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Overview 
 

The objective of this thesis is to design a scheduler based on the cross layer concept, which im-

prove the video transmission quality in HSDPA networks. This scheduler will be compared with 

the actual implementation to assess the achievable gain. The comparison will be conducted in a 

HSDPA system-level simulator to obtain performance results. 

 

The proposed improvements will mainly be based in a modification of the video coding proce-

dure and the HSDPA Node B scheduler. The encoder will be capable of signalizing the impor-

tance of the type of video frame and the scheduler will use this information to efficiently trans-

mit to a user with good channel quality and considers fairness constrains.    

 

In the first two chapters, I will resume the basic concepts of video encoding and HSDPA net-

works. In the video-coding part, I will talk about the standard H.264/AVC, its applications, its 

profiles and the images types. In the consecutive section, I will then explain the main functions 

and the important aspects of HSDPA technology. 

 

Afterwards, a definition of cross layer design is given and I will also give an explanation of ways 

to improve the video transmission. The fourth chapter then goes deeply into the video coding 

modifications to obtain better decoding results. All investigated scheduler types are explained in 

the fifth chapter. The next chapter corresponding explains the proposed proportional fair sched-

uler with content awareness and the HARQ mechanism implemented.   

 

The seventh chapter shows some simulation results, comparing the different combinations of 

coding characteristics and schedulers.  

 

Finally, the conclusions will be discussed. 
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INTRODUCTION 
 

 

Traffic on future wireless networks is expected to be a mix of real-time traffic such as voice, mul-

timedia teleconferencing and games, and data-traffic such as WWW browsing, messaging and 

file transfers. All of these applications will require widely varying and very diverse quality of ser-

vice (QoS) guarantees for the different types of offered traffic. Various mechanisms have been 

proposed and since 1999 deployed to support data traffic over wireless channels to satisfy the 

increasing data-rate demands.  

 

In this document, I address the issue of cross-layer networking, where the physical and MAC 

layer knowledge of the wireless medium is shared with higher layers, in order to provide effi-

cient methods of allocating network resources and for data transmissions. In essence, future 

networks will have to adapt to the instantaneous radio channel conditions and capacity needs 

with the traffic and congestion conditions found in the packet-based world of the Internet. Fur-

ther, such adaptation will need to be coordinated with a wide range of particular applications 

and user expectations, making the topic of cross-layer networking an increasingly important one 

for the evolving wireless access. 

 

The Internet today consists of thousands of access networks, which vary in scale from large wire 

line networks, supporting thousands of users, to smaller wireless networks supporting hundreds 

of users. All these networks are interconnected by core networks which support millions of us-

ers. Mainly core networks offer two types of services: guaranteed service and best effort service. 

The first one provides some sort of service guarantee to individual users or groups of users. The 

other service makes no promises about the traffic to transmit, but is designed to maximize the 

throughput.  

 
In mobile networks the service provided by the vendor should match as closely as possible the 

expectation of the end user in terms of objective parameters, such as delay or bandwidth. Think-

ing of media applications, such as gaming or video streaming; however some particular packets 

have more impact on the perceived end user quality. This motivates the need to distinguish the 

susceptible packets within an application data flow. 

 

In this thesis, I have investigated how a cross layer approach can be implemented in High Speed 

Download Packet Access (HSDPA) [9] networks, treating different kinds of packets according to 

their priority. With video streaming as the study case, a cross layer approach to increase the QoE 

is proposed. This approach relies on the separation of the connection between the application 

server and the end user into multiple logical paths, giving an appropriate QoS class to each logi-

cal connection [13]. Thus, each packet can be mapped onto a path, depending on its relative 

importance for the end user.  
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The proposed cross-layer design will be simulated using a HSDPA system level simulator [10] 

[11], which will serve to compare the performance of different common scheduling types, such 

as Round Robin and PF variations. The results are presented in terms of the luminance Peak Sig-

nal to Noise Ratio (Y-PSNR), a distortion metric correlated with the quality of the video as per-

ceived by the users. 

 

This work is structured as follows: chapter I offers an overview of the HSDPA network. Chapter II 

introduces necessary video coding and transmission concepts. In Chapter III a definition of the 

concept cross layer is given, and in addition the design strategy to cover the video streaming 

requirements. The modifications done in the video coding and an explanation of the common 

schedulers are discussed in Chapter IV and V, respectively. In chapter VI, I explain the necessary 

HSDPA changes to achieve the concept of cross layer. The simulation results and the conclusions 

drawn in Chapter VII and VIII conclude the document.   
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1. CHAPTER:  H.264/AVC OVERVIEW 
 

 

H.264/AVC is one of the latest video coding standards, based on hybrid block video compression. 

The development of this codec is a responsibility of the Moving Pictures Group (MPEG) and ITU-

T Video Coding Experts Group (VCEG). The given name, H.264/AVC, is a mix between the names 

of both organizations standards, Advanced Video Coding for the MPEG4 and H.264 for the ITU-T. 

 

The standard objectives are to improve compression and streaming capabilities. The two targets 

try to form an unique and a simple video coding design, which provides a ”network-friendly” 

video representation to storage, broadcast, or stream videos. Also new services and the increas-

ing popularity of high definition TV have been considered to obtain a higher coding efficiency, 

high quality and low bitrate. 

 

In the past, both standardization groups had focused only on their own standard. The most im-

portant design goal to being improved by MPEG was the video storage. On the other hand, VCEG 

focused on obtaining a better video streaming. Below, the developed standards of each organi-

zation are illustrated. 

 

 
Illustration 1: Standardization Scheme. 

 

The starting point of the video and audio compression standards of the ISO Moving Pictures 

Group was the MPEG-1 standard, introduced in 1991. This codec is used by Video CD (VCD) and 

includes the popular format of audio compression MP3. The standard MPEG-2, is an extension 

focused on the generic encoding of moving pictures and audio information. It is generally used 

for the video and audio compression, which includes: terrestrial TV (DVB-T), satellite TV (DVB-S), 

cable TV (DVB-C), High Definition TV (HDTV) and, it is also used by SVCD (Super VCD) and DVD 

(Digital Versatile Disc). After this second standard, ISO MPEG released the standard MPEG-3. 

MPEG-3 was designed to be a video compression standard for the High Definition TV (HDTV), but 
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MPEG-2 could be improved to achieve similar results with this earlier standard; thus MPEG-3 

was not further developed. 

 

Similarly, the ITU-T Video Experts Group developed its first video standard, the H.261, in 1990. 

This standard originally was designed for transmission over ISDN lines, supporting two image 

resolutions: QCIF (Quarter Common Interchange Format) which is 144x176 pixels and CIF (Com-

mon Interchange Format) which is 288x352 pixels. Then they designed the H.262 standard, 

which is very similar to the MPEG-2, targeting for DVD and HDTV. The reason of this develop-

ment was the joint work between the ITU-T and the ISO organizations. In 1996, ITU-T presented 

the new standard H.263 which is a low-bitrate compressed format standard for videoconferenc-

ing. 

 

In 2003 both organizations presented a new video compression standard, the H.264, under the 

name of Joint Video Team (JVT). The standard name follows the ITU-T naming convention, while 

the MPEG-4 AVC name relates to the naming convention in ISO/IEC MPEG. The objectives of the 

organizations were to develop a new standard without increasing the complexity and making it 

more compatible with much more applications than the previous standards. The basic functional 

elements are only slightly different to difference from the previous standards. Important 

changes in H.264/AVC occur in the details of each functional element [7]. 

 

 

1.1. Applications 

 

The main purpose of H.264/AVC is to obtain maximum compatibility with most of the existing 

applications that are based on the previous standards. The following list enumerates the most 

important applications defined in Draft ITU-T Recommendations [6]: 

 

1. Cable TV on optical networks (CATV). 

2. Direct broadcast satellite video services (DBS). 

3. Digital subscriber line video services (DSL). 

4. Digital terrestrial television broadcasting (DTTB). 

5. Interactive Storage Media (ISM): optical disks, etc. 

6. Multimedia Mailing (MMM). 

7. Multimedia services over packet networks(MSPN). 

8. Real-time conversational services (RTC): videoconferences, videophone, etc. 

9. Remote video surveillance (RVS). 

10. Serial Storage Media (SSM). 

 

In the era of media services, a compatible standard like H.264/AVC has opened the doors to new 

opportunities. In fact, many companies have begun to develop of new applications utilizing the 

freedom granted by the standard. An example is  ”mobile TV”, the reception of audio-visual con-

tent on cell phones or portable devices. Several such systems for mobile broadcasting are cur-

rently considered for commercial deployment: 

 

 Digital Multimedia Broadcasting (DMB) in South Korea. 
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 Digital Video Broadcasting - Handheld (DVB-H) in Europe and United States of America. 

 Multimedia Broadcasting/Multimedia Service (MBMS) as specified in Release 6 of 3GPP. 

 

In these three mobile TV services, the goal is to obtain a better video compression with 

H.264/AVC. Another field of application is for satellite TV services. Important enterprises and 

companies of satellite TV distributors have announced deployments of H.264/AVC. 

 

 

1.2. H.264/AVC in wireless environments 

 

H.264/AVC is the best standard so far for wireless systems, due to good behavior in video com-

pression efficiency and error resilience. The main limitation of the wireless environments is the 

relatively low data-rate of the radio-link, which requires an efficient video coding standard. But 

not all depends on the bit rate in a video transmission also other random parameters change the 

conditions of the channel. Accordingly, the designers must use an appropriate receive buffer and 

initial delay to achieve a good service quality. 

 

Another advantage of H.264/AVC is the network-friendly design. This is achieved by the separa-

tion into two layers, namely the coding action and the output fase. The layer that is in charge of 

the coded video transportation is called Network Abstraction Layer. And the layer that supports 

the encoding is named Video Coding Layer. 

 

The Network Abstraction Layer (NAL) is a huge step supported in communications protocols, 

because it adapts the format of the video to the transmission. It also provides adapted header 

information for different transport layers or storage media [8]. The next figure depicts the stan-

dard in transport environment, showing the isolation made by the NAL between the video cod-

er/decoder functionalities and the different lower transport layers which can coexist. 

 

 
Illustration 2: H.264/AVC standard in transport environment [8]. 
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1.2.1. NAL Unit 

 

The NAL encapsulates the data from the VCL to enable transmission over packet networks or 

multiplexed environments. Data such as picture slices and parameter sets are sent from the VCL 

to the NAL and encapsulated into so called NAL units. These NAL units are used in the transport 

layer mapping. This structure of H.264/AVC allows a flexible operation over a variety of network 

environments [5]. 

 

The format of a NAL unit is shown in Illustration 3.  A NAL unit consists of a 1-byte NAL header 

and a variable byte length payload. Data such as picture slices (coded video data) and parameter 

sets are stored in the payload field. The NAL header consists of one forbidden bit, two bits NRI 

(NAL Reference Index) whether or not the NAL unit is used for prediction, and five bits NUT (NAL 

Unit Type) indicating the type of the NAL unit. There are also some payload trailing bits used to 

adjust the payload to become a multiple of bytes. The trailing bits start with a “1” and are fol-

lowed by multiple “0s”.  

 

Encoder dataNUT (5 bits)NRI (2 bits)0

NAL Header

NAL Unit

Priority Type

 
Illustration 3: NAL Unit Fields. 

 
There are actually 12 different types of NAL units which are listed in table below. NAL unit type 

1-5, and 12 are coded video data called VCL NAL units. The rest of the NAL unit types are called 

non-VCL NAL units and contain information such as parameter sets and supplemental enhance-

ment information. Of these NAL units, IDR Pictures, SPS, and PPS are of special importance.  

 

Type Name 

0 [Unspecified] 

1 Coded Slice 

2 Data Partition A 

3 Data Partition B 

4 Data Partition C 

5 IDR (Instantaneous Decoding Refresh) Picture 

6 SEI (Supplemental Enhancement Information) 

7 SPS (Sequence Parameter Set) 

8 PPS (Picture Parameter Set) 

9 Access Unit Delimiter 

10 EoS (End of Sequence) 

11 EoS (End of Stream) 

12 Filler Data 
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13-23 [Extended] 

24-31 [Undefined] 
Table 1:NAL types 

An instantaneous decoding refresh (IDR) picture refreshes all the information of the video se-

quence. When the decoder receives an IDR picture, it behaves as if new coded video sequence 

begins. Therefore, pictures prior to this IDR picture are not considered.  

