result to 
achieve further compression. Figure 2.4 illustrates a common video coding flow: 
 

 
                                              Figure 2.4 Video coding system 
 

In the following parts, each function block will be addressed in the order that it 
exists in the video coding process. 
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2.1.5 Motion Estimation: 
 
The input to the coding system is an uncompressed video sequence when the 

motion estimation is trying to exploit the similarities between the successive video frames.  
 

As shown in figure 2.5, for a given area in current video frame, if there is a 
corresponding area in the neighbor frame which is very similar to it, only the information 
about the difference between these two regions should be coded and transmitted but not the 
whole information of the given area. The difference, also called residual, is produced by 
subtract the matched region with the current region.  
 

 
 

Figure 2.5 Motion estimation 
 
  The basic idea of prediction is that a given area can be recovered by the residual 
and the matched region jointly (add the residual to the prediction on the decoder side). 
Considering there must be many zero values within the residual, the temporal redundancy is 
reduced in this way. In reality, multiple frames preceding or after (and/or both) the current 
frame can be used as the reference to the current frame. 
 

In practical, motion estimation and compensation are often based on rectangular 
blocks (MxN or NxN). The most common size of the block is 16x16 for luminance 
component and 8x8 for chrominance components.  
 

A 16x16 pixel region called macroblock is the basic data unit for motion 
compensation in current video coding standards (MPEG series and ITU-T series). It consists 
of one 16x16 luminance sample block, one 8x8 Cb sample block and one 8x8 Cr sample 
block (Figure 2.6).  
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Figure 2.6 Macroblock (4:2:0) 

 
Theoretically, the smaller of the block size, the better of the motion estimation 

performance, so in the most recent standard H.264/AVC, the size of data unit for motion 
estimation is more flexible as the minimum data unit is down to 4x4, we will discuss this 
later in chapter 3.2. 
 

2.1.6 Motion vectors: 
 
As Figure 2.7 shows, motion vector is a two-value pair (∆x, ∆y), which indicates 

the relative position offsets of the current macroblock compares to its best matching region 
on both vertical and horizontal directions. Motion vector is encoded and transmitted together 
with the residual. 
 

 
 

Figure 2.7 Motion Vectors 
 

During the decoding process, the residual should be added to the matching region 
to recover the current frame. With the help of motion vectors, the matching region can be 
found from the reference frame. 
 

2.1.7 Block size effect: 
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Figure 2.8 shows the residual of 2 successive frames based on different block size. 
Picture (a) and (b) are the original frames when (c) is the residual without motion estimation. 
Picture (d), (e) and (f) are the residuals based on 16x16, 8x8 and 4x4 motion estimation 
respectively. As we mentioned before, residual is the subtraction of frame 1 and frame 2. 
The mid-grey in the residual indicates that the subtract result is zero as well as the light or 
dark indicates the result is positive or negative.  
 

Obviously, the more mid-grey area, the more redundant information is reduced. In 
order to achieve higher compression efficiency, H.264 chooses smaller block size for 
motion estimation. However, as the redundant information within residual is reduced, there 
should be more motion vectors encoded and transmitted. So, H.264 supports changing the 
block size dynamically according to the content of the frame, this will be addressed in detail 
in chapter 3.2. 
 

 
Figure 2.8 Block size effects on motion estimation 

 

2.1.8 Sub-pixel interpolation: 
 
The accuracy of motion compensation is in units of distance between pixels. In 

case the motion vector points to an integer-sample position, the prediction signal consists of 
the corresponding samples of the reference picture; otherwise the corresponding sample is 
obtained using interpolation to generate non-integer positions [8]. Non-integer position 
interpolation gives the encoder more choices when searching for the best matching region 
compares to integer motion estimation, the result is the redundancy in the residual can be 
reduced further. 

 
 

(a) Frame 1

(d) 16X16 Based 

(b) Frame 2 (c) No motion estimation 

(e) 8X8 Based (f) 4X4 Based 
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Figure 2.9 Sub-pixel interpolation 
 

2.1.9 Discrete Cosine Transform: 
 
After the motion estimation, the residual data can be converted into another domain 

(transform domain) by some kind of means in order to minimize the frequency redundancy. 
Most of the transforms are block based, such as Karhunen-Loeve Transform (KLT), 
Singular Value Decomposition (SVD) and the Discrete Cosine Transform (DCT) [3]. We 
will only touch on DCT in this paper. 
 

The discrete cosine transform (DCT) helps separate the image into parts (or 
spectral sub-bands) of differing importance (with respect to the image's visual quality). The 
DCT is similar to the Discrete Fourier Transform: it transforms a signal or image from the 
spatial domain to the frequency domain [7]. 
 

               
 

                                           Figure 2.10 Discrete Cosines Transform 
 
The DCT operates on an NxN sample block X in the form: 
 

 
                                                                                                                                           (2.11) 
 
The Inverse DCT is in the form: 
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 (2.12) 

 
A is the NxN transform matrix, Y is the result sample block in frequency domain 
 

 
                                                                                                                          
 

(2.13) 
 
The general equation for 2D (N data items) DCT is defined by the following equation: 
 

  
 

(2.14) 
 
 

(2.15) 
 
 
 
The basic operation of the DCT is as follows:  
The input image is N by N. 
X (i, j) is the intensity of the pixel in row i and column j.  
Y (x, y) is the DCT coefficient matrix of the image in the DCT domain. Y (0, 0) 
corresponding to the coefficient in the upper left corner which is defined as DC coefficient 
and all the rest are defined as AC coefficients.  
 
Example: 
 
For a given 4x4 input matrix X which can be looked as a block of an image frame, N=4.  
 

 
According to the definition, transform matrix A is 
 



   12

 
After calculate the cosine functions, the matrix can be rewrite as 
 

 
 
The coefficient matrix Y can be derived by equation 2.11, the final result is  
 

 
* Example is from [3] 
 

A notable feature of Y is that the value of DC coefficient is significantly greater 
than AC coefficients. For most images, it is the case: much of the signal energy lies in low 
frequencies of the DCT (upper left corner) [7].  
 

As we mentioned in 2.1.3, human eyes are more sensitive to low frequencies. So, 
compression can be achieved if the DC coefficient is well kept while parts of AC 
coefficients are neglected. AC coefficients are often small - small enough to be neglected 
with little visible distortions [7]. In practice, this is done by quantization. 
 

2.1.10 Quantization and Zig-Zag scan:  
 

After DCT transformation, quantization is employed to truncate the magnitude of 
DCT coefficients in order to reduce the number of bits that represent the coefficients.  
 

Quantization can be performed on each individual coefficient, which is known as 
Scalar Quantization (SQ). Quantization can also be performed on a group of coefficients 
together, and this is known as Vector Quantization (VQ). [8].  
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A general example of quantization: 
 

                                             
(2.16) 

                                             
(2.17) 

 
 
The input value X is scaled by QP and rounded to the nearest integer. This 

operation is normally not reversible, because some information has been lost during 
rounding and it is impossible to recover X to its original value.  
 

In video coding, quantization is often performed by vector quantization, which 
means X, QP and Y are matrixes. For matrix quantization, eq.2.15 and eq.2.16 are still 
applicable. A typical 8x8 quantization matrix is listed as below.  
 

 
Figure 2.11 Example of Quantization Matrix 

 
The coefficients that close to the lower right corner of the quantization matrix is 

bigger than those close to the upper left corner, because it wants to quantize the high 
frequency components of X more than low frequency components in order to neglect part of 
the information of high frequency. 

 

2.1.11 Zig-Zag scan: 
 
After Quantization, most of the non-zero DCT coefficients are located close to 

upper left corner in the matrix. Through Zig-Zag scan, the order of the coefficients is 
rearranged in order that most of the zeros are grouped together in the output data stream. In 
the following stage, run length coding, this string of zeros can be encoded with very few 
number of bits. 
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                                  Figure 2.12 Zig-Zag scan for 16x16 macroblock 
 

2.1.12 Run-length Encoding: 
 

Run-length coding chooses to use a series of (run, level) pairs to represent a string 
of data. For example: 

 
For an input data array: {2, 0, 0, 0, 5, 0, 3, 7, 0, 0, 0, 1….} 
The output (run, level) pairs are: (0, 2), (3, 5), (1, 3), (0, 7), (3, 1)…… 
Run here means how many zeros come before the next non-zero data. Level is the value of 
the non-zero data. 
 

2.1.13 Entropy Coding: 
 
The last stage in figure 2.4 is entropy coding. Entropy encoder compressed the 

quantized data into smaller number of bits for future transmission. This is achieved by given 
each value a unique code word based on the probability that the value exists in the data 
steam. The more often one value comes with the data stream; the fewer bits are assigned to 
its code word.  
 

The most commonly used entropy encoders are the Huffman encoder and the 
arithmetic encoder, although for applications requiring fast execution, simple run-length 
encoding (RLE) has proven very effective [8]. 
  

Two advanced entropy coding methods know as CAVLC (Context-based adaptive 
Variable Length Coding) and CABAC (Context-based Arithmetic Coding) are adopted by 



   15

H.264/AVC. These two methods have improved coding efficiency compares to the methods 
applied in previous standards.  
 

2.2 MPEG and H.26x 
2.2.1 ISO/IEC, ITU-T and JVT: 

 
ISO/IEC and ITU-T are two main international standard organizations for coding 

standards of video, audio and their combination. 
 

H.26x family of standard is designed by ITU-T. As the ITU Telecommunication 
Standardization Sector, ITU-T is a permanent organ of ITU responsible for studying 
technical, operating and tariff questions and issuing Recommendations on them with a view 
to standardizing telecommunications on a world-wide basis [1]. H.261 is the first version of 
h.26x series started since 1984. During the following years, h.262, h.263, h.263+, h.263++ 
and h.264 are released by ITU-T subsequently.   
 

The MPEG family of standards includes MPEG-1, MPEG-2 and MPEG-4, 
formally known as ISO/IEC-11172, ISO/IEC-13818 and ISO/IEC-14496. MPEG is 
originally the name given to the group of experts that developed these standards. The MPEG 
working group (formally known as ISO/IEC JTC1/SC29/WG11) is part of JTC1, the Joint 
ISO/IEC Technical Committee on Information Technology [5].  
 

The Joint Video Team (JVT) consists of members from ISO/IEC 
JTC1/SC29/WG11 (MPEG) and ITU-T SG16 Q.6 (VCEG). They published H.264 
Recommendation/MPEG-4 part 10 standard. 
 

2.2.2 H.261: 
 
H.261 is firstly developed by ITU-T in 1990. It is a video compression standard, 

which targets on low bit- rate real time applications (down to 64 kbit/s), such as visual 
telephone service. The basic idea of video coding is based on DCT transform, VLC entropy 
coding and simple motion estimation technique for reducing the redundancy of the video 
information. 
 

2.2.3 MPEG – 1: 
 
The MPEG-1 standard, published in 1992, was designed to produce reasonable 

quality images and audio at low bit rates. 
 

MPEG-1 provides the resolution of 352x240 (SIF) for NTSC or 352x288 for PAL 
at 1.5 Mb/s. The target applications are focus on the CD-ROM, Video-CD and CD-I as well 
as stream media applications like video over digital telephone networks, Video on Demand 
(VOD) etc. The picture quality level almost equals to VHS tape. MPEG-1 can also be 
encoded at bit rates as high as 4-5Mbits/sec.  
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MPEG-1 specified the compression of audio signals, simply called Layer-1,-2,-3. Layer-3 is 
now very popular in the digital music distribution over Internet know as mp3.  
 

2.2.4 H.262 and MPEG – 2: 
 
MPEG–2 standard was established by ISO/IEC in 1994. The purpose of this 

standard is to produce enhanced data rate and better video quality compares to MPEG–1. 
The coding technique of MPEG-2 is the same as MPEG-1 but with a higher picture 
resolution of 720x486. 
 

