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ABSTRACT 

WiMAX (Worldwide Interoperability for Microwave Access) embodies the IEEE 

802.16 family of standards that provision wireless broadband access. With the 

IEEE 802.16e-2005 mobility amendment, WiMAX promises to address the ever-

increasing demand of mobile high-speed wireless data in fourth generation (4G) 

networks. WiMAX market studies continue to project increased subscriber growth 

rates and planned carrier trials worldwide. With these projected growth rates, in 

order to understand if WiMAX is a formidable player in 4th generation mobile 

systems, it is desirable to quantify performance using video-rich emerging 

services to sufficiently load and stress the network to exploit the potential 

bandwidth, delay and mobility limitations.  Accordingly, the goal of this project is 

to enhance an existing OPNET simulation model to simulate video content 

representative of IPTV and other video-rich emerging services to adequately load 

and analyze the Mobile WiMAX technology.  

Keywords:  IEEE 802.16e-2005; WiMAX; IPTV; VoD; video streaming; audio 

streaming; packet loss; jitter; delay; RTP.  
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1 INTRODUCTION 

Worldwide Interoperability for Microwave Access (WiMAX) embodies the IEEE 

802.16 family of standards that provide fixed and mobile broadband access in the 

telecommunications landscape.  Initially, WiMAX has been employed as last mile 

broadband access solutions, circumventing the significant infrastructure costs 

with cable and DSL deployments.  Recently, Mobile WiMAX has launched 

WiMAX into 4th generation (4G) mobile data networks competing for subscribers 

demanding unprecedented levels of personalized, media-rich services.  

Consequently, telecommunication carriers are experiencing heightened 

competitive challenges in an effort to address these evolving subscriber 

demands.  In 2007, there were over one hundred planned carrier trials 

worldwide.  Market researchers are projecting 198% compound annual growth 

rate in Mobile WiMAX systems [1].  In March 2008, the WiMAX Forum published 

projections of a 133 million subscribers by 2012 [2].  In February 2009, the 

WiMAX Forum is reporting just under 460 WiMAX fixed and mobile deployments 

worldwide along with over 800 million subscribers projected by 2010 [3].  Intel 

has projected over 1.3 billion people will have access to WiMAX by 2012 [4]. 

Given these growth trends, it is desirable to quantify application performance to 

further understand WiMAX performance limitations with respect to emerging (and 

demanding) subscriber services. Specifically, amidst the progression of WiMAX, 

media providers are deploying innovative applications over broadband core 

Internet Protocol (IP) networks giving rise to emerging video services such as 

video on demand (VoD) and real-time video streaming. Internet Protocol 

Television (IPTV) technology [5] [6] [7] distributes video content over IP networks 

as both managed and unmanaged services. Managed media services are 

provided by telecommunication carriers who have provisioned the core IP and 

access networks thereby retaining control over the quality of service (QoS) to 

 1 



 

their subscribers  [8] [9] [10]. Unmanaged media services are deployments that 

have no control over the end-to-end performance between the subscribers and 

the content services.   

To reduce their traffic load requirements, IPTV and VoD services encode 

uncompressed video content using MPEG-2, MPEG-4 and H.26x codecs.  

Nonetheless, while these encoded streams are marginally loss-tolerant, their 

performance is inherently a function of available link bandwidth and delay 

characteristics.  Consequently, various objective performance metrics including 

packet loss, packet delay, packet jitter and minimum peak throughput may be 

used to quantify streaming performance over the underlying Mobile WiMAX 

infrastructure. 

In this project, we designed a significantly enhanced OPNET simulation model to 

stream a feature length film, the Matrix III, from an IPTV/VoD service provider 

located in an Internet Data Centre (IDC) to a mobile WiMAX video subscriber 

travelling across a multi-site system.  This bandwidth intensive traffic load 

sufficiently stressed the network to exploit the bandwidth and delay limitations.  