 

A sequence parameter set (SPS) contains important header information that applies to all NAL 

units in the coded video sequence. A picture parameter set (PPS) contains header information 

that applies to the decoding of one or more pictures within the coded video sequence.  

 

The transmission order of parameter sets and slices is restricted; that is, a parameter set must 

be sent to the decoder before the slice data that refer to that parameter set arrives at the de-

coder.  

 
Illustration 4: Relationship between Parameter Sets and Slices. 

The NAL Reference Index indicates whether a NAL is used for prediction or not. It can be useful 

when an application want to mark the importance of a NAL. This feature will be exploited by the 

cross-layer approach.    

 

 

1.3. Profiles 

 
The interoperability between encoder and decoder implementations is specified by the profiles, 

establishing a connection for various applications that have similar functional requirements. 

  

Six profiles are actually defined in the standard, but only three are usually used: baseline (BP), 

main (MP) and extended (EP). The remaning profiles, high, high 10 and high 4:2:2, have their 

own characteristics, focused on particular applications. Illustration 3 shows the features of each 

one. 

 

For all profiles a set of coding tools or algorithms are defined that are used to generate a com-

pliant bit stream. On the receiver side, all bit streams must be decodable. Accordingly, decoders 

have to support all features for a specific profile, but encoders are not required to make use of 

any particular set of features supported in a profile, they only have to provide conforming bit 

streams. 
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Illustration 5: H.264/AVC Profiles [5]. 

 

1.3.1.  Baseline 

 
This is the simplest profile and includes the basic features of the H.264/AVC standard: 

 

• Only I and P slice types may be present. 

• Flexible Macroblock Ordering (FMO). 

• Arbitrary Slice Ordering (ASO). 

• Redundant Pictures. 

• Motion-compensated prediction. 

• In-loop deblocking. 

• Intra-prediction. 

• Context Adaptative Variable Length Coding (CAVLC). 

 

This profile emphasizes coding efficiencies and robustness with low computational complexity, 

and is thus ideal for embedded systems. 

 

The features not supported by the baseline profile are: 

 

• B slices. 

• Weighted prediction. 

• Picture or macroblock adaptive switching between frame and field coding. 

• SP and SI slices 

 

1.3.2.  Main 

 
The Main profile also emphasizes the coding efficiency, but typically provides a higher quality 

than the baseline, due to the B-slices and CABAC (Coding Adaptive Binary Arithmetic Coding). 

The performance is more complex and takes more coding time. This second profile includes all 

the features of the baseline but without FMO, ASO and Redundant Slices. 

 

It also includes: 
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• B slices. 

• Field coding. 

• Weighted prediction. 

• Macroblock adaptive frame-field (MBAFF). 

• CABAC. 

 

Only a subset of the coded video sequences that are decodable by a Baseline profile decoder can 

be decoded by a Main profile decoder. 

 
1.3.3.  Extended 

 
The Extended profile is focused on obtain high robustness and flexibility, but without losing cod-

ing efficiency. This profile can be considered to be a superset of the Baseline and Main profiles, 

because it supports all tools in the specifications except CABAC. Another important point is that 

SP/SI slices and slice data partitioning tools are included in this profile. 

 

1.4. Frames types and format 

 

Usually the existing video coding standards, MPEG-2, H.263 and MPEG-4, define three main 

types of frames: I, P and B slices. H.264/AVC supports these three types and adds two new types: 

SP and SI slices. 

 

A frame is a picture of a video sequence; each picture is divided into macroblocks which is the 

smallest unit of a video picture that covers a rectangular area taking 16x16 samples of the luma 

component (brightness) and 8x8 samples of each of the two chroma components. These sam-

ples serve to code the video sequence. 

 

The macroblocks are organized in slices, which represent regions of a given picture that can be 

decoded independently of each other. Illustration 6 depicts an example. 

 

 
Illustration 6: Subdivision of a frame into slices. 

 

1.4.1.  Frame types definition 

 
 I or ”Intra” slices: this frame-type coded using Intra prediction and thus do not refer to 

any previous slice of the video sequence. They only contain reference from themselves. 

Always the first frame of a sequence is of this type, when no reference is given. Accor-

dingly all profiles support them. 
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 P or ”Predicted” slices: these frames are coded using Inter prediction utilizing a predic-

tion model from one or more previously encoded video frames. The model is formed by 

shifting samples in the reference frame(s) (motion compensated prediction). The AVC 

CODEC uses block-based motion compensation, the same principle adopted by every 

major coding standard since H.261. With at least one motion compensated prediction 

signal per prediction block. All profiles support this frame-type. 

 

 B or ”Bi-predicted” slices: these frames are coded using Inter prediction with two mo-

tion-compensated prediction signals per prediction block that are combined using a 

weighted average. Baseline profile doesn’t support this type. 

 

 SP or ”Switching P” slices: permit an efficient switching between two different bit 

streams coded at different bitrates, without the large numbers of bits required by I 

frames. They are only supported by the Extended profile. 

 

 SI or ”Switching I” slices: are encoded using Intra prediction, allowing an exact match 

with SP slices for random access or error recovery. They are only supported by the Ex-

tended profile. 
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2. CHAPTER: HSDPA OVERVIEW 
 

 

In this chapter, I will give a brief description of the mobile broadband technology for which the 

cross-layer optimizations are developed. This technology is called High Speed Packet Access 

(HSPA) and formed by HSDPA and its uplink pendant High Speed Uplink Packet Access (HSUPA). 

HSPA is the natural evolution of WCDMA networks and its main objective is to increase the spec-

tral efficiency in down- and uplink data channels. 

 

The target of HSDPA is to increase the peak data rates (current HSDPA deployments support 

downlink speeds of 1.8, 3.6, 7.2 and 14.4 Mbps), improve the quality of service, and enhance the 

spectral efficiency for burst packet data services. Also, HSDPA was designed to co-exist with R'99 

in the same frequency band of 5 MHz.  

 

Although having to share the data rate among the users located in a sector, HSDPA is able to 

satisfy the most common and demanded multimedia services such as email attachments, Po-

werPoint presentations or web pages.   

 

 

2.1. Standardization 

 

At the end of 1998, USA, Europe, Korea and Japan set up a forum named the 3rd Generation 

Partnership Project (3GPP). The objective of this joint venture is to introduce a new single global 

standard for mobile communication. 

 

The first work on WCDMA was published in the Release 99 at the end of 1999. This document 

gave the first full series of WCDMA specifications. Two years later, Release 4 specifications were 

issued. In the meantime of the publication of Release 4 it became obvious that some improve-

ment for packet access would be needed [9]. 

 

In March 2000, the feasibility study for HSDPA was started. The study was initially supported by 

Motorola and Nokia from the vendor side and BT/Cellnet, T-Mobile and NTT DoCoMo from the 

operator side. These companies wanted to give some improvements to be done over Release 99 

specification. The main topics included in the further study were: 

 

 Physical layer retransmissions.  

 BTS-based scheduling. 

 Adaptive coding and modulation. 

 Multi-antenna transmission and reception technology, called 'multiple inputs multiple 

outputs' (MIMO). 

 Fast cell selection. 
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The performed study gave some feasible improvements, which could be reached by the intro-

duction of some of the studied techniques. Thus, HSDPA specifications were published in Re-

lease 5 in March 2002. At the beginning MIMO was not included in the specifications, but later it 

was added in Release 7. Fast cell selection, was discarded by the feasibility study, concluding 

that the complexity introduced would not justify the benefits [9]. The next picture shows the 

timeline standardization followed.  

 

 
Illustration 7: 3GPP release timeline [9]  

 

2.2. HSPA architecture and protocols 

 

This section covers the impact of the HSDPA and HSUPA on the radio network and protocol ar-

chitecture as well as on the network element functionalities and interfaces. 

 

2.2.1. Radio resource management architecture. 

 

The Radio Resource Management (RRM) functionality of HSPA has experienced changes com-

pared to Release 99. One of the most prominent changes has been the shift of the scheduling 

function from the RNC to the Node B, and the according change of the RRM architecture. Con-

sequently Node B has acquired more tasks and complexity. The base station has to take care of 

the QoS requirements, the buffer status for both interfaces (Iub, Uu) and the received channel 

feedback; but in fact all of these aspects are connected by the scheduling function. 

 

The RNC is still the final entity responsible for the QoS parameters, MAC-d retransmission issues 

and flow control. Other functions are also maintained in the RNC, like the initial power set up 

and the admission control of the mobile network, as well as the handover processes.  

 

User equipments now have more importance role in the network, because they report a para-

meter (CQI) related to the channel quality. This action provides the necessary information to the 

Node B to adapt the number of spreading codes, coding rates, and modulation to be used in 

next transmissions. This channel quality parameter can also be used in the scheduler. 
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The addition of the ARQ function has added a new function to the Node B and to the Terminal 

equipments. Both network elements now have to coordinate the transport block retransmission. 

The HSDPA functionality looks like depicted in illustration 8 [9]. 

 

 
Illustration 8: HSPA RRM architecture. 

The scheduling functionality of the Node B gives to the network more safety, when a user has to 

be reached. Because the Node B now knows the channel parameters of the users, as it can be 

shown in the next picture. Thus, by using these transmission data, the scheduler can be more 

efficient and select the user with the best channel conditions or be aware of the data content to 

send.  

 

 
Illustration 9: HSDPA Node B scheduling principle. 

 

 

2.2.2. HSDPA and HSUPA user plane protocol architecture 

 

Now, as I was mentioned in the last section, the Node B has acquired more functions. The new 

functions of the Node B are included in a new MAC entity called MAC-hs, that is in charge of: 

handle the HARQ functionality of every HSDPA user, distribute the HS-DSCH resources between 

all the MAC-d flows according to their priority (i.e. Packet Scheduling), and select the appropri-

ate transport format for every TTI (i.e. link adaptation). 

 

The radio interface layers are not modified compared to the Release 99 architecture because 

HSDPA is intended for the transport of the existing logical channels. The MAC-hs also stores user 

data to be transmitted across the air interface, which imposes some constraints on the minimum 

buffering capabilities of the Node B. The move of the data queues to the Node-B creates the 

need of a flow control mechanism (HS-DSCH Frame Protocol) that aims at keeping the buffers 
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full. The HS-DSCH FP handles the data transport from the serving RNC to the controlling RNC (if 

the Iur interface is involved) and between the controlling RNC and the Node-B, [9]. 

 

 
Illustration 10: HSPA protocol architecture [13]. 

 

The RLC layer is in charge of separating the lower layers of the protocol stack from upper layers. 

The available transfer modes are [13]: 

 

 TMD (Transparent Mode Data):  No overhead is added in this mode to the RLC SDU. 

 UMD (Unacknowledged Mode Data): A sequent number is introduced in the RLC SDU in 

this mode, but the SDUs are not acknowledged. 

 AMD (Acknowledged Mode Data): This is the most reliable mode that the RLC layer has, 

and the SDUs are prepared with a sequent number and to allow retransmissions (on the 

MAC-d). 

 

 

2.3. HSDPA principles 

 
This section explains the principles of HSDPA for WCDMA, with a special interest on the relevant 

new features included in Release 5, 6 and 7 specifications. HSDPA has been designed to increase 

downlink packet data throughput of Release 99 due to the fast physical layer retransmission and 

transmission and the fast link adaptation controlled by the base station. First a comparison be-

tween Release 99 and HSDPA is made and then HSDPA key aspects are presented. 

2.3.1. HSDPA vs. Release 99 DCH 

 
In Release 99, there are three different channels specified for data packet transmission [9]:  

 FACH: Forward Access Channel. This channel is used to transport small data volumes or 

connection set ups during state transfers. In HSDPA, it is used to carry signaling informa-

tion when a terminal has changed its state. The secondary common control physical 

channel (S-CCPCH) is responsible to carry its signalization content, but FACH does not 
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support fast power control, soft handover, or variable spreading code. If there is a need 

to carry mixed services, FACH cannot be used. 

 

 DCH: Dedicated CHannel. The main channel of Release 99 and in Release 5 is always op-

erated together with HSDPA. When circuit-switched service is demanded it runs always 

on the DCH. In Release 5 the uplink user data always goes through DCH, but in Release 6 

there is an alternative, that is an enhanced version of DCH (E-DCH). DCH can carry any 

kind of service using a fixed spreading code and fixed allocation time, although these pa-

rameters can be changed from upper layers. The theoretical maximum peak rate is 

2Mbps and retransmissions are coordinated in the RNC. It supports the use of soft han-

dover, meaning that can be connected with more than one station at a time and receiv-

ing information from both of them. DCH allows also the use of fast power control fea-

ture. 