The unique feature of MPEG-2 is the layered structure, which supports a scalable 
video system. In this system, a stream video can be decoded to videos with different 
qualities according to the situation of the network and the customer requirements. Field and 
frame picture structure makes the standard compatible with interlaced video. For the 
consistence of the standards, MPEG-2 also compatible with MPEG-1, which means a 
MPEG-2 player can play back MPEG-1 video without any modification. This standard is 
also adopted by ITU-T referred to as h.262. 
 

2.2.5 H.263/H.263+/H.263++: 
 
H.263 (1995) is the improvement of H.261. Compares to the former standards, 

H.263 provides (achieves) better picture quality and higher compression rate by using half 
pixel interpolation and more efficient VLC coding. 
 

H.263 version 2 (H.263+) and H.263 version 3 (H.263++) give more options to the 
coding standard on the basis of H.263 which achieves higher coding efficiency, more 
flexibility, scalability support and error resilience support.  
 

2.2.6 MPEG-4: 
 
MPEG-4 (ISO/IEC 14496) became the international standard since 1999. The basic 

coding theory of MPEG-4 still remains the same as previous MPEG standards but more 
networks oriented. It is more suitable for broadcast, interactive and conversational 
environment.  
 

MPEG-4 introduced ‘objects’ concept: A video object in a scene is an entity that a 
user is allowed to access (seek, browse) and manipulate (cut and paste). It serves from (2 
Kbit/s for speech, 5 Kbit/s for video) to (5 Mbit/s for transparent quality Video, 64 Kbit/s 
per channel for CD quality Audio) [14496-2]. Defined profiles and levels as a kind of subset 
of the entire bit stream syntax. 
 

2.2.7 MPEG part 10/ H.264: 
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The newest standard, H.264/AVC (also known as MPEG part 10), is jointly 
developed by ITU-T Video Coding Experts Group (VCEG) and the ISO/IEC Moving 
Picture Experts Group (MPEG). The final approval submission as H.264/AVC [1] was 
released in March 2003. 
 

The motivation of this standard comes from the growing multimedia services and 
the popularity of HDTV which need more efficient coding method. At the same time, 
various transmission media especially for those low speed media (Cable Modem, xDSL or 
UMTS) also calls for the significant enhancement of coding efficiency. 
 

By introduce some unique techniques, H.264/AVC aims to increase compression 
rate significantly (save up to 50% bit rate as compared to MPEG-2 picture quality) while 
transmit high quality image at both high and low bit rate as well as achieve better error 
robust and network friendly. Full-specified decoding process ensures that there is no 
mismatch during decoding. Network Adaptation Layer allows H.264 to be transported over 
different networks. 
 

How the above features are satisfied simultaneously will be addressed in chapter 3.  
 

 
                                   

 Figure 2.13 Evolution of video coding standards 
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3. H.264/AVC 
 
As broadband wire and wireless communication is booming in the world. 

Streaming video has become one of the most important applications both in internet and 
telecoms industry. 3G wireless service has been launched throughout the world, enhanced 
data service such as HSDPA will be introduced this year with bandwidth more than 384kbps, 
thus multimedia streaming including video and audio are expected to be delivered to end 
users. However the total bandwidth is still limited and the costs for end user are proportional 
to the reserved bit rate or the number of bits transmitted on the data link. And at the same 
time, since harsh transmission environment in wireless communications such as distance 
attenuation, shadow fading, multi-path fading can introduce unpredictable packet-loss and 
error during transmission, compression efficiency and error resilience are the main 
requirements for video coding standard to succeed in the future. 

 
     Currently there are several images and video coding standards widely used which 
are JPEG, JPEG2000, MPEG-2, MPEG-4. In 2003, H.264/AVC was introduced with 
significant enhancement both in compression efficiency and error resilience. Compared with 
former video coding standards such as MPEG2 and MPEG4 part 2, it saves more than 40% 
in bit rate and provides important characteristics such as error resilience, stream switching, 
fast forward/backward etc. It is believed to be the most competitive video coding standard in 
this new era. However, the improvement in performance also introduces increase in 
computational complexity, which requires higher speed both in hardware and software.  
 

As we mentioned in chapter 2, H.264/AVC targets on providing the applications 
like video conference (Full Duplex), video storage or broadcasting (Half Duplex) with 
enhanced compression efficiency as well as network friendly.  
 

The scope of H.264/AVC covers two layers: Network Abstraction Layer (NAL) 
and Video Coding Layer (VCL). While NAL giving a better support for the video 
transmission through a wide range network environments, VCL mainly focus on how to 
enhance the coding efficiency. 
 

 
 
                                        Figure 3.1 Architecture of H.264/AVC 
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In this chapter, the technique features that make H.264/AVC achieve the extended 
performance improvement compares to former existing standards, will be investigated. 
Because our design work is more relate to VCL rather than network transmission issues，
the improvement to the video coding layer will be addressed more in details. 
 

Before we discuss the H.264/AVC technical features, some important 
terminologies should be introduced first. 
 

Coded picture: A coded picture in this standard refers to as a field (of interlaced 
video) or a frame (of progressive or interlaced video). Each coded frame has a unique frame 
number, which is signaled in the bit stream. The frame number is not necessarily the same 
as the decoding order of the frame. For those interlaced frame or progressive frame, each 
field has an associate picture order count, used to indicate the decoding order between the 
two fields. 
 

 
 

                            Figure 3.2 Progressive and interlaced frame and fields 
 

Each previously coded picture can be used as the reference picture (prediction 
between different pictures) for future decoded pictures. One notable feature here is the 
reference pictures are managed by one or two lists (list0 and list1, see also 3.2.2)  
 

Macroblock is the basic data unit for video coding operations. In some existing 
standards, a set of macroblocks is further grouped into a slice by raster scan order. A frame 
maybe split into one or more slices as illustrated in figure 3.3 
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Figure 3.3 Video slice partitions 
 

For each slice, the macroblocks within it are coded independently from those 
within other slices. There are totally 3 types of slices defined in former standards but 5 for 
H.264/AVC: 
 

I slice: All the macroblocks in this slice are I macroblocks which are coded without 
reference other previously coded pictures, but may use the decoded samples within the same 
slice (current picture) as reference (intra prediction).  
 

P slice: Macroblocks in this type of slice can be I macroblocks or P macroblocks. P 
macroblock is predicted by inter prediction by reference one previously decoded picture in 
list0. 
 

B slice: In addition to the coding types available in a P slice, some macroblocks in 
the B slice can also be coded using inter prediction with two reference pictures while one 
from list0 and/or one from list 1. 
 

SP slice: A so-called switching P slice that is coded such that efficient switching 
between different precoded pictures becomes possible. 
 

SI slice: A so-called switching I slice that allows an exact match of a macroblock 
in an SP slice for random access and error recovery purposes 
 
* The last two types are new added in H.264/AVC, for details refer to [20] and the first 

three slice types are used similarly as former standards. 
 

Profile: Profile defines a set of coding algorithms or functions that a coding 
standard may use. In H.264, 3 profiles are defined know as baseline profile, main profile and 
extended profile. 

 
Level: The performance limit for CODECs are defined as a collection of levels, 

each places a restriction on the configurations of the coding process, such as decoding speed, 
sample rate, block numbers per second etc. 
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3.1 Network Abstract Layer 
 
The network abstraction layer (NAL) is designed to provide friendly transmission 

for video data through different network environments. 
 

The coded video data is packaged into NAL units in order to support most of the 
existing packet switching based network environments. Each NAL unit is a packet that 
contains an integer number of bytes. The first byte of each NAL unit is the header that 
contains an indication of the data type in this NAL unit, and the following bytes contain the 
data indicated by the header [9]. For more detailed information about NAL, please refer to 
[9]. 
 

3.2 Video Coding Layer 
 
A collection of modifications has been adopted by video coding layer of H.264 in 

order to achieve the significant compression efficiency compares to former existing 
standards. 
 

The basic coding structure of H.264/AVC is shown in figure 3.4, in which, the red 
blocks is the encoding flow and the grey blocks within the dashed box is the decoding flow. 

 

 
 
                                                Figure 3.4 H.264 CODEC 
 

The basic encoding and decoding flow looked similar to Figure 2.4, which is the 
general model of video coding system. 
 

In H.264, the video source is divided into blocks of luma and chroma first; then, 
the motion estimation and prediction are employed to exploit the temporal and spatial 
redundancy. After these, DCT transformation, Quantization and Entropy coding will be 
applied in serial, which finally generate the output bit stream. This bit stream can be used to 
transmit through networks or stored with optical or magnetic storage devices. 
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The decoding flow consists of a series of reversed operations in term of the 
encoding process. The only operation added to the decoding flow is the Loop-filter 
(deblocking filter), which is an optional feature in H.263+ but mandatory in H.264/AVC. 
The purpose of this filter is to minimize the block distortions introduced by block based 
transformation and motion estimations. 
 

It is always the case that only the video decoding procedure is defined in existing 
standards (also for H.264/AVC), which means by imposing the decoding process with a 
collection of restrictions (such as the restrictions on bit stream and syntax), any encoding 
process that produce a decodable bit stream (decodable by the standard decoding process) is 
an applicable encoder. By this way, the developers have strong flexibility in developing the 
encoders in order to incorporate with different applications with varies of requirements 
(such as compression quality, implementation cost, time to market, etc) [9]. 

 

3.2.1 Motion Estimation and Compensation for inter frames: 
 
The key features added to Motion Estimation and Compensation part of 

H.264/AVC include: 
 

1.  Variable block-size motion compensation with small block sizes 
2.  1/4-pixel motion estimation accuracy 
3.  Multiple reference pictures selection  
 

 
                             

   Figure 3.5 Motion estimation and Compensation 
 
 
Variable block-size motion compensation with small block sizes:  

 
In former existing standards, motion estimation is based on 16x16 macroblock for 

luma component as well as 8x8 block for chroma component. But in H.264/AVC, different 
block sizes and shapes are supported for motion compensation.  
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As shown in figure 3.6, the luminance component (Y) of each macroblock can be 
partitioned as 4 ways: one 16x16 macroblock, two 16x8 rectangle blocks, two 8x16 
rectangle blocks or four 8x8 blocks. 
 

If the 8x8 mode is chosen, each 8x8 block may be further divided in four ways: still 
as itself (8x8), two 8x4 sub blocks, two 4x8 sub blocks or four 4x4 sub blocks. This is done 
by transmit one additional syntax element for each 8x8 partition. This syntax element 
specifies whether the corresponding 8x8 partition should be divided further. The partition 
strategy can be looked as a tree structure to some extent. The partitions for chroma 
components (Cb, Cr) are in the same manner, but the size of each partition is only half of the 
luma partition on both horizontal and vertical (16x8 in luma corresponding to 8x4 in chroma, 
8x4 in luma corresponding to 4x2 in chroma) [3] [8]. 
 

 
 
                                     Figure 3.6 Sub-macroblock partitions 
 

As we mentioned in chapter 2, the smaller the block is split, the less energy is left 
within the residual. By using the combination of seven different block sizes and shapes, the 
translated bit rate saves more than 15% as compared to using only a 16x16 block size. 
 
1/4-pixel motion estimation accuracy: 
 

Most of the existing standards support the motion estimation accuracy up to 1/2 
pixel. In H.264/AVC, the maximum accuracy is enhanced to 1/4 pixel.  
 

Each partition or sub-macroblock partition in an inter-coded macroblock is 
predicted from an area of the same size in a reference picture. The offset between the two 
areas (the motion vector) has quarter-sample resolution for the luma component and one-
eighth-sample resolution for the chroma components. The luma and chroma samples at sub-
sample positions do not exist in the reference picture and so it is necessary to be created by 
using interpolation from nearby coded samples. 
 