While there were emerging fixed WiMAX IPTV deployments [9], this project 

explored WiMAX-based mobile TV services that are displacing 3G Mobile TV 

services [11] with higher quality video streaming solutions. 

1.1 Project Scope 

This project enhanced our previous work [12] that employed the OPNET Modeler 

[13] to compare the performance of fixed WiMAX and ADSL access technologies 

by streaming MPEG-2 and MPEG-4 video content, representative of feature 

length major motion pictures, to several WiMAX and ADSL client stations.  

Specifically, this project significantly extended the previous model in a number of 

key areas:   
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 Generation and integration of a streaming audio component   

 Refinement of the performance metrics 

 Enhanced the protocol stack to include Real Time Protocol (RTP) layer 

 Redesigned the topology to incorporate WiMAX mobility 

 Characterized WiMAX MAC and PHY layer system parameters 

This model, which was developed using OPNET Modeler 12.0, was upgraded to 

OPNET Modeler version 14.5.A and retested accordingly to ensure predictable 

and repeatable results.  However, after observing intermittent model instability 

(possibly from the upgrade process), an entirely new simulation model was 

designed natively using Modeler 14.5.A. Only the Matrix video trace remained 

from the previous work.  Additionally, towards the final stage of the project life 

cycle, further instability was observed with Modeler 14.5.A and the WiMAX MAC 

and PHY layers which prompted yet another upgrade to 15.0.A.  While 15.0.A did 

not resolve a number of instability issues, we were able to eventually achieve 

successful results. 

Nonetheless, in order for the model to approach configurations more indicative of 

practical video streaming transmission systems, a test bed environment was 

derived to stream, capture and post-process the multi-channel audio content of 

the Matrix III movie into a suitable trace format that could be imported into the 

Modeler.  The trace used in this previous work was limited to video only content 

[14] [15].  Further research efforts revisited the objective performance metrics 

and thresholds used in the performance evaluation to ensure continued 

relevance. 

Given the widespread industry adoption of the Real Time Protocol (RTP) to 

manage the real time characteristics of streaming video content [16][17][18], 

coupled with Modeler’s inability to configure RTP with video streaming 

configurations, extensive programming work enhanced the OPNET video 

conferencing application process models to utilize the OPNET RTP module.  This 

effort strived to produce a more accurate representation of protocol stack 
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overhead used in video packet transmission systems while explicitly furnishing 

packet rate and delay statistics on a per stream basis. 

The model topology was also redesigned using WiMAX mobility with specific 

trajectories describing the traveled path of mobile video subscriber through a 

multi-site configuration using vehicular path loss and multipath channel fading.  

The mobility component provided more realistic scenarios for video streaming 

applications in emerging mobile broadband wireless markets and it ultimately 

exploited the mobility amendment to the IEEE 802.16 specifications [19] [20]. 

Moreover, the WiMAX media access control (MAC) and physical (PHY) system 

configuration was examined to characterize the WiMAX mobile access link under 

the heavy video load.  Specifically, for a given MAC scheduling algorithm, 

simulation sequences were engineered to explore the impact of channel 

bandwidth, time division duplex (TDD) frame size, advanced antenna systems 

support and retransmission schemes on the refined performance metrics.   

Ultimately, the objective of this project was to gain greater insight and clarity into 

Mobile WiMAX system performance using emerging, load intensive and delay 

sensitive mobile TV services. 
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2 BACKGROUND KNOWLEDGE 

In this section, we provide a non-comprehensive introduction to the fundamentals 

of key technologies involved in this project. 

2.1 Streaming Video Content 

Video content refers to the audio and visual information available from video 

service providers hosting IPTV and VoD services.  The content originates from a 

wide range of sitcoms, newscasts, sporting events and movies in real-time and 

stored video (VoD) formats. It is structured as a sequence of video frames or 

images that are transmitted or “streamed” to the subscriber and displayed at a 

constant frame rate [6].  The video component is coupled (typically separately) 

with a multi-channel audio component that is also structured as a series of audio 

frames to collectively comprise the video content.  