 

 Downlink shared channel (DSCH). This one has been replaced in Release 5 by the new 

High-Speed Downlink Shared Channel (HS-DSCH) and therefore will be analyzed in furth-

ers sections.  

 

The following table compares DCH and HS-DSCH channels in some important features [9]: 

 

Feature  DCH  HS-DSCH 

Variable spreading factor No No 

Fast power control Yes No 

Adaptive modulation and coding No Yes 

Multi-code operation Yes Yes, extended 

Physical layer retransmissions No Yes 

BTS-based scheduling and link adaptation No Yes 
Table 2: DCH and HS-DSCH channel comparison. 

 

2.3.2. High-speed downlink shared channel 

 
The HS-DSCH is the transport channel which carries the current user data in HSDPA. In the physi-
cal layer, the HS-DSCH is mapped on the High-Speed Physical Downlink Channel (HS-PDSCH). The 
main differences to the Release 99 DCH-based packet data operation, which are described in [9], 
are as follows: 
 

 Lack of fast power control. In HSDPA, link adaptation determines a suitable combination 
of codes, coding rates, and modulation. 

 Support of higher order modulation than DCH. In Release 99 only 4QAM was available, 
but the last release standardizes 64QAM, 16QAM and 4QAM for the downlink. 

 The scheduling is done by the base station every 2ms. 

 The Physical layer is in charge of the retransmissions and retransmissions combining. 

 Lack of soft handover. Data are sent from only one serving HS-DSCH cell. 

 Lack of physical layer control information on the HS-PDSCH. This is carried on the HS-
SCCH for HSDPA use. 

 Multicode operation with a fixed spreading factor value of 16. Thus, UEs will be able to 
support up to 15 codes because other common channels require one of them. 

 Only turbo-coding is used, with DCH also convolutional code could be used. 
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HS-DSCH coding 
The use of turbo-codes outperforms convolutional codes, but it could be a limitation due to the 
slender code selection imposed. 
 
The use of new modulation schemes has introduced some changes in the channel coding chain. 
Even a bit scrambling functionality has been introduced to avoid having long sequences of '1s' or 
'0s', therefore good signal properties for demodulation are ensured. 
 
A hybrid-ARQ(HARQ) functionality has also inserted and consists of two-stage rate matching 
function. This new feature allows the redundancy tuning between versions of different retrans-
missions when the same data are transmitted. HARQ can operate in two modes, 'Chase combin-
ing' or 'incremental redundancy', depending on the matching rate [9]. 
 

 In Chase combining, the rate matching is identical between transmissions so the same 
bit sequence is sent. The receiver stores the received samples as soft values, and there-
fore the memory consumption is higher than if it was storing hard values.  
 

 Incremental redundancy uses a different rate matching between retransmissions. Dif-
ferent code-rates are used in the retransmissions with the aim of having the correct data 
with all. This solution requires more memory in the receiver. 

 
When the physical retransmissions fail, the next step of the retransmission is handled by the 
RNC like in Release 99. 
 
HS-DSCH link adaptation 
A 2ms TTI period gives to the system a large dynamics, in which the system adapts itself to the 
channel conditions. Thus, the base station decides each 2 ms which user is scheduled and also 
with which coding, modulation combination and transport block size. 
 
Link adaptation is based on the CQI report of the UE. The dynamic range obtained using this 
technique can reach 30dB according to [9]. 
 
HS-DSCH modulation 
In Release 99, the modulation for DCH channel was fixed at 4QAM. But with the successive re-
leases, higher modulation orders were added to the standard up to 64QAM [9]. That means that 
with a higher modulation order a larger the number of bits that can be carried per symbol. But 
higher order modulations need additional decision boundaries and more signal quality because 
the symbols are too close in the constellation. 
 
Multiple Input Multiple Output HSDPA 

MIMO technology was introduced in Release 7,named HSPA+, it supports 2x2 downlink MIMO, 

which means the base station uses two antennas to transmit two orthogonal data streams to 

two receive antennas at the UE. The gain acquired with this schema is a throughput increase 

without having to increase the bandwidth or the transmitted power.  
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Illustration 11: MIMO schema. 

MIMO needs a rich scattering environment to support the two data stream. Thus, MIMO bene-

fits can be seen in dense urban areas where the size of the cells is typically small and there are 

many uncorrelated paths. In line-of-sight scenarios the MIMO gains are limited; however the 

fact of having a higher order modulation complements the MIMO results.  

 

2.3.2. HSDPA physical layer operation procedure 

 
The basic procedures of the HSDPA physical layer are described in this section [9]. 
 

 Each user feedback is evaluated every 2ms by the base station in order to select the user 
which will be scheduled. The selection criterion is not defined in the standard. 

 Once a terminal has been determined as being served in a particular TTI, the base sta-
tion identifies the HS-DSCH parameters needed for the transmission, including the num-
ber of codes, the modulation order and the UE capability limitations. 

 The Node B starts to transmit the HS-SCCH two slots before the corresponding HS-DSCH 
TTI. This is because the first part of the HS-SCCH frame carries information needed to 
decode the HS-DSCH frame properly. 

 The terminal monitors the HS-SCCHs (there can be up to four). Once part one of the HS-
SCCH is decoded, it will start to decode part two and will buffer the necessary spreading 
codes from HS-DSCH. 

 After decoding the HS-SCCHs parameters from part two, the UE can determinate to 
which ARQ process the data belong and whether there is the need of combining or not. 

 The UE sends in the uplink direction an ACK/NACK indicator after the combination of the 
data (if applied) with a fixed delay, depending on the result of the CRC on HS-DSCH data. 

 
2.3.3. HSDPA MAC layer operation  

 
The HSDPA MAC layer has as key functionalities the scheduling in the Node B and the HARQ 
processes handling. The flow control features are also managed by the MAC layer, but usually 
are implemented together with the scheduling functionality. The specifications do not contain 
the implementation details of the scheduling schema which is left for individual network vendor 
decisions [9].  
 
The MAC-hs PDU consists of a header and a payload which can carry more than one service data 
units (SDUs), also a potential padding field can be added to fit the available transport block size. 
The following fields are used [13]: 
 

 Version flag (VF): to enable future protocol extensions. 

 Queue ID: to allow different reordering queues at the terminal end. Note that only one 
transport channel may exist in a single TTI and in addition only one MAC-hs PDU. 
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 Transmission sequence number (TSN): parameter that facilitates the reordering opera-
tion at the UE. 

 Size index identifier (SID): MAC-d PDU size. 

 N parameter: indicates the number of MAC PDUs of the size indicated in the SID. 

 F field: indicates whether there are additional SID and N fields in the MAC-hs header or 
not.  

  

 

 

 

 

Queue ID TSN SID1 N1 F1 SID2 N2 F2 SIDk Nk Fk 

MAC-hs header MAC-hs SDU Padding (opt) MAC-hs SDU 

Mac-hs payload 

VF 

Smallest MAC-hs 

Header

Smallest MAC-hs 

packet
 

Illustration 12: MAC-hs PDU carrying several SDU´s[13]. 

The MAC layer one can multiplex different services into a single transport channel. This requires 

that both services should have similar QoS characteristics, as it is not possible for the Node B 

scheduler to separate them for different handling. In this case the multiplexing takes place in the 

RNC in the MAC-d layer, where several logical channels are multiplexed into a single MAC-d flow. 

A MAC-d header is also added to signalize the flow. 

 

 
Illustration 13: Overview of the layer interaction responsible for the physical layer transmission in HSDPA [14]. 

 

To summarize, it has to be said that the link adaptation provides channel quality information to 
the Node B, thus allowing the MAC-hs scheduler to extract multiuser diversity within the cell. 
Data flow control is handled by the MAC-d, ensuring continuous data transfer even in case of 
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handover. These mechanisms together make the physical layer of HSDPA very flexible and prom-
ising for exploiting cross-layer information. 
 
MAC-d, MAC-hs and the physical layer set-up are controlled by the Radio Resource Control 
(RRC), which can adapt the network slowly to general performance targets. The available instan-
taneous Channel Quality Information (CQI) and the packet acknowledging (ACK/NACK) however 
are only available in the NodeB itself. The scheduler thus can act as an interface for the signaling 
information of upper layers and the CQI and ACK/NACK information of the wireless link. It has to 
be noted that in principle the scheduler may also influence the resources assignment of the indi-
vidual users by affecting the modulation and coding settings as well as the retransmission han-
dling [14]. 
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3. CHAPTER: CROSS LAYER DESIGN 
 

 

This chapter builds the motivation for cross layer improvements and explains the steps to build 

the connections among the HSDPA protocol layers are developed. First the term cross layer is 

defined, and then the requirements of the video processing are explored.  

 

 

3.1. Definition and motivation 

 

The basic idea of cross layer improvements is to dynamically transport feedback dynamically via 

layer boundaries to enable for compensation of e.g. overload, latency or other mismatch of re-

quirements and resources [15]. This definition does not set up a new layer that works in parallel 

to the well known levels of a concrete communications protocol stack, but points the path to 

achieve a better quality of service with the interchange of communication parameters among 

layers. Also this definition contradicts the strict boundaries between layers established in the OSI 

communications model. 

 

Nowadays, the different kinds of applications that use networks are very wide and all of them 

have different QoS requirements. Therefore the network behavior has to be adapted to these 

necessities, changing the scheduling mode or being aware of the data content. The scheduling 

mode is usually used to avoid congestion of a node or an empty buffer. The awareness of the 

data to transmit is used to prioritize some data flows over others that currently pass through the 

same network node.  

 

In the case of the wireless networks, the case of study, the channel conditions affect the QoS 

dramatically, due to the random nature of the air propagation. Thus, achieving an acceptable 

QoS for a specific data flow is more complex, and needs more information interchange among 

the layers.  

 

The second reason is the actual tendency to do everything wirelesses, aggravating the correct 

work of some common applications. Therefore communication protocols or applications must 

be adapted to the changing user requirements.  

 

Focusing on the parameters where the layers can interchange, two distinct groups can be 

created. First, we find parameters referring to data information, denoting the importance and 

the characteristics of a data flow. This group can be provided by the upper layers. The second 

group is referred to feedback parameters that the user device sends to the network. This group 

is considered in wireless networks the most important because it can be used to report buffer 

states, channel conditions and acknowledges reports. 
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Schedulers usually are located in the MAC layer, where the parameters from the uppers layers 

and the feedbacked parameters can be converged. Thus, all this information can be used to 

schedule the user with the best criteria, as can be shown in the illustration 14.   

 

Application Layer

(Encoder)

RTP

Real-Time Transport Protocol

UDP

User Datagram Protocol

IP

Internet Protocol

RLC

 Radio Link Control

MAC-d

MAC-hs

PHY

Physical Layer

Cross Layer

 
Illustration 14: Information interchanges between layers to create the cross layer optimizations. 

 

3.2. Video steaming requirements 

 

As a practical example, this thesis is focused on the video streaming transmission over an HSDPA 

wireless network. This technology is the door to the next mobile technologies.  

 

Streaming can be more complex in a packet based network because they have strong and specif-

ic requirements. The video data flows must be formatted, denoting that the latency between 

consecutive packets must be the same, the data bit rate has to be high and constant, and the 

video packet loss rate must be close to zero. 

 

Constant bit rate is needed to feed the decoder application in a proper way, and to see the video 

without interruptions. Almost all video applications have a predecoding buffer to stabilize the 

process, but these buffers usually have a finite size, which can lead to overflow problems. There-

fore the transmission should be aware of the packet latency or jitter to avoid it. 

 

However, the most desired case is to receive every video packet without errors to avoid decod-

ing problems.  

 

3.3. Design strategy 

 

With the definition of cross layer interactions and the type of information that the layers have to 

interchange to achieve the video streaming transmission optimization (NAL priority, NAL types 

and channel parameters), an implementation strategy has to be presented. This path serves for 

the concept implementation, but also for the simulation tests. 
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The First step is to signalize the video frames to be easily recognized by the lower layers. There-

fore marking the frames is needed to implement the cross layer improvements. This action takes 

place in the application layer, signalizing the priority of the different kind of frames. This step is 

explained in detail in the next chapter where the video modifications are explained. 