Figure 3.7 is the half-pixel interpolation of a 4x4 luma block. The grey dots noted 
with upper case indicate the integer-position samples and all the rest dots noted with lower 
case are half-pixel samples. In practice, the motion vectors (MV) of the block use one or 
two bits to indicate if the motion estimation is integer, half-pixel or quarter-pixel. 
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Figure 3.7 Half-pixel interpolations 
 

The calculation of a half-pixel position sample is done by apply a 6-tap FIR filter to 
integer samples on both horizontal and/or vertical direction. For example, half-pixel sample 
b is calculated as 
 

b = round ((E − 5F + 20G + 20H − 5I + J) /32)                                                   (3.1) 
 

Similarly, h is derived in the same way as b but the integer samples involved are on 
vertical direction (A, C, G, M, R, and T).  Sample b and h here are calculated by 
interpolating on one direction (vertical or horizontal). 
 

After all the half-pixel samples (b, h, m, s, cc, dd, ee, ff etc.) are generated, sample 
j can be derived by averaging the half-pixel samples with the same filter operation. 
 

j = round ((cc − 5dd + 20h + 20m − 5ee + ff) /32) 
       or round ((aa − 5bb + 20b + 20s − 5gg + hh) /32)                                 (3.2) 
 

Predicted values at quarter-sample positions are generated by averaging samples at 
integer- and half-sample positions. Fig. 3.8 illustrates the fractional sample interpolation for 
samples a-k and n-r.  The upper cased samples are integer samples. 
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Figure 3.8 Quarter-pixel interpolation  
 

Quarter-pixel positions with two horizontally or vertically adjacent half- or integer-
position samples (e.g. a, c, i, k and d, f, n, q in Figure 3.9) are linearly interpolated between 
these adjacent samples, for example:  
 
a = Round ((G + b) / 2)                                                                                                       (3.3) 
 

 
                                      Figure 3.9 Example of quarter-pixel interpolation 
 

The final prediction values for locations b and h are obtained as follows and 
clipped to the range of 0 to 255. 
 
b = (b1 + 16) >> 5                                                                                                               (3.4)
  
h = (h1 + 16) >> 5                                                                                                               (3.5) 
 
Where 
b1 = (E – 5 F + 20 G + 20 H – 5 I + J)                                                                               (3.6) 
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h1 = (A – 5 C + 20 G + 20 M – 5 R + T)                                                                            (3.7) 
 
The samples at half sample positions labeled as j are obtained by 
 
j1 = cc – 5 dd + 20 h1 + 20 m1 – 5 ee + ff                                                                         (3.8) 
 

Where intermediate values denoted as cc, dd, ee, h, m and ff are obtained in a 
manner similar to h1. The final prediction value j is then computed as j = (j1 + 512) >> 10 
and is clipped to the range of 0 to 255. 
 

The two alternative methods of obtaining the value of j illustrate that the filtering 
operation is truly separable for the generation of the half-sample positions. The samples at 
quarter sample positions labeled as a, c, d, n, f, i, k, and q are derived by averaging with 
upward rounding of the two nearest samples at integer and half sample positions as, for 
example, by a = (G + b + 1) >> 1. The samples at quarter sample positions labeled as e, g, p, 
and r are derived by averaging with upward rounding of the two nearest samples at half 
sample positions in the diagonal direction as, for example, by  
 
e = (b + h + 1) >> 1                                                                                                             (3.9) 
 

From the upper example, we found that the derivation of sample j needs to access 
totally 36 integer samples around it. For a 4x4 block with the same resolution as j, it needs 
to access a 9x9 block (81 pixels) of integer samples, which means the memory bandwidth 
requirement on interpolation will be high. So, how to increase the memory access 
parallelism and enhance the computation efficiency by introducing a hardware accelerator 
will be addressed in detail in chapter 6. 
 

The performance improvement that the quarter-pixel accuracy introduced is the 
20% bit rate savings as well as more accurate motion representation compares to using 
integer-pixel spatial accuracy. 

 

3.2.2 Multiple reference pictures selection: 
 
Compares to former standards which at most support reference up to two 

previously decoded pictures, the new standard gives flexibility for the encoder to select the 
reference picture among a larger number of pictures that have been decoded and stored in 
the decoder. This extension increases the requirement of memory size for both encoder and 
decoder but enhanced the compression efficiency at the same time.  
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Figure 3.10 Multi-frame prediction 
 

As shown in the figure 3.10, for a P macroblock, the reference picture can be 
chosen from multiple former decoded pictures. In this case, for each macroblock or block, 
not only the motion vectors but also a reference index parameter ∆ (which indicates which 
picture should be referenced) is transmitted.  
 

The reference index parameter is transmitted for each motion-compensated 16x16, 
16x8, 8x16, or 8x8 luma block. Motion compensation for smaller regions than 8x8 uses the 
same reference index for prediction of all blocks within the 8x8 region. 
 

Because of the increased complexity of motion predicted prediction, the new 
standard employees two distinct lists of reference pictures know as list0 and list1 to manage 
the reference pictures. For P slice, only the list0 is used to store the reference pictures when 
B slice needs both list0 and list1. For detailed reference picture management, please refer to 
[1] and [3]. 
 

The motion compensated-prediction for B slice is in the same manner except that it 
is a bi-directional prediction. In B slices, four different types of inter-picture prediction are 
supported: list 0, list 1, bi-predictive, and direct prediction. For the bi-predictive mode, the 
prediction signal is formed by a weighted average of motion-compensated list 0 and list 1. 
The direct prediction mode is inferred from previously transmitted syntax elements and can 
be either list 0 or list 1 prediction or bi-predictive [8]. 
 

Multiple reference pictures in the new standard yield about 5-20% coding 
efficiency increment compares to former standards that use only one reference frame.  
 

3.2.3 Intra Prediction: 
 
Intra prediction allows the current macroblock to be predicted by the previously 

decoded samples on its top and left within the same frame, as shown in figure, the encoder 
can switch between intra and inter prediction dynamically according to the content of the 
frame. 
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                                              Figure 3.11 Intra prediction 
 

This directional spatial prediction for intra coding improves the quality of the 
prediction signal, and also makes it possible that the neighboring samples that use different 
coding method can also be referenced by current macroblock or block. 
 

There are 9 intra_4x4 and 4 intra_16x16 intra prediction modes for luma 
components. For chroma components, 4 8x8 based intra prediction modes are supported and 
both the chroma components of the same macroblock (Cb and Cr) use the same prediction 
mode.  
 

In addition to the intra prediction modes above, another intra coding mode, I_PCM, 
is also used for some special cases. I_PCM just sends the image samples without prediction 
or transformation. The purpose of I_PCM mode is: for those anomalous picture contents, 
I_PCM mode is more data saving than intra prediction while represent the picture 
accurately. Another advantage of I_PCM is that it adds a hard limit on the amount of bits of 
the macroblock without degrade the picture quality [3]. 
 

4x4 intra prediction for luma: 9 modes for the prediction of 4x4 luma blocks, 
including 1 DC prediction mode and 8 directional modes. 
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(a) Sample labels                                 (b) Prediction directions 

 
Figure 3.12 Intra prediction 

 
Figure 3.12 (a) illustrates the current 4x4 block need to be predict (labeled with 

lower case a~p). Samples on the left and top labeled with upper case are the samples that 
have been reconstructed. Figure 3.12 (b) illustrates the directions of 8 direction modes.  
 

 
                                      

Figure 3.13 4x4 luma prediction mode 
 

    

Mode 0 (Vertical) The upper samples A, B, C, D are extrapolated 
vertically. 

Mode 1 (Horizontal) The left samples I, J, K, L are extrapolated 
horizontally. 

Mode 2 (DC) All samples in P are predicted by the mean of 
samples A ~ D and I ~ L. 

Mode 3 (Diagonal Down-Left) The samples are interpolated at a 45◦ angle 
between lower-left and upper-right. 

Mode 4 (Diagonal Down-Right) The samples are extrapolated at a 45◦ angle down 
and to the right. 
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Mode 5 (Vertical-Right) Extrapolation at an angle of approximately 26.6◦ 
to the left of vertical (width/height = 1/2). 

Mode 6 (Horizontal-Down) Extrapolation at an angle of approximately 26.6◦ 
below horizontal. 

Mode 7 (Vertical-Left) Extrapolation (or interpolation) at an angle of 
approximately 26.6◦ to the right of vertical. 

Mode 8 (Horizontal-Up) Interpolation at an angle of approximately 26.6◦ 
above horizontal.  

 
           Table 3.1 4x4_intra prediction modes for luma 
 
* In case that E, F, G and H haven’t been reconstructed when they are needed for prediction, 
the value of D will be used as E, F, G and H.  
 
For example, in case of mode 4, d is calculated as 
 
d = round (B/4+ C/2+ D/4)                                                                                               (3.10) 
 

16x16 intra prediction for luma: 4 modes for the prediction of 16x16 luma blocks. 
Compares to intra_4x4, which is more suitable for texture areas prediction, intra_16x16 is 
better for homogeneous areas.  
 

The operation of intra_16x16 is very similar to intra_4x4 except that on each side 
of the current macroblock (top and left), there are 16 instead of 4 samples are involved. 

 
Mode 0 (vertical) Extrapolation from upper samples  

Mode 1 (horizontal) Extrapolation from left samples 

Mode 2 (DC) Mean of upper and left-hand samples 

Mode 4 (Plane) A linear ‘plane’ function is fitted to the upper 
and left-hand samples  

 
Table 3.2 16x16_intra prediction modes for luma 

 
8x8 intra prediction for chroma: 4 modes for the prediction of 8x8 chroma 

blocks.  Intra prediction for chroma is also very similar to intra_16x16 luma prediction. For 
Cb and Cr, they use the same prediction mode. 
 

3.2.4 Deblocking Filter: 
 
As we mentioned before, most of the operations of current coding technique are 

based on macroblocks or blocks. The main drawback is that the edges of the blocks are often 
less accurate than the inner part of the block which can cause the visible distortion of the 
picture appearance.  
 

In former coding standards, there is no any specific operations has been defined to 
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do with this, although some CODEC developers have been adopting some methods to 
reduce the distortion in their own ways. 
 

Deblocking filter is a new added part for H.264/AVC in order to minimize the 
block distortion introduced by present compression technique. By controlling the strength of 
the filtering with some parameters, the block edges can be smoothed and the appearance of 
the decoded frames is also enhanced.  
 

The deblocking filter is an in-loop filter, which means it is not a kind of post-
processing. For post filter, the input is a completely reconstructed frame, but for in-loop 
filter, the input is the current MB and the boundaries of each decoded macroblock are 
filtered immediately.  As shown in figure 3.14 deblocking filter is added to the encoder after 
inverse transformation and before the frame store. For decoder, the filter is located after the 
reconstruction of the frame for display. 

 

 
                                         

Figure 3.14 Loop-filter 
 

The filter operation is applied in the following method: horizontal and vertical 
edges of each 4x4 block should be filtered except for those on the slice boundaries. As 
shown in figure 3.15 the boundaries (dashed lines) are filtered by vertical boundary first and 
luma component first according to the following order: 
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 Figure 3.15 Edge filter order 
 
1. Filter 4 vertical boundaries of the luma component (in order a, b, c, d). 
2. Filter 4 horizontal boundaries of the luma component (in order e, f, g). 
3. Filter 2 vertical boundaries of each chroma component (i, j). 
4. Filter 2 horizontal boundaries of each chroma component (k, l). 
 

The way the deblocking filter process is specified in the standard, when the top of a 
current macroblock is filtered, the bottom of the macroblock above is also filtered.  Thus, 
both the top and bottom of each macroblock will eventually get filtered. 
 

For each filter operation, there are at most 4 samples on both size of the block 
boundary will be involved and at most 3 samples of each size will be re-calculated and 
updated as shown in figure 3.16. 
 

 
 
                                       Figure 3.16 Samples involved in filtering  
 

Strength of the filtering: How strong the filtering operation should be applied is 
decided by the boundary strength BS and the gradient of the samples across the boundary 
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[3].  
 