Video content streaming is inherently loss-tolerant yet delay-sensitive [21], which 

implies that video playback on the subscriber stations may tolerate some degree 

of frame loss. However, delays or variations interframe reception rapidly 

degrades the overall video playback experience. While streaming real-time video 

and VoD have different transmission and buffering requirements from the 

network and the client station video player or set top box (STB), video content 

may be characterized by several parameters including video format, pixel colour 

depth, coding scheme and frame interarrival rate. 

Video resolutions are specified as maximum horizontal by vertical pixel geometry 

that can range from 128 x 96 pixels to beyond 1920 x 1080 pixels for HDTV.  

Common video resolutions for Internet-based Google Video, YouTube and Skype 

video streaming are 320 x 240 pixels (QVGA).  Additionally, coupled with the 

video resolution, the colour depth, typically ranging up to 8 bits for each primary 
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colour per pixel, can greatly impact the video content size.  Video content can 

also be regarded as a sequence of picture images displayed at a constant rate 

and each frame contains spatial (within) or temporal (between images) 

redundancy. Hence, various video coding schemes have been engineered to 

reduce the raw video content size by exploiting this redundancy while balancing 

quality. These schemes include the International Telecommunications Union 

(ITU) H.26x and International Standards Organization (ISO) Motion Picture 

Experts Group (MPEG) codecs.  

MPEG codecs including MPEG-1, MPEG-2 and MPEG-4 have varied 

compression characteristics.  Each MPEG bit stream has six layers: sequence 

layer, group of pictures (GoP), frame layer, slice layer, macro-block layer and 

block layer.  Moreover, there are three different frame types:  intra-frames (I-

frames), predicted frames (P-frames) and bidirectional frames (B-frames).  As 

Figure 1 illustrates, the coding order of a GoP is different from the display order 

of the GoP [22].  Consequently, as indicated in Appendix A, previous efforts had 

to re-sequence the GoP into coding order for network transmission.  

 
Figure 1. MPEG GoP. 
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The audio component of the streaming video content may be viewed as a one or 

more audio channels encoded into a multi-channel audio stream.  Channel 

configurations range from a single channel to 5.1, 6.1 and 7.1 configurations 

accounting for various combinations of left, centre, right, left surround, right 

surround, left back, right back and low frequency effects (LFE) channels.  

However, as one discretely encodes more source channels, the resulting audio 

stream bandwidth requirements increase. A potential compromise in Internet-

based video streaming systems is the down-mixing (matrixing) multi-channel 

sources into conventional 2-channel stereo format (known as stereo surround 

sound) or to only encode the two main channels.  Nonetheless, in addition to the 

number of channels encoded, various other channel encoding parameters 

contribute to the overall bandwidth requirements.  The sample rate and the 

sample size play a significant role in the stream size.  Moreover, the codec 

compression techniques can be lossy or lossless.  Lossy compression 

techniques remove non-essential audio content while keeping certain 

frequencies intact whereas lossless techniques ensure faithful reproduction of 

audio source content while compressing the output.   

Collectively, details of the video formats, which encompass video resolution and 

video and audio codecs and bitrates, are shown in Table 1 [22] . 

Table 1. Video formats. 

Format VCD SVCD DVD HDTV DivX 
Resolution 352x240 

352x288
480x480
480x576

720x480
720x576

1920x1080 
1920x720

640x480

Video codec MPEG-1 MPEG-2 MPEG-1
MPEG-2

MPEG-2 MPEG-4

Video bitrate 1.15Mbps 2Mbps 5Mbps 20Mbps 1Mbps

Audio codec MP1 MP1, MP2, AC3, DTS, PCM MP3, AAC, AC3

Audio bitrate 224kbps 448kbps 128kbps
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Both video and audio frame interarrival rates range from 10 frames to 30 frames 