 

The Second step in the strategy is to signalize the content of the PDUs through the protocol 

stack without changes on it. The target of this action can be achieved, fixing the HSDPA map for 

QoS class (application) into a DiffServ Class [17, 18].    

 

The Third step is to design a content awareness scheduler, which uses the feedback and the data 

type information. This scheduler will have to consider the type of data, the status of the channel 

and the status of the data transmission for each user. 

 

The proposed scheduler has to be designed to reach some basic specifications that one: 

 

 Decrease the video packet error rate to almost zero. 

 Maintain a constant bit rate to feed the decoder without overflows.  

 Maintain the fairness among the different users who are served. 

 Increase the video quality, measured in Luminance Peak Signal to Noise Ratio (Y-PSNR) 

for video. 

 

 

In the practical example of H.264 video streaming, the NALs headers that contain the informa-

tion about the type and the priority of the video frames have to be understood by the imme-

diate lower layers. RTP layer (Real Transport Protocol) is the first that has to read these fields 

and mark the priority in its own headers fields, in the PT field (Payload Type) [19]. The PT field is 

able to signalize to the application layer.  

 

Then the UDP protocol encapsulates the RTP SDUs containing the video NALs without taking 

care about what is on it. But the IP protocol with differentiated services activated is still able to 

signalize the types of data. To do that, it utilizes the differentiated services field of the IP header 

[17, 18]. At this point of the protocol stack a problem appears: the RNC (Radio Network Control-

ler), which is in charge of managing the MAC layer, cannot read the IP headers. Therefore, a 

direct signalization of the priority and the type of data is not possible.  

 

A possible solution for this problem is to divide the IP packets into priority data flows depending 

on the data types. These data flows are called PDP-Contexts [14]. These contexts with a specific 

QoS for its data type create a logical channel with the mobile terminal to send the data.  

 

PDP-Contexts allow the system to specify independent QoS parameters for multiple applications 

running at the same mobile terminal. There are two different categories of PDP-contexts, named 

primary and secondary. Every mobile first has to open a primary context. Then the mobile can 

either attach a secondary to the primary or initiate further primary ones. Multiple primary PDP-

contexts have different IP addresses and are typically used for different applications. Multiple 
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secondary PDP-contexts share the same IP address and must be attached to a previous initia-

lized primary context. Illustration 16 shows the setup differences. 

 

 
Illustration 15: PDP-Context Schema [14]. 

 

In our case for example, a primary PDP-context for the NALs with the higher priority, I frames, 

because they refresh the video sequence and are independent of the previous frames. The sec-

ondary PDP-context will carry the NALs of less importance. In order to split up the data into the 

different PDP-context for the same user, Traffic Flow Templates (TFT) are defined.  A TFT can be 

seen as a packet filter applied onto each IP packet entering the GGSN. Also, there exists one TFT 

per secondary PDP-context. The filtering rules are based on one or more of the following 

attributes: source address, IP protocol number, destination port (range), source port (range), 

IPsec security parameter index and the type of service. The last attribute in this list makes the 

TFT the perfect match for the proposed method as it is the same header field used for DiffServ 

[14]. 

 

To sum up the encapsulation method used to transmit the video in our case of study, first the 

video NALs are encapsulated in a RTP PDU signalizing the type and priority in the header fields. 

Then it is encapsulated in a UDP datagram that later will be put into an IP packet marking the 

data content in the differentiated services. When the IP packets arrive at the GGNS with differ-

ent QoS requirements, these are divided into different data flows called PDP-contexts according 

to different traffic flow templates. Afterwards, the IP PDUs are given to the MAC layer, where 

the scheduler will take the type of data flow to determine the QoS. If a user is selected to re-

ceive data, the IP PDU to send will be encapsulated in a transport block attaching a MAC Header 

and a CRC, as is shown in illustration 16. The size of each transport block depends on the channel 

quality according to the link adaptation procedure. 
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Illustration 16: Encapsulation method. 
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4. CHAPTER: VIDEO CODING MODIFICATIONS 
 

 

In this chapter I will explain the modifications applied to the video encoder in order to mark the 

priority in the different NALs. Two parts have been modified, the decrease of the dependence 

among the video frames to send, and the default priority given to the NALs, these changes are 

explained respectively in the section 4.2 and 4.3. But in the first section I explain the coding set-

tings. 

 

 

4.1. Coding settings 

 

The first thing to mention in this section is that the baseline profile of H.264/AVC is used, accord-

ing to the 3GPP requirements. A cellular phone has limited power and it is necessary to take care 

of the batteries. Other profiles have better quality coding conditions, but they also need more 

computational requirements, more complexity, implying higher power consumption and are, 

therefore, not allowed by the 3GPP.  

 

A resolution of 144x176 pixels, known as QCIF (Quarter Common Interchange Format), is cho-

sen, to fit the receiver side screen. Encoder and decoder use a buffer size of one frame. One 

frame is coded and buffered to be the reference for the next temporally predicted frame. 

 

As the baseline profile consist of I and P frames, it is necessary to define a suitable Intra period 

for the video transmission. This period is fixed to 45, which means one I frame for every 45 P. I 

frames refresh the reference of the video sequence, because are coded without any reference to 

previous ones. This kind of codification force to divide into slices of the I frame, due to the 

maximum payload assigned to the NALs, set at 750 bytes.   

  

A frame rate is also defined to have a good relation between the subjective quality perceived by 

the user and the limited number of frames transmitted defined by the maximum bit rate of the 

network. The rate is fixed to 15 frames per second; one second of a video consists of 15 frames.   

 

 

4.2. Non referenced P frames 

 

The loss of a frame independently of the type, leads to a step backward in video quality. And this 

issue becomes worse, if an I frame is lost, because the reference for the next P sequence. But 

given a special priority treatment to the I frames, it will be solved. However, the loss of a P frame 

is also a big step backward, because all of them all have a temporal correlation. For this reason, a 

new type of P frame called non referenced P frame is created.  

 

These new kind of frames try to decrease the dependency between P frames. Looking at the 

picture below, the common situation is to have one P frame referencing the previous frame. But 
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with the non referenced P frames one frame is used to be the reference for the next two P 

frames to code, as is shown in the second example of the picture. A P frame is maintained in the 

coding buffer twice. Thus, one P frame is not used for the codification, the non referenced P 

frame. The loss of these frames is less important than the “normal” P frames, because they are 

not used for the decoding. Thus, the error propagation is allowed, the final objective. 

   

 
Illustration 17: Non referenced P Frames 

 

To implement this new type of frames, the option DisposableP has been enabled in the codifica-

tion settings. This field allows having the following encoding sequence: I0p1P2p3P4p5… where 

the numeric index corresponds to the frame index and display order, while uppercase and lo-

wercase imply reference and non reference pictures respectively [4]. The next line is where the 

disposable P frames are set in the cfg file.  
 

DisposableP            = 1  # Enable Disposable P slices in the primary layer 

(0: disable/default, 1: enable) 

 

It is necessary to modify the encoder to reach the objective of the non referenced P frame. The 

coder must maintain the same P frame in the buffer to code the following two P frames. This 

action is made by the next function, located in the coder file lencod.c. 

 
/*! 

 *********************************************************************** 

 * \brief 

 *    Initialize encoding parameters. 

 *********************************************************************** 

 */ 
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void init_frame_params() 

{ 

  int base_mul = 0; 

 

  if (params->idr_period) 

  { 

    if (!params->adaptive_idr_period && ( img->frm_number - img->lastIDRnumber ) 

% params->idr_period == 0 ) 

      img->nal_reference_idc = NALU_PRIORITY_HIGHEST; 

 

    if (params->adaptive_idr_period == 1 && ( img->frm_number - imax(img-

>lastIntraNumber, img->lastIDRnumber) ) % params->idr_period == 0 ) 

      img->nal_reference_idc = NALU_PRIORITY_HIGHEST; 

    else 

      img->nal_reference_idc = (params->DisposableP) ? (img->frm_number + 1)% 2 

: NALU_PRIORITY_LOW; 

  } 

  else 

    //img->nal_reference_idc = (img->frm_number && params->DisposableP) ? (img-

>frm_number + 1)% 2 : NALU_PRIORITY_LOW; 

 img->nal_reference_idc = (((img->number)%2 == 0) && (img->type != 

I_SLICE)) ? 0 : NALU_PRIORITY_LOW; 

 

  //much of this can go in init_frame() or init_field()? 

  //poc for this frame or field 

  if (params->idr_period) 

  { 

    if (!params->adaptive_idr_period) 

      base_mul = ( img->frm_number - img->lastIDRnumber ) % params->idr_period; 

    else if (params->adaptive_idr_period == 1) 

      base_mul = (( img->frm_number - imax(img->lastIntraNumber, img-

>lastIDRnumber) ) % params->idr_period == 0) ? 0 : ( img->frm_number - img-

>lastIDRnumber ); 

  } 

  else  

    base_mul = ( img->frm_number - img->lastIDRnumber ); 

 

  if ((img->frm_number - img->lastIDRnumber) <= params->intra_delay) 

  {     

    base_mul = -base_mul; 

  } 

  else 

  { 

    base_mul -= ( base_mul ? params->intra_delay :  0);     

  } 

 

  img->toppoc = base_mul * (2 * (params->jumpd + 1)); 

 

  if ((params->PicInterlace==FRAME_CODING) && (params-

>MbInterlace==FRAME_CODING)) 

    img->bottompoc = img->toppoc;     //progressive 

  else 

    img->bottompoc = img->toppoc + 1;   //hard coded 

 

  img->framepoc = imin (img->toppoc, img->bottompoc); 

 

  //the following is sent in the slice header 

  img->delta_pic_order_cnt[0] = 0; 
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  if ((params->BRefPictures == 1) && (img->frm_number)) 

  { 

    img->delta_pic_order_cnt[0] = +2 * params->successive_Bframe; 

  }   

} 

 

In the next two illustrations, you can see the results of the non referenced P frames implementa-

tion. The last column of the illustration 18 shows whether one frame has been used as a refer-

ence (value 1) or not (0). But in the illustration 19, there are ones and zeros interleaved, which 

means that the frames with the zero are not used as a reference, non referenced P frames.  

 

 
Illustration 18: Coding Trace without Non Referenced P Frames. 

 

 
Illustration 19: Coding Trace with Non Referenced P Frames. 

Next two captures of video decoder trace show the quality loss without non referenced P frames 

and the gain achieved with this new type of frames. In the illustration 20, mobile network has 

lost the seventh NAL, which corresponds to the fourth frame which is a P frame.  At the receiv-

er’s side, the decoder conceals the missing information, but the SnrY (instantaneous P-YSNR) 

decrease almost 4 dB units. SNRY serves to measure the difference in the luma component be-

tween the original frame and the decoded one. 
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Illustration 20: Decoding Trace with Quality Lost. 

On the other hand, we have repeated the same test using non reference P frames. Accordingly, 

the mobile network has lost the same NAL which corresponds now to a non reference P frame. 

Then the decoder notices the lost, but it continues correctly decoding the sequence because no 

reference frame has been lost. Thus, SNRY maintains similar values and the decoder copy the 

previous frame in the space left by the lost frame.  

 

 
Illustration 21: Decoding Trace of a Video Sequence with Non Referenced P Frames 

without Quality Lost. 

 

With the implementation of non reference P frames an advantage of 4 dB in the SnrY is achieved 

in the following frames of the sequence. If a mobile network is capable of signalizing this kind of 

frames, and sends them when the worst channel conditions are given, no temporal error propa-

gation occurs when a non reference P frame is lost, because they are not so important for the 

decoding. So the next step is to signalize the frame type in the NAL header and in the rest of the 

headers of the protocol stack, building a differentiated service for each frame kind.  

 

 

4.3. Priority implementation 

 

H.264 codec allows the signalization of the different types of NAL units and their priority. The 

fields in the NAL header which cover such marking are the NAL unit type and the NAL reference 

index, respectively. In the original implementation of the encoder by looking only at the values 

of the NAL header we are not able to distinguish an I frame and a P frame. In both cases, NAL 

unit type is set as a Coded slice and the value priority high marked in the NAL reference index. 
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For this reason, we need to implement a new priority schema which gives more information 

about the frames carried by a NAL only looking at the header fields. The designed schema is 

shown in the following table. 