Bs has 5 possible values from 0 to 4 where 0 means no filtering needed and 4 needs 
the strongest filtering.  For example: Boundary strength BS is defined as: 
 

If the boundary between block P and Q is the boundary of macroblocks, it 
supposed to have a strong block distortion around the boundary. So, BS =4 means the 
filtering should be the strongest. For the definition of BS =0, 1, 2 and 3, please refer to [1]. 
 

The gradient of the samples across the boundary is derived by two threshold values 
α (QP) and β (QP), which are defined in the standard. QP is the average quantization 
parameter of block P and Q. 
 
When BS=4, the filtering operation for a luma block can be calculated as:  
 
If  ap <β and Abs( p0-q0)<( α/4 + 2 )   where ap =Abs(p2-p0) 
 
p0’= (p2+2*p1+2p0+2*q0+q1+4)>>3 
 
p1’= (p2+p1+p0+q0+2)>>2 
 
p2’= (2*p3+3*p2+p1+p0+q0+4)>>3 
 

The picture quality that use deblocking filter and without using deblocking filter 
are compared in picture 3.17 
 

 
          

(a) Without filtering                                          (b) With filtering 
 
                         Figure 3.17 Comparison between the picture qualities 
 

3.2.5 Entropy Coding: 
 
 The following two entropy coding algorithms are used in H.264 standard: 

1. CAVLC 
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CAVLC is context adaptive variable length coding based on 4x4 blocks. It is 
combination of both entropy coding and run length coding. The concept of CAVLC 
has already been introduced in earlier chapters. 
 

2. CABAC 
CABAC is context adaptive binary arithmetic coding. Depending on the context, 
different probability model is chosen for arithmetic coding engine.  

 

3.3 Conclusion 
 

As a conclusion, H.264/AVC was introduced with significant enhancement both in 
compression efficiency and error resilience. Compared with former video coding standards 
such as MPEG2 and MPEG4 part 2, it saves more than 40% in bit rate and provides 
important characteristics such as error resilience, stream switching, fast forward/backward 
etc. It is believed to be the most competitive video coding standard in this new era. However, 
the improvement in performance also introduces increase in computational complexity, 
which requires higher speed both in hardware and software.  
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4. Media Processors 

4.1 Media Processor Architecture 
 
 As digital multimedia applications have become killer applications in the past 10 
years and computationally intensive media applications for embedded devices put new 
requirements on hardware, media processors which can manage real-time media coding and 
decoding have formed a large portion of world IC processor market. Different architectures 
have emerged from general CPU to multi-core SoC.  

4.1.1 General Purpose CPU: 
 
 From graphic workstations to personal computers, general purpose CPU has been 
widely used to process multimedia contents. This is also the case in some embedded systems. 
The general purpose CPU has, of course, all the functionality needed to handle all kinds of 
media standards and formats, but does it very inefficiently since there is a huge control 
overhead for each instruction, since it has to be fetched and decoded. Also general purpose 
CPU can not utilize parallelism in media algorithms. Thus general purpose CPU has 
problems with real time processing.  
 

In order to meet the requirements of media processing, instruction set extension has 
been applied to several general purpose CPU families. These include MAX-2 for PA-RISC, 
MMX, SSE and SSE-2 for Intel IA-32 architecture and a superset of these to Itanium IA-64 
architecture. 
 

Media Instruction Extension Company 
MMX Intel 
3D Now! AMD 
PA-RISC HP 
VIS (UltraSparc) SUN 
ISA&MDMX MIPS 

  
Table 4.1 Instruction Set Extension 

4.1.2 Customized ASIC: 
  

Customized ASIC is the total opposite to the general purpose CPU. The ASIC is 
usually designed for single media standard and handles that very efficiently. However, the 
ASIC solution lacks flexibility. Customized ASIC has the advantage of smaller silicon area, 
lower power consumption and high performance which is suitable for handheld devices such 
as mobile terminals. Since customized ASIC is generally manufactured in large volume, 
price per chip is much lower compared with general CPU. Thus customized ASIC has taken 
a large share of today’s media processor market. 

 
 However, since more and more heterogeneous media compression standards have 
come to the world, it is more and more difficult for ASIC to meet the requirement of 
flexibility in order process different media standards efficiently.  
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4.1.3 Application Specific Instruction Set Processor: 
 
The idea of application specific instruction set processors (ASIPs) is to design an 

instruction set that matches the application. This gives fairly high flexibility and at the same 
time, crucial operations can have a single instruction and thus be executed efficiently. The 
ASIP uses a standard von Neuman architecture. 

 
To find the correct instruction set, instruction profiling can be used. This means 

that the algorithms are executed in a simulator and statistics are gathered of how often each 
operation is used. It must then be decided which operations get specialized instructions and 
which will require a sequence of instructions. If some sequence of operations is frequently 
appearing in the execution it may be considered to cluster these operations into one single 
instruction. 

 
The number of instructions required for a certain task can differ a lot between 

ASIPs and general purpose CPUs and also between two different ASIPs. Therefore, the 
traditional measurement of computing power, million instructions per second (MIPS) no 
longer suffice as performance measurement when comparing network processors. 
 

4.1.4 VLIW: 
 
Very-Long Instruction Word (VLIW) architecture is a suitable alternative for 

exploiting instruction-level parallelism (ILP) in programs which means more than one basic 
(primitive) instruction can be executed simultaneously. Generally there are multiple 
functional units in a single VLIW processor, and a Very-Long Instruction Word containing 
several primitive instructions is fetched from the instruction cache, and dispatched for 
parallel execution.  

 
The parallelism is exploited by compiler during compiling time and independent 

primitive instructions are grouped together and executable in parallel. Usually VLIW 
processors have relatively simple control logic because they do not perform any dynamic 
scheduling nor reordering of operations (as is the case in most contemporary superscalar 
processors).  

According to media processing, VLIW processors can provide both flexibility and 
real-time performance, thus they have been widely used in embedded systems which have 
strict requirements in power consumption and flexibility.  

However, VLIW has been perceived as suffering from important limitations, such 
as the need for a powerful compiler, increased code size arising from aggressive scheduling 
policies, larger memory bandwidth and register-file bandwidth etc. In recent years, a lot of 
research has been conducted to solve these limitations. 
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4.1.5 SIMD: 
  

SIMD (Single Instruction Multiple Data) architectures are essential in the parallel 
world of computers. Their ability to manipulate large vectors and matrices in minimal time 
has been widely used in media processing which contains a large number of vector 
processing. SIMD extensions started appearing in microprocessors with HP's MAX2 and 
Sun's VS extensions in 1994. Since then we have seen MMX, MVI, 3DNow!, MadMax, 
Streaming SIMD, AltiVec, and SPE. All of these extensions enable programmers to deliver 
higher microprocessor hardware utilization. However these are SIMD extensions to general 
purpose CPU which is not designed specifically for media processing.  
 
 Since the late 90’s, SIMD instruction extensions have been added to DSP 
processors such as HiBRID-DSP from Hannover University, SuperH-5 from Hitachi and ST, 
C62x from Texas Instruments. SIMD has greatly promoted their performance in media 
processing.   
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4.2 Media Processor Survey 
4.2.1 HiBRID-SoC: 
 
 Institute of Microelectronics System at University of Hannover has developed a 
multi-core system-on-chip architecture for multimedia applications which is called HiBRID-
SoC. The HiBRID-SoC integrates three fully programmable processor cores and various 
interfaces on a single chip, all tied to a 64-Bit AMBA AHB bus. Its memory subsystem is 
particularly adapted to the high bandwidth demands of the multi-core architecture by 
providing several DMA capabilities and multiple data transfer paths. The processor cores 
are individually optimized to the particular computational characteristics of different 
application fields, complementing each other to deliver high performance levels with high 
flexibility at reduced system costs. The HiBRIDSoC is fabricated in a 0.18 µm 6LM 
standard-cell technology, occupies about 82 mm2, operates at 145 MHz and consumes 3.5 
Watts. [11][12][13] 

 
As is shown below, the HiBRID-SoC multi-core architecture consists of three 

programmable cores. Each core has been specifically optimized towards a group of 
algorithms by employing different architectural strategies.  

 

 
 

Figure 4.1 HiBRID SoC Architecture 
 
1. HiPAR-DSP core 

 
The HiPAR-DSP is a 16-data-path SIMD processor core controlled by a four-issue 

VLIW and is particularly optimized towards high-throughput two-dimensional DSP-style 
processing, such as FFT-intensive applications or filtering. [11][12][13] 

 
There is a global control unit in HiPAR-DSP which has its own register file and 
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ALU. The controller can fetch 128-bit VLIW instruction from instruction cache and then 
delivery arithmetic instructions to data paths.  

 
A shared on-chip memory called Matrix Memory is implemented which allows 

concurrent accesses of all data paths in matrix-shaped access patterns. This memory enables 
easy data exchange among data paths, which is intensive for many media applications. 

 

 
 

Figure 4.2 HiPAR-DSP Architecture 
 

 
 

Figure 4.3 Matrix Memory circuit 
 
The HiPAR-DSP is able to achieve peak performance of 2.3GMACs which makes 

it versatile for various applications with high computational complexity. 
 

2. Macroblock Processor (MP) core 
 

The Macroblock Processor (MP) has been designed specifically for the efficient 
processing of data blocks or macroblocks that are typical for many video coding schemes. It 
has a heterogeneous data path structure consisting of a scalar and a vector unit controlled by 
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a dual-issue VLIW, offers flexible subword parallelism, and contains instruction set 
extensions for typical video processing computation steps.  

 

  
Figure 4.4 Macroblock Processor 

 
3.  Stream Processor (SP) core 

 
The Stream Processor (SP), finally, consists of a scalar 32-Bit RISC architecture 

that is more optimized towards control-dominated tasks such as bitstream processing or 
global system control with a particular focus on high-level language programmability. 

 

 
Figure 4.5 Stream Processor 

4.2.2 TI-C6000: 
 
TI is the leading vendor in semiconductor industry. TMS320C6000™ DSP 

platform offers a broad portfolio of the industry's fastest DSPs running at clock speeds up to 
1 GHz. The platform consists of the TMS320C64x™ and TMS320C62x™ fixed-point 
generations as well as the TMS320C67x™ floating-point generation. Optimal for designers 
working on products such as targeted broadband infrastructure, performance audio and 
imaging applications, the C6000 DSP platform's performance ranges from 1200 to 8000 
MIPS for fixed-point and 600 to 1800 MFLOPS for floating point. [14] 

 
TMS320C6000 family DSP platform is load-store RISC architecture with 2 data 

paths with16 32-bit registers attached to each data path (A0-15 and B0-15). Each data path 
consists of the following units: 

Data unit: supports 32-bit address calculations (modulo, linear).  
Multiplier unit: processes 16 bit data and output with 32-bit result.  



   41

Logical unit: 40-bit (saturation) arithmetic & compares 
Shifter unit: 32-bit integer ALU and 40-bit shifter 
Conditionally executed based on registers A1-2 & B0-2 
 
The data path works with two 16-bit halfwords packed into 32 bits Different 

numbers of instructions are assigned to specific platform: 48 instructions (C62x) and 79 
instructions (C67x). 

 
 

Figure 4.6 Comparison of C62x/C67x and C64x Architecture 
  

Based on TMSC55x, the OMAP SoC platform was developed by TI and is ideal for 
portable data terminal applications such as mobile and multimedia terminals. OMAP has 
been designed for the following purposes such as 6+ Megapixel cameras, DVD-quality 
video, High-end gaming console functionality, Hi-Fi music with 3D sound effects and High-
speed wireless connectivity. 