per second (fps). This parameter is especially critical because network conditions 

may impact the frame interarrival rates and, if left uncompensated, significantly 

degrades the video playback quality. The necessity of the client station or STB to 

playback frames at a constant rate amidst variable delays in packet arrivals [21] 

is illustrated in Figure 2. Packets carrying video or audio content inherently 

experience an end-to-end delay between the sender and the receiver. This delay 

encompasses the propagation delay and any processing and queuing delays in 

the intervening routers. Since queuing delays change dynamically and packets 

may not necessarily traverse the same path between the VoD server and the 

client station, the end-to-end delay will vary.  This variation in delay is known as 

packet jitter. 

 
Figure 2. Buffering required at the video client station. 

Video on demand services typically store the video content at the source location 

rather than generate it in real-time. Consequently, VCR functionality can be 

employed to facilitate functions like pause, rewind and fast-forward with a 

minimal lag in command execution. This functionality can be achieved using the 

real time streaming protocol (RTSP).  It should be noted that video streaming has 
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different performance requirements and thresholds than real-time interactive 

video conferencing applications. 

As shown in Figure 3, the protocol stack for streaming video services typically 

incorporates the Real Time Protocol (RTP) that provisions a packet structure for 

video and audio data above the transport layer protocol. RTP specifies a 12-byte 

header with fields to describe the type of content being carried (MPEG-2, MPEG-

4, etc), packet sequencing and time stamping. Since RTP lies above the 

transport protocol, it is deployed in the end-systems rather than in the network 

core. RTP does not provide mechanisms to guarantee bandwidth or packet 

delays [21]. 

 
Figure 3. Video streaming network topology. 

Below the RTP layer in Figure 3, typical streaming services utilize the User 

Datagram Protocol (UDP) because it provides best effort service without delay, 

loss, or bandwidth guarantees. Unlike Transmission Control Protocol (TCP), UDP 

is connectionless, unreliable and it does not provide flow control or congestion 

control. The lack of reliability and congestion control mechanisms are desirable 

properties in media content streaming because video servers can stream their 

content at the native video and audio source encoding rates without being 

constrained by congestion control when packet loss occurs. Equally undesirable 

is the TCP retransmission scheme given the delay sensitive nature of video 
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applications. UDP segments are subsequently encapsulated into unicast (or 

multicast) IP packets for proper addressing and routing to the video client 

stations. IP packets can be lost due to router buffer overflows or delayed due to 

router congestion, which impacts the client station playback rate as outlined 

earlier. IP packets pass through appropriate MAC and PHY layers (network-

specific) and then propagate through the Internet and access networks, which 

can be wired or wireless, to the video client subscriber. Video subscriber stations 

buffer, decompress and playback the video and audio frames at a constant rate. 

Ultimately, by observing the communications behaviour between the VoD server 

and the video client stations, metrics with appropriate thresholds may be used to 

measure the video content streaming performance. We can thus determine 

whether mobile video subscribers accessing VoD services over WiMAX satisfies 

each metric. Furthermore, these metrics enable comparisons between various 

WiMAX deployment configurations because they access the same VoD services 

over the same wired network infrastructure in this simulation model. Various 

objective performance metrics exist for video streaming including packet loss, 

packet delay, packet jitter and minimum throughput rates. 

2.2 H.323 

H.323 encompasses a collection of protocols used to establish video and /or 

audio sessions over packet-switched IP networks including local area networks 

(LAN) and wide area networks (WAN).  While it is ubiquitous in voice over IP 

(VoIP) systems, it is also widely used in video conferencing and video content 

streaming systems [24] [25] [26] over the years since it was first released in 1996 

by ITU [27]. 

As Figure 4  illustrates, H.323 is a comprised of various protocols for call 

signalling (H.225) and media control (H.245) layered around various video and 

audio codecs, session protocols including RTP and the Real Time Control 

Protocol (RTCP) as well as transport protocols like UDP and TCP. 
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Figure 4. H.323 protocol suite [28]. 