 

Frames type NAL unit type Default Priority New Priority 

SPS SPS HIGHEST HIGHEST 

PPS PPS HIGHEST HIGHEST 

IDR IDR HIGHEST HIGHEST 

I Coded slice HIGH HIGH 

P Coded slice HIGH LOW 

B Coded slice NON USED NON USED 

SP Coded slice NON USED NON USED 

SI Coded slice NON USED NON USED 

P_NON-REFERENCED Coded slice NON USED DISPOSABLE 
Table 3:NAL priority schema. 

Four priority signalization levels in the codec can be used to set the importance of the carried 

frame in the NAL headers.  The more important NALs are those that carry the decoding settings, 

which are SPS, PPS and first I frame, called IDR, so they have the highest priority. In the next 

level, it is situated the I frames, because refresh periodically the sequence reference values. To 

distinguish the I and P frames in the NALs headers, the priority value given to the P frames was 

decreased, and the priority given to the P non referenced frames will be the lowest. The NAL 

types have not changed. 

 

These changes have been made in the encoder application, as can be shown in the red lines of 

the create_slice_nalus function at the lencod.c file. 

 
/*! 

************************************************************************ 

* \brief 

*    This creates a NAL unit structures for all data partition of the slice 

* 

************************************************************************ 

*/ 

void create_slice_nalus(Slice *currSlice) 

{ 

  // KS: this is approx. max. allowed code picture size 

  const int buffer_size = 500 + img->FrameSizeInMbs * (128 + 256 * img-

>bitdepth_luma + 512 * img->bitdepth_chroma); 

   

  int part; 

  NALU_t *nalu; 

 

  for (part=0; part< currSlice->max_part_nr; part++) 

  { 

    if (currSlice->partArr[part].bitstream->write_flag) 

    { 

      nalu = AllocNALU(buffer_size); 

      currSlice->partArr[part].nal_unit = nalu; 

      nalu->startcodeprefix_len = 1+ (currSlice->start_mb_nr == 0 && part == 0 

?ZEROBYTES_SHORTSTARTCODE+1:ZEROBYTES_SHORTSTARTCODE); 

      nalu->forbidden_bit = 0; 

 

      if (img->currentPicture->idr_flag) 
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      { 

        nalu->nal_unit_type = NALU_TYPE_IDR; 

        nalu->nal_reference_idc = NALU_PRIORITY_HIGHEST; 

      } 

      else 

      { 

        //different nal header for different partitions 

        if(params->partition_mode == 0) 

        { 

          nalu->nal_unit_type = NALU_TYPE_SLICE; 

        } 

        else 

        { 

          nalu->nal_unit_type = (NaluType) (NALU_TYPE_DPA +  part); 

        } 

 

/****************************************************************************/ 

 

        if (img->nal_reference_idc !=0 && img->type == I_SLICE) 

        { 

   nalu->nal_reference_idc = NALU_PRIORITY_HIGH; 

        } 

        else if (img->nal_reference_idc !=0 && img->type == P_SLICE) 

        { 

   nalu->nal_reference_idc = NALU_PRIORITY_LOW; 

        } 

  else if (((img->frame_num)%2 == 0) || (img->type != I_SLICE )) 

  { 

   nalu->nal_reference_idc = 0; 

  } 

  else  

  { 

   nalu->nal_reference_idc = NALU_PRIORITY_DISPOSABLE; 

  } 

      } 

    } 

    else 

    { 

      currSlice->partArr[part].nal_unit = NULL; 

    } 

  } 

} 

 

In the table shown below, you can see the changes that have been made. The first column lists 

the NAL trace of a video with common coding, where no differences can be observed between I 

and P NAL headers, all have Priority: 2 and NAL unit type:  coded_slice. When the non referenced 

P frames are introduced, the priority schema changes a little given Priority: 0 to this type of 

frames, but yet is not possible to distinguish I and P frames.  

 

In the last column, the new priority schema is implemented. It is possible to see at the beginning 

the SPS, PPS and IDR frames with the highest priority (3) then a combination of NALs with priori-

ty 0 or 1 (lowest and low) which are respectively non referenced P frames and “normal” P 

frames. At the bottom of the column, there is a NAL that carry an I frame, you can recognize it 

due to the high priority (2) and the bigger payload. 
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Values of NAL Header without 
any modification.  

Values of NAL Header with Non 
referenced P Frames included. 

Values of NAL Header with 
New Priority Implementation. 

1) Priority:3 

NAL unit type:SPS 

packet payload length: 7  

 

2) Priority:3 

NAL unit type:PPS 

packet payload length: 3 

 

3) Priority:3 

NAL unit type:IDR 

packet payload length: 2048 

 

4) Priority:2 

NAL unit type:coded_slice 

packet payload length: 263 

 

5) Priority:2 

NAL unit type:coded_slice 

packet payload length: 312 

 

6) Priority:2 

NAL unit type:coded_slice 

packet payload length: 306 

 

7) Priority:2 

NAL unit type:coded_slice 

packet payload length: 264 

 

8) Priority:2 

NAL unit type:coded_slice 

packet payload length: 286 

 

 

. 

.  

.  

 

A. Priority:2 

NAL unit type:coded_slice 

packet payload length: 350 

 

B. Priority:2 

NAL unit type:coded_slice 

packet payload length: 235 

 

C. Priority:2 

NAL unit type:coded_slice 

packet payload length: 2035 

 

D. Priority:2 

NAL unit type:coded_slice 

packet payload length: 220 

1) Priority:3 

NAL unit type:SPS 

packet payload length: 7 

 

2) Priority:3 

NAL unit type:PPS 

packet payload length: 3 

 

3) Priority:3 

NAL unit type:IDR 

packet payload length: 2048 

 

4) Priority:2 

NAL unit type:coded_slice 

packet payload length: 263 

 

5) Priority:0 

NAL unit type:coded_slice 

packet payload length: 311 

 

6) Priority:2 

NAL unit type:coded_slice 

packet payload length: 407 

 

7) Priority:0 

NAL unit type:coded_slice 

packet payload length: 303 

 

8) Priority:2 

NAL unit type:coded_slice 

packet payload length: 402 

 

 

. 

.  

.  

 

A. Priority:2 

NAL unit type:coded_slice 

packet payload length: 350 

 

B. Priority:0 

NAL unit type:coded_slice 

packet payload length: 235 

 

C. Priority:2 

NAL unit type:coded_slice 

packet payload length: 2035 

 

D. Priority:0 

NAL unit type:coded_slice 

packet payload length: 220 

1) Priority:3 

NAL unit type:SPS 

packet payload length: 7 

 

2) Priority:3 

NAL unit type:PPS 

packet payload length: 3 

 

3) Priority:3 

NAL unit type:IDR 

packet payload length: 2048 

 

4) Priority:1 

NAL unit type:coded_slice 

packet payload length: 263 

 

5) Priority:0 

NAL unit type:coded_slice 

packet payload length: 311 

 

6) Priority:1 

NAL unit type:coded_slice 

packet payload length: 407 

 

7) Priority:0 

NAL unit type:coded_slice 

packet payload length: 303 

 

8) Priority:1 

NAL unit type:coded_slice 

packet payload length: 402 

 

 

. 

.  

.  

 

A. Priority:1 

NAL unit type:coded_slice 

packet payload length: 350 

 

B. Priority:0 

NAL unit type:coded_slice 

packet payload length: 235 

 

C. Priority:2 

NAL unit type:coded_slice 

packet payload length: 2035 

 

D. Priority:0 

NAL unit type:coded_slice 

packet payload length: 220 

Table 4: NAL sequences comparison. 

Thus, now all the NAL types are differenced by their priority, and the priority can be used to 

deliver the different frames to allow for an efficient differentiated service. 
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5. CHAPTER: HSDPA SCHEDULER STUDY 
 

 

Once the video file has been properly encoded, the next step to develop is the implementation 

of the whole video transmission chain in the HSDPA network, in concrete over the system level 

simulator. In the first sections of this chapter, the way to set up video transmission chain will be 

explained, then the types of schedulers which have been implemented and finally the HARQ 

mechanism.  

 

 

5.1.   Video Transmission Chain 

 

5.1.1. Elements 

 

At the beginning of the work, the next three separated elements were available for implement-

ing and improving the video transmission chain. 

 

 Video Encoder 

 Video Decoder 

 HSDPA simulator 

 

The encoder is a H.264/AVC encoder which produces a 264 file from a raw video file. The result 

is a file containing the NALs that carry the coding information. These NALs have all the informa-

tion needed to reconstruct the video sequence at the decoder side. As the data is structured in 

NALs, it is ready suitable for transmission in packet switched networks. 

 

The other video part is the decoder which from the 264 file is capable to rebuild the original 

video file and to give some information about the decoding process, such time to decode, type 

of frame, Y-PSNR, etc. This last parameter indicates the objective video quality.  

 

The third and the most fundamental element is the HSDPA system level simulator. This tool al-

lows simulating a whole HSDPA network at the MAC layer. The simulator generates a chosen 

number of users in a network sector with some determinate features depending on the random 

position of the users in the cell. The steps of this simulation are: 

 

 Schedule a specific user 

 Update the user position, the channel and transmission parameters associated 

 Evaluate the BLER of the user from the SINR of the user channel 

 Generate the ACK/NACK result for the current transmission from the BLER value 

 Feedback the CQI (channel quality index) to the Node B function 

 Update the monitor parameters and return to the beginning 

 



CCrroossss--llaayyeerr  ooppttiimmiizzaattiioonnss  ffoorr  mmuullttiimmeeddiiaa  sseerrvviicceess  oovveerr  mmoobbiillee  nneettwwoorrkkss  IINNTTHHFFTT  

 

46  
 

Thus, the result of the simulation is a set of traces which inform about the behavior of the 

HSDPA network. 

 

So, we have three separated elements, which have different inputs and outputs, and must be 

interconnected and improved to create the whole video transmission chain.    

 

5.1.2. The interfaces 

 

With the video file fixed, the next step to implement was to create the interfaces between the 

video encoder and the HSDPA simulator, and between the HSDPA simulator and the video de-

coder. This implementation was done with one customized  Matlab script. 

 

The encoder-simulator interface script reads the 264 file, differentiates the NALs, interpretates 

the NALs headers and creates a Matlab structure with this information. This structure contains 

the priority, the type and the length of the NALs. If the video receiver user is scheduled, the si-

mulator reads this variable dynamically, to fit the NALs into TB (Transport Blocks) according to 

the encapsulation method explained in the third chapter. The reason to read this variable dy-

namically is to fit the size NALs with the variable size of the TB, which depends on the channel 

conditions (ACM). 

  

During this process, the size of the SDUs is increased due to the addition of the lower layers 

headers. The simulator uses as import a new variable with the TB trace of the video user. This 

variable carries the following information; TB index, TB size, TB ACK/NACK information and NALs 

carried by the TB. 

 

The script that manages the simulator-decoder interface is in charge of creating a received 264-

video file. To do that, the original 264-video file is recollected depending on the content of the 

simulator video user trace. For example, if the TB that carries a determinate NAL has an ACK, this 

NAL is copied into the received file. In the opposite case, the NAL is not copied in the received 

264 file simulating the loss of this video packet. 

 

The following diagram summarizes the simulation process.   

 

 

Illustration 22: Video transmission simulation chain. 
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5.2. Initial scheduler study 

 

With the whole video transmission chain interfaced with the simulator, I concentrate my efforts 

on developing the video content aware scheduler. But first a study of the common schedulers 

was done to establish some basic understanding.  

  

5.2.1. Conditions and parameters of the initial study 

 

To realize this study, the position of the users in the sector was fixed in an uniform way, in order 

to take in to consideration the influence on the channel conditions and the increment of users in 

the cell. With increasing number of users, some of them could be in the worst cell positions basi-

cally far away from the antenna, affecting the entire simulation results. This placement effective-

ly limits the length of the simulation trace needed to generate a sufficient averaging over the cell 

area. Furthermore, a specific user-positioning pattern leads to reproducible simulations results 

more easily. An example of this user’s placement is shown in the next figure.  

 

 

Illustration 23: Users uniform positioning for 18 users scenario. 

 

The simulation time is other aspect to take into consideration in this study, which determinates 

the precision of the results. With a higher simulation time the network and the simulator reach 

the steady state which gives stable results. Also the number of users in the cell influences the 

results. With more users more time is needed to reach the stable state. Therefore, the simula-

tion time depends on an established number of slots equal to 7500 times the number of users 

located in the cell. 