 
Each OMAP platform consists of one ARM1136 core, one TMS320C55x™ DSP 

core, 2D/3D hardware MBX/VGP accelerators and peripheral interfaces. 
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From TI website: www.ti.com 

 
Figure 4.7 TI OMAP 

4.2.3 StarCore: 
 
The StarCore SC2000-product family was developed by Freescale (former 

Motorola Semiconductor) to provide more efficient video encoding and decoding in 
software, reduce power consumption for converging mobile systems, and enable the use of 
denser, faster compiled code.Target applications for the SC2000 include: 
    * Mobile multimedia 
    * Converging consumer devices 
    * Single-core wireless modems 
    * General purpose embedded digital signal processing 
 

The SC2000 cores consist of the SC2200 and the SC2400, which are high-
performance, small-footprint cores designed to meet the low power-consumption 
requirements of battery-powered and embedded applications. The SC2000-family cores 
offer new and enhanced multimedia instructions—including single-instruction multiple-data 
(SIMD) instructions—to provide for the efficient implementation of video algorithms in 
software. For example, tight motion-estimation loops that take advantage of the new SAD4 
instruction execute up to 13 times faster than on cores in the previous family. As a result, 
SC2000-family cores can perform simultaneous software encoding and decoding of VGA-
quality MPEG-4 video at 30 frames per second and beyond. As an example, CIF (352 x 
288-pixel) video encoding at 15 frames per second requires only about 50 MHz, or 10 
percent of a 500 MHz SC2000-family processor’s computational capability, while video 
decoding can be performed with less than 20 MHz.  [15] 
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                 From StarCore website: www.starcore-dsp.com 

 
Figure 4.8 StarCore 2400 

4.2.4 ADSP SHARC: 
 
Analog Device developed SHARC DSP for applications include high-end audio 

systems, wireless basestations, medical imaging, sonar imaging, and robotics. 32-bit 
floating-point Super Harvard Architecture (SHARC) DSP based on SIMD core (Sept. 6, 
2000). This "Super" Harvard architecture extends the original concepts of separate program 
and data memory busses by adding an I/O processor with its associated dedicated busses. In 
addition to satisfying the demands of the most computationally intensive, real-time signal-
processing applications, SHARC processors integrate large memory arrays and application-
specific peripherals designed to simplify product development and reduce time to market. 
[16] 
 

The SHARC processor portfolio currently consists of three generations of products 
providing code-compatible solutions ranging from entry-level products priced at less than 
$10 to the highest performance products offering fixed- and floating-point computational 
power to 400 MHz/2400 MFLOPs. Irrespective of the specific product choice, all SHARC 
processors provide a common set of features and functionality useable across many signal 
processing markets and applications: 
    * 32/40-Bit IEEE Floating-Point Math 
    * 32-Bit Fixed-Point Multipliers with 64-Bit Product & 80-Bit Accumulation 
    * No Arithmetic Pipeline; All Computations Are Single-Cycle 
    * Circular Buffer Addressing Supported in Hardware 
    * 32 Address Pointers Support 32 Circular Buffers 
    * Six Nested Levels of Zero-Overhead Looping in Hardware 
    * Rich, Algebraic Assembly Language Syntax 
    * Instruction Set Supports Conditional Arithmetic, Bit Manipulation, Divide & Square 
Root, Bit Field Deposit and Extract 
    * DMA Allows Zero-Overhead Background Transfers at Full Clock Rate without 
Processor Intervention [16] 
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Second Generation SHARC products double the level of signal processing 

performance (100MHz / 600MFLOPs) offered by utilizing a Single-Instruction, Multiple-
Data (SIMD) architecture. This hardware extension to first generation SHARC processors 
doubles the number of computational resources available to the system programmer. Second 
generation products contain dual multipliers, ALUs, shifters, and data register files - 
significantly increasing overall system performance in a variety of applications. This 
capability is especially relevant in consumer, automotive, and professional audio where the 
algorithms related to stereo channel processing can effectively utilize the SIMD architecture. 
 

Third Generation SHARC products employ an enhanced SIMD architecture that 
extends CPU performance to 400 MHz/2400 MFLOPs. These products also integrate a 
variety of ROM memory configurations and audio-centric peripherals design to decrease 
time to market and reduce the overall bill of materials costs. This increased level of 
performance and peripheral integration allow third generation SHARC processors to be 
considered as single-chip solutions for a variety of audio markets. 
 

 
From ADI website www.analog.com 

 
Figure 4.9 ADI TigerShark 

 

4.2.5 Blackfin: 
 
Intel Corporation and Analog Devices cooperated to develop Blackfin Processors 

which are a new breed of embedded media processor designed specifically to meet the 
computational demands and power constraints of today's embedded audio, video and 
communications applications. Based on the Micro Signal Architecture (MSA) jointly 
developed with Intel Corporation, Blackfin Processors combine a 32-bit RISC-like 
instruction set and dual 16-bit multiply accumulate (MAC) signal processing functionality 
with the ease-of-use attributes found in general-purpose microcontrollers. This combination 
of processing attributes enables Blackfin Processors to perform equally well in both signal 
processing and control processing applications-in many cases deleting the requirement for 
separate heterogeneous processors. This capability greatly simplifies both the hardware and 
software design implementation tasks. [16] 
 

Currently, Blackfin Processors offer performance to 756MHz / 1,512 MMACs in 
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single core products. New symmetric multi-processor members of the Blackfin processor 
family extend this to over 3000 MMACs. The Blackfin Processor family also offers industry 
leading power consumption performance to as low as 0.15mW/MMAC at 0.8V. This 
combination of high performance and low power is essential in meeting the needs of today's 
and future signal processing applications including broadband wireless, audio/video capable 
Internet appliances, and mobile communications. [16] 
 

The Blackfin Processor architecture employs numerous techniques to ensure that 
signal processing performance is maximized. These include a fully interlocked instruction 
pipeline, multiple parallel computational blocks, efficient DMA capability, and instruction 
set enhancements designed to accelerate video processing. [16] 
 

Computational blocks within the architecture are designed to maximize the number 
of mathematical operations that can execute within any given clock cycle. The basis of the 
Blackfin Processor architecture is the Data Arithmetic Unit that includes two 16-bit 
Multiplier Accumulators (MACs), two 40-bit Arithmetic Logic Units (ALUs), four 8-bit 
video ALUs, and a single 40-bit barrel shifter. Each MAC can perform a 16-bit by 16-bit 
multiply on four independent data operands every cycle. The 40-bit ALUs can accumulate 
either two 40-bit numbers or four 16-bit numbers. With this architecture, 8-, 16- and 32-bit 
data word sizes can be processed natively for maximum efficiency. [16] 
 

Two Data Address Generators (DAGs) are complex load/store units designed to 
generate addresses to support sophisticated DSP filtering operations. For DSP addressing, 
bit-reversed addressing and circular buffering is supported. For RISC MCU loads and stores, 
auto-increment, auto-decrement, and base-plus-immediate-offset addressing modes are 
supported. Six 32-bit address pointer registers (P0-P5) fetch operands. There are four other 
sets of 32-bit registers: Index registers (I0-I3), Modifier registers (M0-M3), Base registers 
(B0-B3), and Length registers (L0-L3). The DAGs also include two loop counters for nested 
zero overhead looping and hardware support for on-the-fly saturation and clipping. 
 

In addition to native support for 8-bit data, the word size common to many pixel 
processing algorithms, the Blackfin Processor architecture includes instructions specifically 
defined to enhance performance in video processing applications. For example, Discrete 
Cosine Transform (DCT) is supported with an IEEE 1180 rounding operation, while the 
"SUM ABSOLUTE DIFFERENCE" instruction supports motion estimation algorithms used 
in video compression algorithms such as MPEG2, MPEG4, and JPEG. [16] 
 

 
From ADI website: www.analog.com 

 
Figure 4.10 ADI Blackfin 
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4.2.6 SH-5: 
  

Hitachi and STMicroelectronics cooperated to develop SuperH-5 DSP for 
multimedia and other applications. The SH-5 family is the first product in the SuperH family 
with a 64-bit architecture. The 64-bit architecture has been used to deliver high performance 
2, 4 and 8-way SIMD operations and implements a 32-bit addressing system to deliver cost 
effective embedded systems solutions. Future product options will implement 64-bit 
addressing for systems that require the additional memory addressing capabilities. [17] [18] 
 

The SH-5 instruction set includes the 16-bit encoded SHcompact used in all 
previous SuperH generations and the new 32-bit encoded SHmedia instruction set that 
includes the range of SIMD instructions for processing DSP type algorithms. It has the 
following features: 
1. 64-bit RISC CPU delivering 1.5DMIPS/MHz (Dhrystone 2.1) 
2. Optional 128-bit Vector FPU 
3. 16-bit encoded instruction set delivers class leading code density. The SH-5 general 
purpose instruction set is based on the popular SHcompact RISC instruction set. 
4. 32-bit encoded SIMD instruction set SHmedia which delivers efficient multimedia 
performance manipulating 2, 4 and 8-way SIMD instructions. 
5. Efficient cache architecture: The SH-5 family is a high performance CPU core that has 
been designed with 4-way set associative caches. 
 

 
Figure 4.11 Hitachi SH-5 

4.2.7 SPXK5: 
 
NEC Corporation developed SPXK5, a new digital signal processing (DSP) core 

with architecture optimized for efficient MPEG4 codec processing of audio and video 
signals in mobile-device multimedia applications such as cellular phones, PDAs, and digital 
video cameras.  [19] 

 
The SPXK5 has improved the signal processing speed by 3 times compared with 

the conventional architecture by employing 4-way parallel very long instruction word 
(VLIW) architecture (Note 1) and dual multiply accumulator (MAC) architecture (Note 2) 
with an instruction set optimized for video signal processing algorithms. NEC's DSP core 
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for mobile devices has achieved a top class performance of 1000 MIPS (at 250 MHz 
operation). The architecture of SPXK5 has the following features: 

4-issue VLIW DSP core 
Low-power 
Dual MAC 
Dual ALU 
Dual DAU (Data Address Unit) 
Single SCU (System Control Unit) 
 

  
 

Figure 4.12 SPXK5 
.   

The new product utilizes NEC's low voltage technology to respond to the new 0.9V 
operation, making possible a low power consumption of 0.05 mW/MIPS. Additionally, a 
high application performance of 105 MHz (no accelerator) for an MPEG 4 video codec (CIF 
size, 15frames/second) and corresponding DSP core power consumption of only 21 mW 
(0.9 V) has been achieved [19] 
 

4.2.8 Ceva-x1620: 
  

CEVA DSP Powerhouse developed Ceva-x1620 for multimedia applications. 
CEVA-X architecture has a unique mix of Very Long Instruction Word (VLIW) and Single 
Instruction Multiple Data (SIMD) architectures. The VLIW architecture allows a high level 
of concurrent instructions processing thus providing extended parallelism, as well as low 
power consumption. SIMD architecture allows single instructions to operate on multiple 
data elements resulting in code size reduction and increased performance. Low power 
consumption is also achieved in the CEVA-X by its instructions and dedicated mechanisms 
such as dynamic and selective units shutdowns and clock slow downs. [20] 
 

CEVA-X offers a scalable computation capability of 2, 4 and 8 MACs. 
Furthermore, the scalability runs beyond the MACs - each MAC is part of computation 
cluster that includes additional logical, arithmetic and bit oriented mechanisms along with a 
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dedicated register file. Using four such clusters results in a high performance architecture 
that executes multiple parallel operations in a single cycle, up to a peak performance of 11 
billion instructions per second. [20] 
 

The instruction set of the CEVA-X is built for code compactness while maintaining 
high parallelism. Instructions are either 16-bit or 32-bit wide, and up to eight such 
instructions can be grouped to form an instruction-packet, executed in a single cycle. Each 
instruction in an instruction-packet is associated with a different functional unit within the 
core. 
 