Moreover, the general protocol stack outlining the layered architecture for media 

streaming is exemplified in Figure 4, whereby the VoD server and video client 

station application software would reside in the top layer (Multimedia 

Applications, User interface) and RTSP could be used for media control in the 

layer below it.  Further, video and audio content passed down from the VoD 

application is compressed in the layer below (purple blocks) and then 

encapsulated by RTP and submitted to the UDP session-less transport protocol  

which is further encapsulated into IP packets and onward to the media access 

control (MAC) and physical (PHY) layers below (not pictured).  The video client 

subscriber station would receive the content packets from the MAC and PHY 

layers and pass it up through the UDP layer up to RTP where it would manage 

the independent streams, remove the RTP headers and pass the content up to 

the codecs for decompression and ultimately up to the media application for 

buffering and playback at a constant rate. 
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2.3 RTP 

The real time protocol (RTP) is widely used in streaming real time data including 

video and audio content over packet switched networks [16] [17] [18] [29] [30] 

[31].  Specifically, it carries the video and audio streams in multimedia sessions 

that are setup and managed by signalling protocols like H.323.  RTP remains 

independent of the underlying network stack and it supports both unicast (one-to-

one) and multicast (one-to-many) transmission schemes.  It is typically used in 

conjunction with RTCP which provides out-of-band statistics and control 

information on RTP streams including byte counts, packet counts, lost packet 

counts, network jitter and round trip delay.  Thus, RTCP enables RTP-based 

media systems to fine tune quality of service (QoS) parameters and other 

streaming related parameters, whereas the Real Time Streaming Protocol 

(RTSP) is used to control media services by provisioning VCR-like commands.  

Importantly, RTP does not reserve bandwidth or guarantee delivery or end to end 

delays.  However, it does provide timestamps and sequencing which is absent in 

the underlying UDP transport protocol.  With this additional control information, 

media applications can properly detect out-of-sequence media packets and 

transmission delays. 

The RTP layer in the protocol stack will encapsulate video and audio data from 

higher layers with an RTP header before its passed down to the UDP transport 

layer for further encapsulation.  In turn, UDP will subsequently pass the resulting 

datagram to the IP layer for additional encapsulation as pictured in Figure 5.  

Additional framing is further applied to the IP packets by lower layers which are 

network dependant. 
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Figure 5. RTP payload encapsulation. 

As Figure 5 illustrates, the video and audio components of the video content 

stream are typically treated as separate RTP sessions [32] [33].  However, it is 

not well understood what additional benefits, other than more granular statistics, 

are realized by separating the streams given the consequent differential delays 

between the streams.  One reason may be the loss characteristics of video and 

audio streams are different which may encourage decoupling of the streams in 

network packets.  For example, in MPEG encoded video streams, the loss of 

specific frames types (I frames) can have a greater impact than other frame 

types (B or P frames).  However, this same long range dependence does not 

exist with audio frames.  Nonetheless, the client subscriber station will pass the 

received video and audio packets up the protocol stack, with each layer 

inspecting, processing and removing its respective header. 

The RTP protocol header is detailed in Figure 6. The columns indicate bit 

positions within a given 32-bit word grouping of consecutive header fields.  The 

header includes the version of the protocol along with various fields including the 

16 bit RTP packet sequence and the 32 bit timestamp which are fundamental to 

this protocol.  Specifically, the timestamp field is used by the receiver to calculate 

packet jitter and the sequence number is used by the receiver to determine if the 

network has dropped or significantly delayed media packets.  The remaining 

header fields along with a detailed explanation of the protocol can be found in the 

RTP RFC [32]. 
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Figure 6. RTP header format. 