 

Other HSDPA network settings used in these simulations tests are: 

 

 All the users were simulated with the ITU Pedestrian A characteristics. 

 The HSDPA network and the user terminals are equipped with MIMO capabilities. 

 The same fading features were used for all simulations. 
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The measured parameters for comparing the behavior of the common schedulers with the con-

tent aware scheduler were: 

 

  Average Node B BLER. 

 Average Node B throughput 

 Average Node B fairness.  

 

The averages were done among the different simulations carried, with different amount of users 

simulated in the sector. 

 

The BLER measures the percentage of damaged TB received by the users over the total amount 

sent by the Node B. This parameter depends on how the scheduler chooses the users to send 

them data depending on the channel conditions. For instance, if the scheduler under study al-

ways serves the user with the best channel, the BLER will be the lowest because the most of the 

TB are correctly received. In the wireless networks the target value for this parameter is 10% 

[12].        

 

By monitoring the average throughput of the Node B, we note how the scheduler assigns the 

resources. If the scheduler selects the user which has the best channel, this user will receive 

more data than the others due to the AMC. Thus, the Node B reaches the maximum throughput 

capability. For the chosen settings, enabling MIMO capabilities, this value is 28 Mbps [12]. 

 

The BLER and the throughput parameters measure how the behavior of the schedulers in terms 

of amount data sent and maximum number of correct TB sent, but we furthermore need a pa-

rameter which measures how fair the users are treated in terms of data received by the schedu-

ler. This parameter is called the data-rate fairness coefficient and is defined by the formula 1 [2]: 

 

𝐹𝑅 ∆𝑇  =  
  𝑅𝑚  ∆𝑇 𝑀

𝑚 =1  
2

(𝑀∙ 𝑅𝑚  ∆𝑇 2)𝑀
𝑚 =1

   ;  (1) 

 
with M denoting the number of considered users, Rm(ΔT) denoting the data-rate the user m 

achieved in time interval ΔT. In this case, a fairness value of one corresponds to optimal fairness 

within a given time interval ΔT with respect to the defined criterion, indicating that all users re-

ceived identical data-rates. 

 

Also, I considered measuring the resource-fairness coefficient which weights how fair the sche-

duler allocates the users. But, I reject this coefficient because the future content aware schedu-

ler serves the video user more times over the rest due to the priority schema implemented. 

 

5.2.2. Schedulers under study 

 

The scheduler has to select one or multiple users among the users that want to access to the 

channel. But for each user the channel varies continuously along the time domain and along the 

frequency domain. This results in the users having different channel conditions (ICI, fading, ...) 
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and achieve different data-rates for the same resources. Moreover, the different data types that 

the users want to receive or send complete the multi-user diversity concept. 

 

This multi-user diversity can be seen as beneficial, because by exploiting the channel variation 

and the data diversity improves the performance rather than mitigate them. Thus, the schedu-

ler’s must select a user that can achieve a good data-rate rather than another one that wouldn’t 

make the best of it at the present moment. On the other hand, allocating resources to users with 

good channel conditions means that users in disadvantageous conditions may be deprived of 

service. 

 

The basic scheduler and the one that was implemented in the HSDPA simulator is the Round 

Robin (RR). This scheduler assigns cyclically the resources to the users regardless of the channel 

conditions, therefore an equal share of resources to each user is given. Other features which 

describe the RR are the low computational cost and the simplicity of the algorithm. But this 

scheduler has some problems due to the AMC of the HSDPA MAC layer, because the users do 

not experience the same end-user data-rate. Thus, the fairness data-rate coefficient measured in 

the Node B is lower than in other scheduling methods.  

 

Another scheduler is called Proportional Fair Scheduler (PF) where one user at a time is selected 

for transmission on the available code resources [2]. With respect to the RR scheduling, this in-

creases the system throughput while maintaining the long-term allocation fairness between 

users. The PF scheduler allocates the user m* who maximizes the ratio of achievable instantane-

ous data-rate over average received data-rate. This approach can be broadened to Generalized 

Proportional Fair (GPF) by introducing weighting factors α ∈ *0;∞) and β ∈ *0;∞) as follows *2]: 

 

𝑃𝑚
𝑆 𝑛 =

 𝑎𝑐𝑖𝑒𝑣𝑎𝑏𝑙𝑒  𝑖𝑛𝑠𝑡𝑎𝑛𝑡𝑎𝑛𝑒𝑜𝑢𝑠  𝑑𝑎𝑡𝑎𝑟𝑎𝑡𝑒𝑓𝑜𝑟  𝑢𝑠𝑒𝑟  𝑚  𝑎𝑡  𝑡𝑖𝑚𝑒  𝑛  𝑜𝑛  𝑃𝑅𝐵  𝑠 𝛼

 𝑎𝑣𝑒𝑟𝑎𝑔𝑒  𝑑𝑎𝑡𝑎𝑟𝑎𝑡𝑒  𝑢𝑠𝑒𝑟  𝑚  𝑎𝑠  𝑟𝑒𝑐𝑒𝑖𝑣𝑒𝑑  𝑢𝑝  𝑡𝑜  𝑡𝑒  𝑡𝑖𝑚𝑒  𝑛 𝛽
         (2) 

 

𝑚∗ = arg max 𝑃𝑚
𝑆 𝑛    (3) 

 

Where PRB denotes the Physical Resource Block, s the resource block index and α, β are weight-

ing factors which balance the formula. 

 

The numerator depends on the instantaneous channel conditions due to the AMC. With a higher 

CQI, good quality channel conditions, a modulation with a more symbols is going to be used, so 

the size of the TB sent in the time slot will be bigger. However, the denominator controls the 

fairness among the different users placed in the sector served by the scheduler. This term takes 

into account the data-rate reached by the users during the calculation time. In the HSDPA case, 

the data-rate of each user depends on the past channel conditions due to the AMC. 

 

By modifying the weighing factors α and β various schedulers with different targets can be de-

veloped. By tuning parameters α and β in the equation, the trade-off between fairness and sys-

tem throughput can be tweaked. Increasing α will increase the influence of the achievable in-

stantaneous data-rate, which enhances the probability of a user currently in good condition to 

be scheduled. This result reaches a higher system throughput, but less allocation fairness and 
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less data-rate fairness. Increasing β will increase the influence of the average data-rate, which 

increases the probability of a user with a low average data-rate to be scheduled. This results in 

higher data-rate fairness, but lower system throughput [2]. 

 

The effects described above can be identified by the following two settings for α and β: 

 

 α ≠ 0 (e.g. α = 1) and β = 0 corresponds to the Max Rate (PF MR) scheduler, where the 

user with the highest achievable instantaneous data-rate at time n is scheduled, since 

the denominator in the equation is equal for all users. The maximum system throughput 

is obtained at cost of the lowest fairness. 

 

 α = 0 and β ≠ 0 (e.g. β = 1) schedules the user with the lowest average data-rate up to 

the decision time, i.e. equalizes the average data-rates of the users, since the numerator 

in the equation is equal for all the users. This results in a maximum data-rate fairness 

(PF MF) scheduler, but in a low system throughput. 

 

Another option for the weighing factors is to choose α and β equal to one, defining the Conven-

tional Proportional Fair (PF CPF) scheduler. This scheduler provides a good trade-off between 

allocation fairness and system throughput by utilizing the multiuser diversity. 

 

5.2.3. Schedulers comparison 

  

Looking at the plot that compares the BLER of the different schedules implemented at the simu-

lator and explained in the last section, there are some significant results.  

 

 If there are more users in the sector and closer to the sector edge, the BLER increases 

for all the schedulers under study, less for the PF MR scheduler since always selects the 

user with the best channel conditions.  

 The PF MF scheduler BLER increases to higher values compared to the other schedulers. 

This tendency is due to the aim of this scheduler which tries to serve in the same 

amount of data all the users. Even when they are placed in points with bad channel con-

ditions, but without selecting the users with the zero CQI feedback reports. The users si-

tuated close to the sector edge are selected more times as they receive small sized TB 

and with a higher probability of damage. 

 RR and PF CPF have similar behavior in this BLER comparison. 
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Illustration 24: Average transport block error rate looked in the node B depending on the number of users in the 

sector. 

 

In the throughput plot, it is easy to differentiate the tendencies of the schedulers under compar-

ison.  

 

 The PF MR scheduler has a higher throughput performance, as the scheduler maximizes 

the Node B data-rate selecting the user that can receive the bigger TB as a result of the 

best channel conditions. 

 Comparing the RR and the PF CPF scheduler, the performance of the last one is 1.8 

Mbps higher than the RR due to the awareness of the channel quality that derives in a 

longer TB with more reliability. 

 PF MF scheduler has the worst performance in terms of throughput. It selects the users 

with the worse channel conditions, but not the ones which report a zero CQI. In addi-

tion, these users receive the smaller TBs due to the AMC. The reason for this behavior is 

the aim of the scheduler, to be fair, delivering the same amount of data to all the users. 
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Illustration 25: Average node B throughput depending on the number of users in the sector. 

 

The parameter, which completes this study, is the data-rate fairness coefficient. This value 

measures how the users are treated by the Node B. 

 

 The value for the PF MF scheduler is the highest, 1. All the users have the same data-

rate.  

 The value of the fairness coefficient for PF MR scheduler decreases with the number of 

users in the network sector compared with the other schedulers. The reason of this 

decrement is the own aim of the scheduler, serving the users which can receive the 

longer TB, the users with the best channel conditions. Therefore, only the users that are 

in front of the antenna will be served. 

 RR and PF CPF schedulers have similar behaviors, the performance is a little bit higher 

for the PF CPF. That means that the balance made by the PF CPF has the same behavior 

as the RR. 
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Illustration 26: Average node B fairness coefficient depending on the number of users in the sector. 

 

The PF CPF is definitely the basis for the video content aware scheduler because: 

 

 It has the balanced trade-off between fairness and performance. 

 BLER and fairness coefficient are similar to the RR: the users are served in a similar way 

and the amount of damage TB is acceptable. 

 The throughput performance is bigger than the RR (1.8 Mbps), by selecting the users 

that can receive larger TB due to the best channel conditions. 
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6. CHAPTER: HSDPA MODIFICATIONS 
 

 

In this chapter, the proposed video content aware scheduler is explained. This scheduler is de-

veloped based on the CPF scheduler, but with the aim of keeping the recommended video data-

rate. Also, a dynamic implementation of HARQ procedures is going to be described as well.   

 

 

6.1. Content aware Scheduler 

 

Given the results of the previous chapter, a novel video content aware HSDPA scheduler is de-

signed. This scheduler completes the proposed cross-layer optimizations for mobile networks. It 

is based on the following arguments: 

 

 The CPF scheduler is the ideal scheduler to be the reference for this novel scheduler. The 

reasons are the good results obtained in terms of fairness, throughput and NALER during 

the initial scheduler study. 

 A recommended data-rate has to be maintained in order to feed continuously the de-

coder. Thus, the data-rate of the video streaming will avoid the diversity of require-

ments of the users placed in the sector served. 

 The proposed scheduler has to maintain the same fairness values in the Node B, even 

when video prioritization is performed. 

 

In order to explain the mathematical model that serves as a base for the video content aware 

scheduler is convenient to remember the CPF scheduler. This scheduler is based in the following 

formula (for more information see the previous chapter), where the weighting factors alfa and 

beta take the value of one. 