Instructions operate on variables of several data types: 40-bit, 32-bit, 16-bit and 
bytes. The SIMD capability allows a single instruction to operate on packed data (two words 
or four bytes) within a single accumulator. 
        CEVA-X has the following advantages: 

1. 16-bit fixed-point dual-MAC architecture 
2. Unique mix of Very Long Instruction Word (VLIW) and Single Instruction 

Multiple Data (SIMD)  
3. High DSP performance. For example: 

a. 2 cycle FFT butterfly 
b. 1 cycle Viterbi add-compare-select 

4. Up to 8 instructions in parallel 
5. Variable instruction width (16 or 32-bit) and variable instruction packets 
6. Ultra-low dynamic power consumption achieved by a built-in mechanism which 

shuts off any unnecessary logic 
 

 
From Ceva DSP website: www.ceva-dsp.com 

 
Figure 4.13 Ceva-x1620 

 

4.3 Media Processor Survey Conclusion 
  

Several mainstream media processor have been investigated above. They all try to 
provide both programmability, and high performance in media processing domain. As 
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mobile terminals have become the key application in the consumer electronics market, strict 
requirement of low power consumption has been added. VLIW and SIMD architectures 
have become the mainstream in media processors, and coprocessors have been widely used, 
too. There has never been any agreement that which architecture is most suitable for 
computational intensive media processing while there are various compromises among 
performance, programmability and power consumption. Media processor market has 
become more diverse because of the various requirements of different applications. 
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5. Software Implementation 
 
The software decoder was developed to evaluate cycle costs for different parts in 

H.264 decoding in order to carry out efficient HW/SW partitioning. The implementation of 
decoder is based on a certain single scalar DSP processor platform. Assembler is used to 
implement functional units.  
 

5.1 Design Overview 
 
The decoding process consists of the following steps: 

1. Decoder initialization. 
2. Read and process information of NAL unit. 
3. Read and process information of RBSP. 
4. Read and process information of Slice header and data. 
5. Read and process actual data in Macroblock layer. 
6.  
At step1, the memory space and decoding parameters are initialized for decoding. 
At step2, the information NAL unit is decoded.  

 
([DRAFT 14496-10] The NAL is specified to format VCL data and provide header 

information in a manner appropriate for conveyance on a variety of communication 
channels or storage media). The parameter nal_unit_type is decoded in order to know the 
type of RBSP data structure contained in the NAL unit as specified in Table 4-1. 

 
Table 5.1 Content of NAL unit 

 
 
 
 

nal_unit_type Content of NAL unit  C 

0 Unspecified  
1 Coded slice of a non-IDR picture 2, 3, 4 
2 Coded slice data partition A  2 
3 Coded slice data partition B  3 
4 Coded slice data partition C  4 
5 Coded slice of an IDR picture 2, 3 
6 Supplemental enhancement information (SEI) 5 
7 Sequence parameter set 0 
8 Picture parameter set 1 
9 Access unit delimiter 6 

10 End of sequence 7 
11 End of stream 8 
12 Filler data 9 

13..23 Reserved  
24..31 Unspecified  
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At step3, raw byte sequence payloads (RBSP) are decoded and stored in memory: 
 
Parameter Set Name Parameter Name 

pic_parameter_set_id. 
seq_parameter_set_id  
entropy_coding_mode 
pic_order_present_flag 
num_slice_groups_minus1 
slice_group_map_type  
run_length_minus1[ i ]  
top_left[ i ] and bottom_right[ i ]  
slice_group_change_direction_flag  
slice_group_change_rate_minus1 
pic_size_in_map_units_minus1  
slice_group_id[ i ]  
num_ref_idx_l0_active_minus1  
num_ref_idx_l1_active_minus1  
Weighted_pred_flag  
Weighted_bipred_idc  
pic_init_qp_minus26  
pic_init_qs_minus26  
chroma_qp_index_offset  
deblocking_filter_control_present_flag  
constrained_intra_pred_flag  

 
 
 
 
 
 
 
 
 

Sequence parameter set 
(SPS) 

redundant_pic_cnt_present_flag 
profile_idc and level_idc 
constraint_set0_flag 
constraint_set1_flag 
constraint_set2_flag  
reserved_zero_5bits  
seq_parameter_set_id  
log2_max_frame_num_minus4  
pic_order_cnt_type  
log2_max_pic_order_cnt_lsb_minus4  
delta_pic_order_always_zero_flag  
offset_for_non_ref_pic  
offset_for_top_to_bottom_field  
num_ref_frames_in_pic_order_cnt_cycle 
offset_for_ref_frame[ i ] 
num_ref_frames  
gaps_in_frame_num_value_allowed_flag 
pic_width_in_mbs_minus1  
pic_height_in_map_units_minus1 
frame_mbs_only_flag 
mb_adaptive_frame_field_flag  
direct_8x8_inference_flag  
frame_cropping_flag  
frame_crop_left_offset 
frame_crop_right_offset 

 
 
 
 
 
 
 
 

Picture parameter set 
(PPS) 

frame_crop_top_offset 



   52

frame_crop_bottom_offset   
vui_parameters_present_flag 

 
Table 5.2 RBSP Parameter Set 

 
At step4, the slice header which contains information of reference frame list, 

weight table and other information is decoded, then the slice data is decoded for macroblock 
decoding at next step. 

 
Parameter Set Name Parameter Name 

 
first_mb_in_slice 
slice_type  
pic_parameter_set_id  
frame_num  
field_pic_flag 
bottom_field_flag  
idr_pic_id 
pic_order_cnt_lsb 
delta_pic_order_cnt_bottom 
delta_pic_order_cnt[ 0 ] 
delta_pic_order_cnt[ 1 ] 
redundant_pic_cnt  
direct_spatial_mv_pred_flag 
num_ref_idx_active_override_flag  
num_ref_idx_l0_active_minus1  
num_ref_idx_l1_active_minus1 
cabac_init_idc  
slice_qp_delta  
sp_for_switch_flag  
slice_qs_delta 
disable_deblocking_filter_idc  
slice_alpha_c0_offset_div2  
slice_beta_offset_div2  

 
 
 
 
 
 
 
 
 
 
 

Slice Header  

slice_group_change_cycle 
ref_pic_list_reordering_flag_l0  
ref_pic_list_reordering_flag_l1  
reordering_of_pic_nums_idc  
abs_diff_pic_num_minus1  

 
 

Reference picture list 
reordering 

long_term_pic_num 
luma_log2_weight_denom. 
chroma_log2_weight_denom 
luma_weight_l0_flag  
luma_weight_l0[ i ] 
luma_offset_l0[ i ]  
chroma_weight_l0_flag  
chroma_weight_l0[ i ][ j ]  

 
 

Prediction weight table 

chroma_offset_l0[ i ][ j ] 
no_output_of_prior_pics_flag  

 long_term_reference_flag  
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adaptive_ref_pic_marking_mode_flag 
memory_management_control_operation  
difference_of_pic_nums_minus1  
long_term_pic_num  
long_term_frame_idx 

 
Decoding reference picture 

marking 

max_long_term_frame_idx_plus1 
cabac_alignment_one_bit 
mb_skip_run  
mb_skip_flag 
mb_field_decoding_flag  

 
 

Slice data 

end_of_slice_flag 
 

Table 5.3 Slice Head Parameter Set 
 

At Step5, Macroblock layer information is decoded which is the kernel part of 
decoding procedure.  

 
Parameter Set Name Parameter Name 

mb_type  
pcm_alignment_zero_bit 
pcm_byte[ i ]    

 
Macroblock layer 

coded_block_pattern  
prev_intra4x4_pred_mode_flag[ luma4x4BlkIdx ]  
rem_intra4x4_pred_mode[ luma4x4BlkIdx ]  
intra_chroma_pred_mode  
ref_idx_l0[ mbPartIdx ]  
ref_idx_l1[ mbPartIdx ]  
mvd_l0[ mbPartIdx ][ 0 ][ compIdx ]  

 
 
 

Macroblock prediction 

mvd_l1[ mbPartIdx ][ 0 ][ compIdx ]  
sub_mb_type[ mbPartIdx]  
ref_idx_l0[ mbPartIdx ]  
ref_idx_l1[ mbPartIdx ]  
mvd_l0[ mbPartIdx ][ subMbPartIdx ][ compIdx ] 

 
 

Sub-macroblock prediction 

mvd_l1[ mbPartIdx ][ subMbPartIdx ][ compIdx ] 
coeff_token  
trailing_ones_sign_flag  
level_prefix 
level_suffix 
total_zeros  

 
 

Residual block CAVLC 

run_before  
coded_block_flag 
significant_coeff_flag[ i ]  
last_significant_coeff_flag[ i ]  
coeff_abs_level_minus1[ i ]  

 
 

Residual block CABAC 

coeff_sign_flag[ i ]  
 

Table 5.4 Macroblock Layer Parameter 
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5.2 Program Flow 
5.2.1 Top flow: 

setup

file or RTP stream?OpenBitstreamFile OpenRTPFilefile RTP

malloc_slice

init

init_out_buffer

dec_one_frameEOS? no

free_slice

yes

FmoFinit

free_global_buffer

flush_dpb

CloseBitstreamFile

exit

Data flow of
ldecoder

 
 

Figure 5.1 Flow chart of decoder 
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5.2.2 Decode one frame: 

setup

frame/field

nextheader=
SOP?

dec_frame_slice dec_field_slice

deblock_frame

exit_frame

YCbCr
frame

read_new_slice

no

Yes

fieldframe

dataflow of
dec_one_frame

 
 

Figure 5.2 Flow char of Frame decoding 
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5.2.3 Read new slice: 
setup

Annexb?

GetAnnexbNALU GetRTPNALU

NALUtoRBSP

NALU_TYPE_IDR

NALU_TYPE_DPA

NALU_TYPE_DPB

NALU_TYPE_DPC

NALU_TYPE_SEI

NALU_TYPE_PPS

NALU_TYPE_SPS

NALU_TYPE_PD

NALU_TYPE_EOSTREAM

NALU_TYPE_EOSEQ

NALU_TYPE_FILL

no

no

no

no

no

no

no

no

no

no

yes

yes

yes

yes

yes

yes

yes

yes

yes

yes

yes

read_IDR

read_DPA

read_DPB

read_DPC

read_SEI

read_EOSEQ

read_PD

read_SPS

read_PPS

read_FILL

read_EOSTREAM

freeNALU

exit

yes no

dataflow of
read_new_slice

 
Figure 5.3 Flow char of slice loading 
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5.2.4 Decode one slice: 

dataflow of
dec_one_slice

(To decode one slice)

setup

set_ref_pic_num

read_one_mb

start_mb

exit_mb

exit

dec_one_mb

 
 

Figure 5.4 Flow chart of slice decoding 
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5.2.5 Read Macroblock: 

dataflow of
read_one_mb

(To read syntax elements from NAL)

setup

read_mb_mode

read_mb_func1

no

exit

I_slice or SI_slice?

none I/SI_slice CABAC? read_mb_fun2yes

VLC non intra? read_mb_func3yes

no

interpret_mb_mode_P

interpret_mb_mode_SI

interpret_mb_mode_P

interpret_mb_mode_B

interpret_mb_mode_I

P_SLICE?

B_SLICE?

I_SLICE?

SP_SLICE?

SI_SLICE?

func_copy

readIPCMcoeffsFromNAL readCBPandCoeffsFromNAL

readMotionInfoFromNAL

read_ipred_modes

func_direct

yes

read_8x8_subpart_mod
e

init_mb

IS_COPY?

IS_P8x8

IS_DIRECT?

IPCM?

IS_INTERMV

 
 

Figure 5.5 Flow chart of MB loading 
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5.2.6 Decode Macroblock: 
 

dataflow of
dec_one_mb

(To decode the Macroblock)
dec_ipcm_mb

no

mb_type=IPCM?