2.4 Mobile WiMAX 

WiMAX, or more formerly IEEE 802.16, is a scalable, IP-based, high speed 

communications network delivering a robust airlink, higher throughput rates at 

longer distances, increased spectral efficiency, non-line of sight (NLOS) 

coverage, QoS classes, security and mobility.  Adaptive antenna arrays and 

beam forming capabilities further improve mobile system performance in terms of 

coverage and capacity. The following Mobile WiMAX reference architecture [34] 

is pictured in Figure 7. 

 
Figure 7. WiMAX reference architecture. 
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R1 is the MAC and PHY interface between the MS and the BS while R2 is a 

logical interface between the MS and the CSN contending with mobility 

management, authentication and configuration management services.  R3 

handles AAA support, IP tunnelling and policy enforcement.  R5 handles control 

and bearer plane protocols between home and roaming CSN’s.  The BS and 

ASN GW communications utilize a set of control and bearer plane protocols 

known as R6.  Inter BS communication is defined by a set of control and bearer 

plane protocols to accommodate fast handover switching. 

A high level WiMAX access connection diagram is presented in Figure 8.  It 

outlines fixed, nomadic (also known as pedestrian) and mobile connection types 

where subscriber stations can range from home networks to portable laptops to 

mobile phones. 

 
Figure 8. WiMAX access connection schemes. 
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2.4.1 Standards 

Standards play a key role in the wireless communications industry as they can 

reduce equipment costs and investment risk while ensuring interoperability 

among equipment manufacturers.  Consequently, a family of standards has 

evolved over time for WiMAX.  The original standard was released in 2001 as 

IEEE 802.16 and it was based on proprietary implementations of the DOCSIS 

architecture in a wireless domain for 10 – 66 GHz line of sight (LOS) 

applications.  Then 802.16c was released in 2002 to amend WiMAX system 

profiles.  In January 2003, 802.16a provided 2 – 11 GHz non line of sight (NLOS) 

operations.  System profiles and errata for 2 – 11 GHz operations were 

introduced as 802.16d-2004 in October 2004 which ultimately replaced all 

preceding specifications for WIMAX fixed operations.  Informally, “Fixed” WiMAX 

is used to reference 802.16d-2004 air interface.  In December 2005, 802.16e-

2005 was provisioned as an amendment to the specification, adding subscriber 

mobility at vehicular speeds.  Informally, “Mobile” WiMAX is used to describe 

802.16e-2005 based systems.  Figure 9 illustrates the continued evolution of the 

standards with Mobile WiMAX [35]. 

 
Figure 9. WiMAX standards. 
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IEEE 802.16m amends 802.16 to provide an advanced air interface for licensed 

bands.  Moreover, the WiMAX forum releases system profiles which comprise a 

set of WiMAX technical parameters outlining mandatory and optional features 

along with frequency bands, channel bandwidth and duplexing scheme.   

2.4.2 Media Access Control Layer 

The WiMAX media access control (MAC) layer uses the physical (PHY) layer to 

transmit higher level packet traffic in one of three operational modes:  point-to-

point, point to multi-point (PMP) and Mesh.  In PMP, base stations (BS) service 

all mobile stations (MS).  All MS to MS communications are handled by the BS.  

In contrast, mesh mode allows stations to communicate directly.  The MAC 

services and responsibilities are distributed across several sublayers (Figure 10) 

known as the service specific convergence sublayer (CS) and the common part 

sublayer (CPS) [35].   

 
Figure 10. WiMAX reference model. 
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The CS offers an asynchronous transfer mode (ATM) and packet service.  The 

packet service classifies and maps higher level packets to the appropriate MAC 

service flow ID (SFID) and connection ID (CID) while observing QoS 

requirements.  In Figure 11, the packet classification architecture is presented 

[37]: service data units (SDU) propagate through the service access point (SAP) 

to the CS where they are mapped to specific CID’s.  Each CID is mapped to a 

SFID.  Additionally, payload header suppression (PHS) can also suppress 

common header information for increased airlink efficiency.  The CPS 

implements a number of core functionalities.  First, its network entry subsystem 

manages MS network entry and exit functions, associating the station with a 

given BS.  Moreover, the connection management subsystem creates and 

maintains MAC connections.  The QoS scheduling subsystem enforces service 

quality differentiation while efficiently managing PHY resources.  The airlink 

control logic handles time-varying, error-prone radio channels while mobility 

management logic handles scanning and handover logic between serving and 

neighbouring base stations.  The protocol data unit (PDU) subsystem handles 

the fragmentation and packing of service data units (SDU) into protocol data 

units. Other components include power management and multicast /broadcast 

support. 