 

𝑃𝑚
𝑆 𝑛 =

 𝑎𝑐𝑖𝑒𝑣𝑎𝑏𝑙𝑒  𝑖𝑛𝑠𝑡𝑎𝑛𝑡𝑎𝑛𝑒𝑜𝑢𝑠  𝑑𝑎𝑡𝑎𝑟𝑎𝑡𝑒  𝑓𝑜𝑟  𝑢𝑠𝑒𝑟  𝑚  𝑎𝑡  𝑡𝑖𝑚𝑒  𝑛  𝑜𝑛  𝑃𝑅𝐵  𝑠 𝛼

 𝑎𝑣𝑒𝑟𝑎𝑔𝑒  𝑑𝑎𝑡𝑎𝑟𝑎𝑡𝑒  𝑢𝑠𝑒𝑟  𝑚  𝑎𝑠  𝑟𝑒𝑐𝑒𝑖𝑣𝑒𝑑  𝑢𝑝  𝑡𝑜  𝑡𝑒  𝑡𝑖𝑚𝑒  𝑛 𝛽
   (4) 

 

𝑚∗ = arg max 𝑃𝑚
𝑆 𝑛     (5) 

 

Lets us note that the numerator depends on the channel conditions due to the AMC, where   

quality channel conditions set the size of the TB. Therefore, the alpha factor which weights the 

numerator value will be the factor which controls the priority information and the data-rate 

information. If the upper layer signalizes a high priority NAL, bigger alpha factor, it will be more 

probable to reach this user instead of others. Thinking on maintain the date-rate, if the video 

user has achieved a lower bit-rate than necessary to support the required bit-rate, it will be cho-

sen to be served as soon as possible to solve the problem. Therefore, the alpha factor has the 

following definition, see formula 6, which depends on the data-rate recommendation and the 

priority signalization.  
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𝛼 =  𝛼 1 (𝑑𝑎𝑡𝑎 𝑟𝑎𝑡𝑒)  ∙ 𝛼 2 (𝑝𝑟𝑖𝑜𝑟𝑖𝑡𝑦)         (6) 

 

 The denominator, on the other hand, controls the fairness among the different users placed in 

the sector. This term represents the average data-rate achieved for each user along the calcula-

tion time. Thus, setting a beta with the value of one is going to maintain the fairness condition in 

the decision formula. 

 

6.1.1. Data rate term 

 

The following picture shows the dependency of alpha on the data-rate, α(1). This function has 

been optimized for the NALs which carry the P frames, being the most common in a video se-

quence. The blue line determines the recommended data-rate to feed the decoder properly, 

without overflowing the buffers but keeping them with enough data to decode the video se-

quence. The test case data-rate requirement is 220 kbps.  

 

 
Illustration 27: Alfa depending on the data rate for the video content aware scheduler. 

 

The red line assigns an alpha value to a specific data-rate. If the data-rate is bigger than the re-

quired, the behavior of the scheduler will be the same as in the CPF case. It is not necessary to 

distinguish the video user, if he maintains the data-rate. However, in the case of having a smaller 

data-rate than the required alpha is increased linearly with decreasing data-rate. The lower satu-

ration point is set for a data-rate of 198 kbps (90% of the recommended). At this point, the alpha 

reaches a value of 2.1, which equals the following expression for the numerators of the schedu-

ler’s formula: 

 

(𝒎𝒊𝒏 𝒂𝒄𝒉𝒊𝒆𝒗𝒂𝒃𝒍𝒆 𝑖𝑛𝑠𝑡𝑎𝑛𝑡𝑎𝑛𝑒𝑜𝑢𝑠 𝑑𝑎𝑡𝑎𝑟𝑎𝑡𝑒 𝑓𝑜𝑟 𝒂 𝒗𝒊𝒅𝒆𝒐 𝒖𝒔𝒆𝒓 𝒎 𝑎𝑡 𝑡𝑖𝑚𝑒 𝑛 𝑜𝑛 𝑃𝑅𝐵 𝑠)2.1

=  (𝒎𝒂𝒙 𝒂𝒄𝒉𝒊𝒆𝒗𝒂𝒃𝒍𝒆 𝑖𝑛𝑠𝑡𝑎𝑛𝑡𝑎𝑛𝑒𝑜𝑢𝑠 𝑑𝑎𝑡𝑎𝑟𝑎𝑡𝑒 𝑓𝑜𝑟 𝒄𝒐𝒎𝒎𝒐𝒏 𝒖𝒔𝒆𝒓 𝒎 𝑎𝑡 𝑡𝑖𝑚𝑒 𝑛 𝑜𝑛 𝑃𝑅𝐵 𝑠)1 
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Therefore, if the scheduler has to choose between a video user, with a lower data-bit rate and a 

bad channel, and a user, who wants to receive background traffic with good channel conditions, 

the scheduler will select the video user, provided the same denominator for both of them.  

 

6.1.2. Video priority term  

 

In equation 6, α(2) determines the dependency of the scheduling metric on the content priority, 

provided by the upper layer. The values of α(2) as a function of the frame type are given in the 

table 5:    

 

Frames type Priority Alfa(priority)  

SPS HIGHEST 1.4 

PPS HIGHEST 1.4 

IDR HIGHEST 1.4 

I HIGH 1.2 

P LOW 1 

P_NON-REFERENCED DISPOSABLE 0.8 
Table 5: NAL types with their priority and alfa values. 

A video user, which has to receive an important frame (I, SPS, PPS and IDR) will be scheduled 

almost immediately. That is like adding an offset to the alpha data-rate function designed for the 

P frame TBs. The resulting factor alpha is shown in illustration 28. 

 

 

Illustration 28: Alfa depending on the data rate and the NALs priority for the video content aware scheduler. 
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7. CHAPTER: SIMULATION RESULTS 
 

In this chapter I present the results obtained in the HSDPA simulator for the different cross layer 

implementations done during the research. The results are presented in two different blocks 

according with the investigation lines followed. The first block is referred to the comparison be-

tween the common schedulers and the video content aware draft scheduler. It is based only on 

the priority information provided by the layers higher than the MAC, where the scheduler acts. 

The second block compares the definitive video content aware scheduler with the reference 

scheduler, the CPF scheduler; the gain obtained by the HARQ method implementation is eva-

luated.  

 

All of these simulation where referred to three particular user positioning scenarios, 6 users, 12 

users and 18 users. The selection of these scenarios is due knows the behavior of the Node B 

when increasing of users on the cell. 

 

 

 

Illustration 29: Uniform users positioning for the 6, 12 and 18 scenarios. 

Another restriction done when performing the simulations was to use only the SISO method. 

This decreases the complexity of the study and facilitates obtaining the results. The MIMO im-

plementation for this specific case of study could be considered as future work.  
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7.1. Common scheduler vs Priority content awareness scheduler   

 

The first designed scheduler was the one that is only aware of the priority information. The aim 

of this scheduler was to have a scheduler more advanced than the CPF, using the information 

obtained from the upper layers and with the encapsulation method implemented. This schedu-

ler tried to reach the video receiver user as soon as possible in order to have enough time to 

request the possible retransmissions, helping the final HARQ method implementation.  

 

Certainly, this is not the best policy to follow in a scheduler design because it prioritizes one sin-

gle user over the others with a specific kind of data. But it was the first idea I had to mature the 

scheduler. 

 

The results in terms of BLER were not as I expected because the TB error rate increased with the 

scheduler proposed. The video priority CA scheduler has 1.5% more BLER in all the scenarios 

than the CPF scheduler his reference. But this scheduler proposal maintains better performance 

compared with the others common schedulers, as you can see in the illustration 30. 

 

The next result to discuss is the time required taken by the Node B to send the 30 seconds of 

video using the different schedulers. The average ones obtained by all the users in the cell at 

each location scenario in the case of the video priority CA scheduler is better, than the value 

obtained by the other scheduling methods. With this scheduler the video can be received three 

times faster than the round robin, seven times than the MF and between three and five times 

than the MR. But the gain achieved respect to the CPF is not too big, only  0.25 times better, as it 

shown in the picture 31. 

  

 

Illustration 30: Comparison of the average BLER at 
the Node B during the tx video simulation in the 6, 

12, 18 scenarios for the schedulers under study. 

 

Illustration 31: Comparison of the average time 
needed to send the test video to a user in the 6, 12, 

18 scenarios for the schedulers under study. 

 

In the case the MF or MR schedulers are used, the users located in the cell edge need much 

more time than the average shown, and the users placed close to the Node B antenna need 

much less time to receive the video. Using MF, the users with the “bad” positioning are reached 

more often, but served with small TBs due to the policy to serve with the same data-rate and the 

AMC feature. In case of MR scheduler test, the difference in terms of delivery delay is bigger 
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between “good” and “bad” positioned users, because the policy to serve the user with the best 

quality channel does that sometimes the edge users have been never served. With the other 

schedulers the deviation of the delay is not too high, because the users are treated with more 

equity. 

 

The argument given in the last paragraph is not too objective, so in order to measure the equity 

among the users, I use the fairness coefficient to be more precise. In the illustration 32, you can 

see how the users, in the case of the MF scheduler are treated with the maximum data-rate 

equity; however the MR scheduler treats the users with less fairness. Video priority CA scheduler 

decreases the data-rate fairness respect to the CPF scheduler, which is its base. This decrease is 

due to the aim to serve the video receiver user with more priority than the others. 

 

The throughput achieved by the Node B is shown in the illustration 33. The MR scheduler has 

the best performance and the MF the worse, such it can be predicted by the previous com-

ments. If the user with the best channel (user that receives bigger TB) is selected in each TTI, the 

average data-rate of the Node B is the higher for the HSDPA network configuration set. In the 

case of the video priority CA scheduler the result is comparable with the CPF scheduler imple-

mentation, so this scheduler only determinates how the end-user is chosen and not how max-

imizes the Node B throughput performance. 

 

 

Illustration 32: Comparison of the fairness coefficient 
when the test video is sent to a user in the 6, 12, 18 

scenarios for the schedulers under study. 

 

Illustration 33: Comparison of the average through-
put reached by the node B when the test video is 

sent to a user in the 6, 12, 18 scenarios for the sche-
dulers under study. 

 

All the results explained in the previous paragraphs are referred to the network behavior, and 

the objective of this research is to increase the video quality at the end of the transmission 

chain. Therefore I compare in the following pictures, 34 and 35, the results obtained in terms of 

video packet error rate (NALER) and video quality (Y-PSNR).    

 

The percentage of damage NALs for the round robin scheduler is around 13%, bigger than the 

BLER, due to the encapsulation of more than a single NAL in a single TB. In the MF case, the NA-

LER is around 20%, because the scheduler tries to serve the users with the same fairness, even 

when they have bad channel conditions and in addition more possibilities to fail the delivery. 
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The size of the TB also influences this rate, according to the encapsulation equivalence between 

NALs and TB that is less than one to one. The opposite situation occurs in the MR scheduler case, 

the selected user is the one with the best channel condition, with the larger TB size to receive. 

Thus, a delivery failure has less probability to happen and more than one NAL fits into a TB (2 to 

1 scale).  

 

With the CPF scheduler only 2 out of 100 NALs arrive damaged at the end user. The reason to 

have this result is that more than one NAL fits into each TB, and the time slot selected to reach 

the user is the one with the best trade of between channel quality and fairness. These two fac-

tors decrease the probability of failure of a NAL transmission. However, the video priority CA 

scheduler has a worse performance, because it is 3 times higher than the CPF. Therefore, this 

implementation had to be matured and improved to decrease the NALER measured in the end 

user terminal. 

 

The Y-PSNR comparison has a similar pattern to the NALER; the scheduler method with lower 

NALER is the one having the better quality and the other way round. There are some small dif-

ferences in the values but they are caused by the type of frame lost, even inside of the average 

done. The lost of a TB with an I frame suppose a huge step backward in the quality values, as I 

have mention in the previous chapters. Note: the maximum Y-PSNR value for the test video is 

35.6496dB.   

    

 

Illustration 34: Comparison of the average video 
packets error rate when the test video is sent to a 
user in the 6, 12, 18 scenarios for the schedulers 

under study. 

 

Illustration 35: Comparison of the average video 
quality, Y-PSNR, for the received video test to a user 

in the 6, 12, 18 scenarios for the schedulers under 
study. 

 

In order to find a reason for the NALER increment in the video priority CA scheduler and mature 

the scheduler design, I plot the picture 38. This illustration shows in the upper graph the size of 

TB transmitted in bits versus the TTI index, and in the lower graph a one is plotted in case of 

damage transmission or a zero in the correct. Looking at the size graph I saw that the video 

priority CA scheduler selects the video receiver user in a burst sequence; and in the error plot 

the simulated channel produces the errors in the same. Thus, when these sequences match, the 
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NALER for the video receiver user increases more than the expected. The solution is the imple-

mentation of a flow control mechanism which avoids the burst transmissions. 

 

 

Illustration 36: TB size vs Time (TTI) and error vs Time (TTI). 
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7.2. CPF scheduler vs video content aware scheduler with HARQ 

 

In this section, I compare the final results of the mature CA scheduler with the CPF. This schedu-

ler has all the features explained in the chapter 6 and it completes together with the HARQ im-

plementation the cross-layer design. But these improvements are not done at the same time, 

first I performed test with the HARQ implementation and then with the CA scheduler.  