IS_NEWINTRA intrapred_luma_16x16yes

no

yes

setup

mv_mode==IBLOCK intrapred

mv_mode != 0 bi-directional pred

pred_dir != 2 forward/backward pred

IS_INTRA? intrapred_chroma

pred_dir!=2 forward/backward_pred

mv_mode!=0 bi-directional pred

direct_pred

IQ

exit

luma
decoding

chroma
decoding

IDCT

direct_pred

IQ

IDCT

mb reconstruction

mb reconstruction

Figure 5.6 Flow chart of MB decoding 
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6. Implementation with Accelerators 

6.1 Processor Model 
 

This single scalar DSP processor consists of a DSP core, DSP Debug Unit and a set 
of Application Specific Accelerators. It can provide higher performance, smaller silicon area 
and reduced power consumption compared to general purpose DSP for target applications. 
The DSP core is originally designed for voice processing and supports certain parallel 
operations. Also reconfigurable memories were used and can be shared with accelerators. 
Accelerators are designed for computational intensive tasks of different target applications. 
An IDE was developed by cooperators to perform simulation, with which new accelerator 
instructions can be easily defined and simulated.  
  

6.2 Memory Issues 
 

In this part, memory issues are addressed including memory architecture and 
addressing acceleration.  

6.2.1 Memory Architecture: 
 
According to the processor model and instruction set architecture (ISA), we 

proposed a method for parallel memory access which improves the performance in pixel 
level operations. 

0

1

101

1 0 1

010

1

0

010

Mem 0

Mem 1
 

 
Figure 6.1 Pixel based Memory Architecture 

  

6.2.2 Top-level Data Flow: 
  

The top-level data flow is shown as follows. VLC accelerator reads input data 
stream from external (off-chip) memory and performs VLC decoding. Then the decoded 16 
values are written into VLC Decoding Buffer (VDB) to form 1 4x4 array. The DSP core 
performs inverse quantization and inverse transform based to the data acquire from this 
buffer and output them to Residual Buffer. Motion Compensation accelerator processes data 
acquired from Residual Buffer (RB) and output them to Pre-filtering Buffer (PB). During 
the process of motion compensation, some intermediate values are stored in Intermediate 
Buffer for Interpolation (IBI). Also pixel data are read from Ref Frame Buffer to perform 
motion compensation. The De-blocking accelerator read data from PB and performs de-
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blocking filtering with data acquired from Current Frame Buffer (CFB), and then output it to 
CFB. 
 

 
 

Figure 6.2 Top flow 
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6.2.3 Memory Partitioning:  
 

Partition Name Usage Size DM0&T
M0 
interleavi
ng 

Video Para Buffer (a) High level para for decoding 10k N 
Video Para Buffer (b) Low level para for decoding  5k Y 
Audio Para Buffer Para for decoding 5k N 
VLC decoding Buffer 4x4 array is written into this 

ping-pong buffer after been 
decoded by VLC decoder 

16*2*16b=32 
words 

Y 

Residual Buffer 4x4 residual array is written into 
this ping-pong buffer after 
inverse quantization and inverse 
transform processing 

16*2*16b=32 
words 

Y 

Intermediate Buffer 
for  Interpolation 

9x4 and 4x4 intermediate values 
are written into this buffer for ½ 
and ¼ interpolation 
computation. 

9*4*16b+4*4
*16b= 52 
words 

Y 

Pre-filtering Buffer 4x4 pixel array is written into 
this ping-pong buffer after 
motion compensation. 

4*4*16b=16 
words 

Y 

Current Frame Buffer The frame under construction is 
stored in the on-chip memory. 

176*144*8b*
1.5=19k 
words 

Y 

Ref Frame Buffer The latest decoded picture is 
used as reference frame in the 
on-chip memory. 

176*144*8b*
1.5=19k 
words  

Y 

Audio Buffer Buffer for audio decoding N/A N 
 

Table 6.1 Memory Partition 
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Video Parameter Memory (a)

VLC Decoding Buffer (Ping-Pong)

Residual Buffer
(Ping-Pong)

Video Parameter Memory (b)

VLC Decoding Buffer (Ping-Pong)

Residual Buffer
(Ping-Pong)

Intermediate buffer for Interpolation Intermediate buffer for Interpolation

Frame buffer 1 Frame buffer 1

Frame buffer 2 Frame buffer 2

DM0 TM0

Audio Buffer

Audio Parameter Memory

Audio Buffer

Pre-filtering Buffer Pre-filtering Buffer

Video Parameter Memory (b)

 
Figure 6.3 Memory Partition 
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6.2.4 Address Generator: 
 

For applications such as video and image processing, 2D addressing is always 
needed to provide immediate memory access of certain pixel arrays in a certain frame. 
However this DSP processor originally was not designed for video processing and only 
supports 1D addressing. Thus in order to perform efficient pixel based memory access, 
certain 2D to 1D addressing hardware translation is needed 
 

6.3 Accelerator Design 
 
In this part, accelerator design of specific functional units is presented. The 

following hardware accelerators have been implemented to work as slave co-processor 
machines which are controlled by instruction set extension. During the first step, behavioral 
models of accelerators are implemented in C++, then in Verilog. 

 

6.4 VLC Processor 
6.4.1 Functionality Overview:  

 
Since single scalar DSP is inefficient in entropy decoding which is mainly bit 

manipulation. A CAVLC accelerator is designed to perform entropy decoding in fewer 
clock cycles. According to H.264 baseline profile, CAVLC decoding is mapped to this 
accelerator. 
 

6.4.2 Design Decision: 
  

According to the characteristic of VLC decoding, there are two issues that have 
great influence on the decoding performance.  

 
1. Bit manipulation 

 Since CAVLC is variable length decoding, it is not aware how long with the code 
word be before the exact pattern has been matched. Thus bit rewind is required while 
decoding variable length codes.  
 

2. VLC table partitioning 
According to the code word table of CAVLC, the code word length varies from 1 

to 16 with different numbers of prefix (zeros). In order to make a quick search in the code 
table, it is required that the table be partitioned in some more efficient way which is 
different compared with the standard and reference software.  
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6.4.3 Interface: 
  

The interface to the VLC accelerator is via accelerator instructions from the single 
scalar DSP. The following instructions are needed to control the VLC accelerator.  

 
Instructions Functionality 
bitreadreset 

11-BB-0-0-0000000101-****-**** 
Initialize the VLC accelerator 

showbits Rs, Rt 
11-BB-1-0-0000000001-RETP-NUMP 

 

Load the certain number of bits 
(number stored in Rs) from bitstream 
to general register (Rt), without 
changing the current bit position. 

showbits imm, Rt Same as above, using immediate value 
(imm) 

getbits Rs, Rt 
11-BB-0-0-0000000011-RETP-NUMP 

Load the certain number of bits 
(number stored in Rs) from bitstream 
to general register (Rt), and change the 
current bit position. 

getbits imm, Rt Same as above, using immediate value 
(imm) 

flushbits Rs 
11-BB-0-0-0000000010-****-NUMP 

Change the current bit position 

showzeros Rs, imm 
11-BB-0-0-0000001000-PARA-PARB 

Count the number of leading zeros 
before first 1 in the bitstream, no 
larger than the immediate value (imm) 

 
Table 6.2 VLC Instruction Set 

6.4.4 Implementation: 
 The VLC processor is implemented as is shown below. 
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REG1 REG2

0              1 1              0

 Shifter   Barrel

Control
logic

0                1 0               1

Port REGGeneral REG

General REG  
 

Figure 6.4 VLC accelerator Architecture 

6.4.5 Performance: 
  

Compared to pure software implementation, VLC accelerator greatly promotes the 
decoding performance. The following table shows the cycle cost of both software and 
accelerated implementation. 

 
 Test Video Sequence Software Implementation  VLC acceleration 
Foreman 60MIPS 12MIPS 

 
Table 6.3 Performance Comparison 

6.5 Motion Compensation Processor 
6.5.1 Functionality Overview:  
 

Compares to former standards, inter prediction defined in H.264 uses flexible block 
partitions and quarter-pixel interpolations to increase the compression efficiency. But at the 
same time, more computation workloads are also introduced.  
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According to the statistics of our software execution, real time decoding (30 
frames/s) of QCIF costs around 250 MIPS which is inapplicable with current single scalar 
DSP. So, an accelerator should be designed to take over the computations to hardware in 
order to reduce the cycle cost. 
 
  According to the H.264/AVC baseline profile, the motion compensation accelerator 
should load the reference block from the Ref Frame Buffer and perform the interpolation of 
varies precisions (integer, half-pixel or quarter-pixel). During the period, some intermediate 
values should be stored in Intermediate Buffer for Interpolation (IBI). After this, the 
predicted block also should be added with the residual and the final result will be written 
back to the Pre-filtering Buffer (PB) for future deblocking. 
 

 
Figure 6.5 MC Processor Architecture 

 

6.5.2 Design Decision: 
 

After analyzing the operations mentioned in 3.2.1, we found that the basic 
algorithm of interpolation is no more than a 6-tap filter with the only difference is that for 
different interpolation resolutions, the result of filtering may need to be shifted by different 
bits. So, interpolation can be detached into very basic filtering operations, which make it 
suitable for hardware implementation.  
 
 
 
 



   68

6.5.3 Interface: 
 

The accelerator is implemented by extending a collection of special instructions for 
current single scalar DSP. All the instructions (except the initialization instruction) can be 
mapped to filter structure and the filter coefficients are reconfigurable.  
 

The interpolation operations that the instructions performed are based on 4x4 sub-
block, which means all the block partitions defined in H.264 (refers to 3.2.1) will be 
supported because each partition can be looked as the combination of 4x4 sub-blocks.  
 

The instructions and their functions are listed in table 6.4. According to their 
functions and corresponding hardware architecture, they can be classified into 3 types and 
mapped to 3 building blocks (Control, PE0 and PE1) respectively in Figure 6.5.  
 

Instruction Function 
AccRegInit Rs 
11-BB-0-0-0000000000-ADDRBUFF 

Initialize the accelerator to the correct state 

HalfMcH Rs, Rt 
11-BB-0-0-0000000001-POSX-POSY 

Generate the 1/2 interpolation of 4x4 sub-
block on horizontal direction 

HalfMcV Rs, Rt 
11-BB-0-0-0000000010-POSX-POSY 

Generate the 1/2 interpolation of 4x4 sub-
block on vertical direction 

TempHalfMcH Rs, Rt 
11-BB-0-0-0000000011-POSX-POSY 

Generate the intermediate 1/2 interpolation 
of 9x4 block on horizontal direction 

TempHalfMcV Rs, Rt 
11-BB-0-0-0000000100-POSX-POSY 

Generate the intermediate 1/2 interpolation 
of 4x9 block on vertical direction 

QuarterMcH Rs, Rt 
11-BB-0-0-0000000101-POSX-POSY 

Generate the 1/4 interpolation of 4x4 sub-
block on horizontal direction 

QuarterMcV Rs, Rt 
11-BB-0-0-0000000110-POSX-POSY 

Generate the 1/4 interpolation of 4x4 sub-
block on vertical direction 

ResidualAddition Rs, Rt 
11-BB-0-0-0000000111-POSX-POSY 

Add the predicted 4x4 sub-block with 
residual and write the result to the 
decoding buffer 

AverageHV 
11-BB-0-0-0000001000-****-****     

Average two 4x4 predicted sub-blocks 

                                                 
Table 6.4 Extended instructions for MC processor 

 
1. AccRegInit Rs (Control) 
 

Accepts a set of parameters (necessary information for inter prediction) from DSP 
and initializes the accelerator to required working state by generating a collection of control 
signals. AccRegInit maps to the control unit of the accelerator. 
 

The only applicable way for parameter deliverance from DSP to the accelerator is 
via memory*. The required parameters are written to a predefined location in data memory 
and the start address will be delivered with the instruction to accelerator.  
 