 

The average time necessary to send the test video increments with the HARQ implementation in 

the CPF case as I expected. Because more TTIs are needed to retransmit the damaged TBs. But in 

the case of the final CA scheduler with the flow control mechanism added, this time is almost 

constant, even with the HARQ mechanism and with the user increment in the cell. In our test 

video, this data-rate is 220000 bps and the recommended time is 8.4 seconds for the 231KB 

video file. This comparison can be seen in the picture 37, where all results include a 0.5 seconds 

delay to reach a stable status in the HSDPA network. 

 

The flow control feature added to the CA scheduler makes the Node B fairer in the user treat-

ment. This new scheduler do not prioritize video user over the rest, only gives him a special 

treatment in case the video user is served under the decoder recommended data-rate. Thus, the 

fairness coefficient is 3% higher than the CPF case, as it is shown in the picture 38. 

 

The HARQ mechanism does not influence the fairness coefficient because the retransmissions 

are done in the case that user was selected, not immediately after the NACK report. 

 

 

Illustration 37: Comparison of the average time 
needed to send the test video to a user in the 6, 12, 

18 scenarios, with complete CA scheduler. 

 

Illustration 38: Comparison of the fairness coefficient 
when the test video is sent to a user in the 6, 12, 18 

scenarios, with complete CA scheduler. 

With this new scheduler feature, the cross layer improves substantially the NALER. The HARQ 

mechanism decreases a 6% the video packet error rate and the scheduler another 2%, see pic-

ture 39. Only few NALs are received damaged by the end user and consequently the video quali-

ty increases.  
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At the same time, the Node B decreases its performance in terms of effective throughput (with-

out retransmissions). The HARQ mechanism loses 0.5 Mbit/s over the effective throughput and 

the new CA scheduler another 0.5 Mbit/s in average (Illustration 40), due to the video receiver 

prioritization over rest.  

 

 

Illustration 39: Comparison of the average video 
packets error rate when the test video is sent to a 
user in the 6, 12, 18 scenarios, with complete CA 

scheduler. 

 

Illustration 40: Comparison of the average through-
put reached by the node B when the test video is 
sent to a user in the 6, 12, 18 scenarios, with com-

plete CA scheduler. 

The special video receiver treatment given by the video CA scheduler achieves less damaged 

NALs, and therefore more objective video quality, as I show in the picture 41.  

In concrete, the HARQ mechanism increases in average 5 dB the Y-PSNR and the CA video sche-

duler 1 dB more. Adding all the improvements, these almost reach the Y-PSNR measurement 

before the transmission, 35.56 dB.  

 

Illustration 41: Comparison of the average video quality, Y-PSNR, for the received video test to a user in the 6, 12, 
18 scenarios, with complete CA scheduler. 

To summarize the results, not only the quality has been improved. Also the CA video scheduler 

feeds with an almost constant bit rate the decoder, facilitating the data buffering. In terms of 
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user treatment, the fairness coefficient does not decrease drastically with the new policy like the 

throughput.  
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8. CHAPTER: CONCLUSIONS & FUTURE ENHANCEMENTS 
 

In this work I have made a study on how the video transmissions over the HDSPA mobile net-

works can be improved by a cross layer mechanism. The purpose was to study the error trans-

mission patterns and implement an innovative video transmission chain in order to satisfy the 

user´s quality levels more efficiently. 

 

To reach the objective, I modify two basic video transmission chain aspects, the video codifica-

tion and the users scheduling. The basic H.264 encoder was modified in order to minimize the 

dependence among consecutive video frames, reducing the error propagation. At the scheduler I 

propose a content aware scheduler based on the conventional proportional fair scheduler. The 

scheduler has knowledge of which data types are sent to each user and which is the channel 

quality. These parameters allow the optimization of the user’s selection to increase the video 

quality by working with the cross layer concept.  

  

The path to achieve the proposed scheduler was based on the study the common schedulers by 

their implementation in a HSDPA simulator. Their modifications lead to the proposed CA schedu-

ler which reaches a gain of 6 dB in the final video quality measured by the Y-PSNR and compared 

with the best common scheduler, CPF. However, this improvement is not totally due to the 

scheduler. An HARQ optimized to the proposed scheduler mainly gives the quality gain. 

 

At the encoder side, we have introduced a new type of P frames, called non-reference P frames. 

These frames are inserted into the video sequence to reduce the decoding dependence. Their 

principle is: do not serve as a coding reference for the following P frames. Also a new frame 

identification scheme based on priorities helps to differentiate the frame types in a video se-

quence. At the encoder side, it allows different treatments to each frame type, giving the maxi-

mum priority to the I frames and the minimum to the new type, strengthening the content 

aware concept. 

 

As next steps to increase the cross layer optimization, I suggest to investigate deeply a scheduler 

which mainly focused on the necessary data bit rate for each application to reach an acceptable 

QoS. This recommendation should also not lose the fairness perspective and the channel status 

knowledge. 
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APENDIX A. ABBREVIATIONS 
 

For the purposes of the present document, the following abbreviations apply:  

  

  

 ACK/NACK ACKnowledge / No ACKnowledge 

 AL  Application Layer 

 AMC Adaptable Modulation Coding 

 ARQ Automatic Repeat Request  

 BLER Block Error Rate 

 CQI Channel Quality Indicator 

 CRC Cyclic Redundancy Check 

 DSCH Downlink Shared Channel 

 Diff Serv Differentiated Services  

 GGSN Gateway GPRS Support Node 

 GPF Generalized Proportional Fair Scheduler 

 HARQ Hybrid ARQ 

 HDTV High Definition TV 

 HSDPA High Speed Downlink Packet Access 

 HS-DSCH High Speed Downlink Shared Channel 

 HS-PDSCH High Speed Physical Downlink Shared Channel 

 HS-SCCH Shared Control Channel for HS-DSCH 

 HS-SICH Shared Information Channel for HS-DSCH 

 IDR  Instantaneous Decoding Refresh Picture 

 ISDN Integrated Services Digital Network 

 JVT  Joint Video Team  

 L1 Layer 1 (physical layer) 

 L2 Layer 2 (data link layer) 

 MAC Media Access Control 

 MIMO Multiple Inputs Multiple Outputs 

 MPEG  Moving Pictures Expert Group 

 NAL Network Abstraction Layer 

 NRI NAL Reference Index 

 NUT  NAL Unit Type 

 PDU Protocol Data Unit 

 PF Proportional Fair Scheduler  

 PF CPF Proportional Fair Conventional Proportional Fair Scheduler 

 PF MF Proportional Fair Maximum Fairness Scheduler 

  PF MR Proportional Fair Max Rate Scheduler 

 PHY PHYsical layer 

 PPS  Picture Parameter Set 
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 PT Payload Type 

 QAM Quadrature Amplitude Modulation 

 QCIF  Quarter Common Interchange Format 

 QoS  Quality of Service  

 RLC Radio Link Control 

 RNC Radio Network Controller 

 RR Round Robin Scheduler 

 RTP  Real Time Protocol 

 SEI  Supplemental Enhancement Information 

 SDU Service Data Unit 

 SNRY Luma PSNR 

 SPS  Sequence Parameter Set 

 TB Transport Block 

 TFT Traffic Flow Templates  

 TTI Transmission Time Interval 

 UDP User Datagram Protocol 

 UE User Equipment 

 VCEG Video Coding Experts Group 

 Y-PSNR Luma Peak Signal to Noise Ratio 
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APENDIX B. HARQ IMPLEMENTATION 
 

The Hybrid ARQ mechanism is a new feature established in the HSDPA standard. This mechanism 

is a variation of the ARQ error control method. 

 

Standard ARQ consists on an addition of error-detection information (ED) bits to the data to be 

transmitted (such as cyclic redundancy check, CRC), in order to check the data at the receiving 

point and in case of retransmission. A transmission must be received error free on any given 

transmission for the error detection to pass. But in HARQ, could be also added some forward 

error correction (FEC) bits (such as Reed-Solomon code or Turbo code) to correct, if it is possible, 

the damage sequence. As a result of the increment of error detection-correction information the 

HARQ performs better than ordinary ARQ in poor signal conditions, but in its simplest form this 

comes at the expense of significantly lower throughput in good signal conditions. 

  

At this point two different kinds of HARQ could be distinguish, type I adds both ED and FEC in-

formation to each message prior to transmission. When the coded data block is received, the 

receiver first decodes the error-correction code. If the channel quality is good enough, all trans-

mission errors should be correctable, and the receiver can obtain the correct data block. If the 

channel quality is bad, and not all transmission errors can be corrected, the receiver will detect 

this situation using the error-detection code, then the received coded data block is discarded 

and a retransmission is requested by the receiver, similar to ordinary ARQ. 

 

However, in Type II HARQ, the first transmission contains only data and error detection (no dif-

ferent than standard ARQ). If the PDU is received error free, it's done. If data is received in error, 

the second transmission will contain FEC parities and error detection. If received error free, it's 

done. If received in error, error correction can be attempted by combining the information re-

ceived from both transmissions. 

 

In practice, incorrectly received coded data blocks are often stored at the receiver rather than 

discarded, and when the retransmitted block is received, the two blocks are combined. While it 

is possible that independently decoded, two given transmissions are not possible to decode er-

ror-free, it may happen that the combination of all the previously erroneously received trans-

missions gives us enough information to correctly decode. There are mainly two ways of re-

combining in HARQ as has been explained in the second chapter.  

 

Let me go into detail on HARQ is HSDPA: the data block is first coded with a punctured 1/3 Turbo 

code, then during each (re)transmission the coded block is usually punctured (i.e. only a fraction 

of the coded bits are chosen) and sent. The punctuation pattern used during each 

(re)transmission is different, so different coded bits are sent at each time. Although the HSDPA 

standard supports both chase combining and incremental redundancy, it has been shown that 

incremental redundancy performs almost always better than chase combining, at the cost of 

increased complexity, though.  
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HARQ can be used in stop-and-wait mode or in selective repeat mode. Stop-and-wait is simpler, 

but waiting for the receiver's acknowledgment reduces efficiency. Thus multiple stop-and-wait 

HARQ processes are often done in parallel in practice: when one HARQ process is waiting for an 

acknowledgment, another process can use the channel to send some more data. 

 

The implemented HARQ scheme the Type II HARQ with incremental redundancy based on mul-

tiple stop-and-wait processes.  

 

The Node B, the sending side of the transmission was programmed to create an HARQ process 

with each TB sent to a determinate user. These HARQ processes store the following information. 

 

• TTI index: indicates the temporal timestamp of the TB. 

• CQI: quality channel indicator of the transmission channel when the TB was sent. This 

value is important due to influence of it on the TB size (AMC). 

• ACK/NACK value points which TB arrives correctly. If this value is 0 after the ACK/NACK t

 ransmission delay, the HARQ process for this TB is deleted. In the other case, the HARQ 

process will be activated to resend the erroneous TB.    

• NAL identification index: this field contains the index of the video NALs carried by the TB, 

in order to resend the same NALs in the retransmissions. This field simplifies the NALs 

encapsulation and the desencapsutation in both sides of the communication. 

• Size NAL: the NALs size of the NALs carried in the TB are indexed in this field. Also, it 

helps the encapsulation method. 

• TB size: to check the size given to the retransmissions by the AMC compared with the 

original transmission. 

• Current retransmission indicator: when the HARQ process involves a retransmission, this 

field indicates the number of retransmissions. The maximum value for this parameter is 

three. 

 

Once an HARQ process is created, the node B sends the TB. On the other side of the communica-

tion, when the TB arrives, the user terminal checks the correctness and if a TB is OK an ACK is 

sent 4 TTIs after and the TB is passed to the upper layers. But, in case of a damage TB, this is 

stored in the terminal waiting for the retransmission. Also the user terminal sends a NACK mes-

sage to the node requesting for a retransmission. 

 

Four TTI after the TB delivery, the ACK / NACK message arrives at the Node B, and then the 

HARQ process is deleted in case of correctness or used to resend the NALs with the same CQI 

thereby increasing the current retransmission indicator. 

 

At this point, when the retransmission arrives to the user terminal, this combines the original 

damaged stored TB and the retransmitted trying to obtain the correct data sent. But this combi-

nation is not done in fact in the simulation. The simulator compares the TB correctness by the 

comparison of the SNIR of the channel according to the explanation done in [20]. That means 

that the SINR value determinates the correctness of each TB and with each retransmission done 

the SINR for the retransmitted TB increases simulating the incremental redundancy. The last 

steps which explain the HARQ procedure are shown in the next picture. 
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Ilustration 42: HARQ function schema. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 