2. HalfMcH Rs, Rt ~~ QuarterMcV Rs, Rt (PE0) 
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These 6 instructions are the arithmetical instructions specialized for interpolation 
operations. According to different interpolation resolutions and directions, a single 
instruction may not enough and the combinative execution of these instructions may be used 
(see 6.5.5).  
 
  These instructions are mapped to PE0 because they can be implemented with the 
same 6-tap filter architecture as shown in Figure 6.6.  
 
3. ResidualAddition and AvgHV (PE1) 
 

The functionalities of these 2 instructions are quite similar: add two 4x4 sub-blocks 
together. So, they share the same architecture PE1 as shown in Figure 6.7. 
   

6.5.4 Implementation: 
 
6.5.4.1 Control Unit 
 

Only the instruction AccRegInit is mapped to Control Unit. A group of registers 
are defined and configured by AccRegInit. Such as, for each instruction (except 
AccRegInit), 2 registers are used to indicate the memory locations where the instruction to 
load data and where to write back.  
 
6.5.4 2 PE0 
 

PE0 is implemented as shown in figure 6.6. The basic structure is a 6-tap filter 
where REG0~REG5 are used to store the pixel values loaded from the reference picture or 
the intermediate buffer. After loading, REG0~REG5 will be filtered to generate an 
interpolated pixel. For different instructions, the control signal to the multiplexer will be 
different in order to choose the different execution branch. For example, the highlight 
branch in Figure 6.6 illustrates the execution branch of HalfMcH to generate b. 
 
1. In the first clock cycle, E and F are loaded to REG5 and REG4.  
2. In the second clock cycle, G and H are loaded to REG3 and REG2.  
3. In the third clock cycle, I and J are loaded to REG1 and REG0.  
4. In the fourth clock cycle, multiplication with the coefficients will be executed. Within 

the same clock cycle, a new integer pixel will be loaded from memory. 
5. In the fifth clock cycle, the rest arithmetical operations will be executed. 
6. In the sixth clock cycle, b will be generated and written back to memory. Within the 

same clock cycle, registers will shift to left and the integer pixel loaded in cycle 4 will 
be moved into REG0.  

7.  Repeat this loop 6~7 until finish one row and then back to 1 to start another row. 
 

 According to the interpolation defined in H.264, the coefficients are fixed as {1, -5, 
20, 20, -5, 1}. For simplicity, these coefficients can be fixed in the hardware implementation.  
However, we prefer to use registers to store them because this architecture can be reused for 
deblocking filter if the coefficients and the shifter can be reconfigured. 
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Figure 6.6 Implementation of PE0 

 
6.5.4.3 PE1 
 

We adopt parallel memory access as mentioned in 6.2.1, which means for each 
clock cycle, 2 neighbor pixels can be loaded simultaneously from the data memory. In order 
to make full use of this feature, PE1 is designed to have 2 parallel data paths as shown in 
Figure 6.7.  
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Figure 6.7 Implementation of PE1 
 

If we need to add two 4x4 blocks (block1 and block2) in Figure 6.7, the following 
steps will be executed: 
 
1. In the first clock cycle, P0 and P1 are loaded to REG0 and REG1.  
2. In the second clock cycle, Q0 and Q1 are loaded to REG2 and REG3.  
3. In the third clock cycle, the arithmetical operations will be executed. 
4. In the fourth clock cycle, 2 results will be written back to memory. 
 
6.5.4.4 2D Addressing 
 

2D to 1D addressing hardware translation mentioned in 6.2.4 will also be used in 
MC processor because the decoded frame data are interleaved stored in the memory. 
 

6.5.5 Instruction user guide: 
 

Here we give an example about how to use the instructions we defined to perform 
interpolation. As illustrated in figure 6.8, b is the upper left sample of a 4x4 half-pixel sub-
block. 
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 Figure 6.8 Integer, half and quarter samples for luma interpolation 
 
b = round ((E − 5F + 20G + 20H − 5I + J) /32)  
 

Instruction HalfMcH will perform this computation, but for the interpolation of 
each 4x4 sub-block, AccRegInit must be called first to initialize the accelerator. Then 
HalfMcH will be executed. Instruction ResidualAddition is always the last should be 
executed to write the final result back to decoding frame buffer. 
 
//-----------------------------------------------------------------------------------------------------------// 
a1AccReginit grc;                    // Initialize the accelerator 
 
a1HalfMcH gr0, gr1                            // Interpolation  
  
move gr0, 0 
move gr1, 0 
a1ResidualAddition gr0, gr1             // Add predicted sub-block with residual and write the 

//result to memory 
 
//-----------------------------------------------------------------------------------------------------------// 
 

For more complicate case such like j, the combinative execution of multiple 
arithmetical instructions may be used. 
 
//-----------------------------------------------------------------------------------------------------------// 
a1AccReginit grc                 // Initialize the accelerator 
 
a1TempHalfMcH gr0, gr1               // Interpolation  
 
move gr0, 2 
move gr1, 0 
a1HalfMcH gr0, gr1                // Interpolation 
 
move gr0, 0 
move gr1, 0 
a1ResidualAddition gr0, gr1          // Add predicted sub-block with residual and write the 

//result to memory 
//-----------------------------------------------------------------------------------------------------------//
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6.5.6 Performance: 
 

With the help of hardware accelerator, the computation efficiency of interpolation 
has been enhanced greatly. The following comparison is based on the decoding of 2 adjacent 
P frames of video sequence Foreman (QCIF 176x144). 
 

Test Video Sequence Software 
Implementation MC acceleration 

Foreman (QCIF, 30 
frame/s ) 256.175MIPs 6.988MIPs 

  Worst case execution:  
13MIPs 

 
                                       Table 6.5 Performance comparison 
 

6.6 De-blocking Processor 
6.6.1 Functionality Overview:  
  

De-blocking is another computational complex part in H.264 decoding. The basic 
operation of de-blocking is filtering operation on the edges of 4x4 sub-blocks, which is pixel 
level manipulation. Parallelism of de-blocking operation is related to both data path width 
and memory access capacity.  

 
 In order get the filtering strength of different edges, context information of 
macroblocks and 4x4 blocks on both sides of each edge are required to be checked. This 
procedure generates 32 strength values for each macroblock (2 for left and up edge of each 
4x4 block). 
 
 Based on the filtering strength and pixel values on both sides of the edge, the 
following filters are applied to pixels along the edge.  
 
1. Strength = {1,2,3}  
 

A 4-tap filter is applied with inputs p1, p0, q0 and q1, producing filtered outputs 
np0 and nq0. If |p2 - p0| is less than threshold β, another four-tap filter is applied with inputs 
p2, p1, p0 and q0, producing filtered output np1 (luma only). If |q2 - q0| is less than the 
threshold β, a four-tap filter is applied with inputs q2, q1, q0 and p0, producing filtered 
output nq1 (luma only). 

 
2. Strength = 4 
 

If |p2 - p0| < β and |p0 - q0| < round (α/4) and this is a luma block: 
np0 is produced by five-tap filtering of p2, p1, p0, q0 and q1, 
np1 is produced by four-tap filtering of p2, p1, p0 and q0, 
np2 is produced by five-tap filtering of p3, p2, p1, p0 and q0, 
 



   74

else: 
 
np0 is produced by three-tap filtering of p1, p0 and q1. 
If |q2 - q0| < β and |p0 - q0| < round (α /4) and this is a luma block: 
nq0 is produced by five-tap filtering of q2, q1, q0, p0 and p1, 
nq1 is produced by four-tap filtering of q2, q1, q0 and p0, 
nq2 is produced by five-tap filtering of q3, q2, q1, q0 and p0, 
 
else: 
nq0 is produced by three-tap filtering of q1, q0 and p1. 

6.6.2 Design Decision: 
 
For de-blocking procedure, there are two major tasks: Getstrength and Edgefilter. 

Getstrength calculates the filtering strength of each edge based on the context information 
which involves large amount of conditional executions and branches.  Edgefilter is mainly 
multi-tap filters applied to the edge pixels in the decoded frame. 

 
Thus here two accelerators are first designed to fulfill the functionality of 

Getstrength and Edgefilter separately. It is also possible to merge these two accelerators to a 
single one for hardware reuse. However this requires more complex control hardware in the 
accelerator. 

 

6.6.3 Interface: 
 
 The interface to the De-blocking accelerator is via accelerator instructions from the 
single scalar DSP. The following instructions are needed to control the De-blocking 
accelerator.  
  

Instruction Functionality 
Getstrength 
11-BB-0-0-0000001110-PARA-P-*** 

Calculate filtering strength of 16 edges 
of one 4x4 block at a certain direction 

Edgefilter4 
11-BB-0-0-0000000101-****-**** 

In case strength=4, apply this edge 
filter to block edge 

edgefilter123 
11-BB-0-0-0000001001-GRP-GRP-PA 

In case strength=1,2,3, apply this edge 
filter to block edge 

 
Table 6.6 de-blocking Instruction Set 

  

6.6.4 Implementation: 
  

A special Arithmetic and logic unit has been implemented to map de-blocking 
operations. Actually, de-blocking processing in H.264 is mainly multi-tap filter which 
depends on the content information. According to different filtering strength and pixels 
values on both sides of the edge, filters with different taps from 3 to 5 are applied to the 
block edges. 
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 Since the characteristics of de-blocking require some conditional executions, this 
special ALU need to be reconfigurable both for flag generation and pure computational 
operations.  

 
 

Figure 6.9 de-blocking Processor Architecture 
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6.6.5 Performance: 
  

The benchmarking of de-blocking accelerator has not been finished yet. However 
the cycle cost has been estimated.  
 

6.7 Scheduling 
  

With hardware accelerators, computational intensive tasks can be executed in fewer 
clock cycles and several tasks can be performed in parallel. However, the task level 
parallelism is limited by memory access conflicts, which means, in the same clock cycle, 
different accelerators may need to access (read or write) one single port memory 
simultaneously. Because only 2 single port memory banks are available in the current 
processor, memory access is the bottleneck for parallelization. MIPS cost for memory 
access of each functional unit is investigated in this paper. The maximum parallelization 
limited by the memory bottleneck was achieved by careful scheduling of memory accesses.  
Thus a proper scheduling method was proposed in order to maximize task parallelism by 
avoiding memory access conflicts.  

 
As the top flow shows, ping-pong buffers are used among VLC accelerator, DSP 

core, interpolation accelerator and de-blocking accelerator in order to avoid write and read 
conflicts.  However, both interpolation accelerator and de-blocking accelerator need to 
access memory.  
 
 

6.8 Conclusion 
 
 Multimedia applications will be killer applications in the near future and generally 
multimedia computing tasks occupy more than half of the computing capacity of embedded 
system. At the same time, heterogeneous multimedia standards require the hardware 
platform to be flexible enough to fit in new standards. How to make compromise among 
important factors such as flexibility, performance, power consumption and silicon area is 
needed to be considered carefully. 
 
 In this thesis, both the latest video compression standard – H.264/AVC and 
architecture of mainstream media processors are studied. Based on a certain single scalar 
DSP platform, the major part of a fully software H.264 decoder was implemented and the 
performance is evaluated. According to the bottleneck in decoding process, hardware 
acceleration has been design with behavior models implemented. Base on the extendable 
IDE simulator, cycle true simulation was performed.   
 
 Although great performance promotion has been achieved with hardware 
acceleration, the current memory architecture is proved to be the real bottleneck which can 
not be relieved by adding accelerators. In order to explore the potential parallelism in video 
processing, memory architectures with multiple banks and dual ports are preferred. And the 
three accelerators attached to the DSP core carries most of the tasks in decoding process 
which makes the solution look like an ASIC. However, it has been noticed that a large 
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amount of hardware can be reused in tasks with the same characteristics such as pixel level 
manipulation, which means more configurable hardware can be designed to perform 
different computational intensive tasks with similar characteristics. This gives us some hints 
in how to implemented new programmable media processor.  
  
 This thesis provides a good opportunity for us to understand media processing and 
the way to design media processor.  
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