 
Figure 11. Convergence sublayer packet classifiers. 
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Connection management is focused on creation, modification and deletion of 

service flows using dynamic service addition (DSA), dynamic service change 

(DSX) and dynamic service deletion (DSD) primitives respectively.  Service flows 

(SF) are unidirectional which means a given MS may have a SF with a given set 

of QoS parameters on the uplink and a separate SF on the downlink with 

possibly different QoS parameters.  When a BS establishes a SF with a MS, it 

first executes an admission control algorithm (ACA) to ensure the QoS 

parameters can be supported at this time.  If sufficient resources are available to 

host the SF, the BS generates a new SFID and CID with the requested QoS 

parameters and sends a DSA request message (DSA-REQ) to the MS.  The MS 

enables the SF and responds with a DSA response (DSA-RSP) message which 

is subsequently acknowledged by the BS with a DSA-ACK.  

The QoS scheduling is a major feature in WiMAX systems, which makes it an 

ideal choice for QoS sensitive applications like video content streaming.  

Essentially, radio resources are allocated efficiently and under centralized control 

within the BS in order to address the service flow’s QoS requirements.  MAC 

connections, which are in fact associated with a given service flow, are assigned 

a QoS scheduling service, one for the DL-MAP and one for the UL-MAP.  These 

scheduling services are listed below in Table 2 [38].   
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Table 2. MAC Scheduler service types. 

Scheduler Service Application Specification 
Unsolicited Grant Service  
(UGS)

VoIP without silence suppression 
T1 /E1 emulation 
Continuous bit rate applications 
(No polling – fixed bandwidth)

Max. sustained rate 
Max. latency tolerance 
Jitter tolerance

real time Polling Service  
(rtPS)  
 

Streaming audio and /or video 
Variable bit rate applications 
(MS is polled regularly)

Max. sustained rate 
Min. reserved rate 
Max latency tolerance 
Traffic priority 

extended rtPS 
(ertPS)

VoIP with silence suppression 
(No polling dynamic bandwidth)

Max. sustained rate 
Min. reserved rate 
Max. latency tolerance 
Jitter tolerance 
Traffic priority

non rtPS (nrtPS) FTP 
(MS is polled periodically)

Max. sustained rate 
Min. reserved rate 
Traffic priority

Best Effort  
(BE) 

Web browsing 
Data transfer 
(MS must request all bandwidth)

Max. sustained rate 
Traffic priority 

 

In UGS configurations, the service pre-allocates periodic grants to the MS to 

reduce overhead.  Whereas rtPS scheduling ensures periodic request 

opportunities are made available to mobile stations to subsequently request 

bandwidth accordingly.  Unlike rtPS, nrtPS scheduling requires mobile stations to 

randomly, rather than periodically, access transmission opportunities to request 

bandwidth.  Polling schemes can potentially yield higher utilization of MAC and 

PHY resources. In BE services, the transmission opportunities available to 

mobile stations depend on the network load.  Thus, if there is space left in the 

frame after UGS, packets from rtPS and nrtPS queues are then dequeued.  Any 

remaining space is then allocated to BE queues.   
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Link adaptation monitors the uplink and downlink quality using SNR and 

adaptively selects the best modulation and coding scheme (MCS) to overcome 

time-selective fading and maximize air-link capacity and coverage.  Modulation 

schemes include QPSK, 16-QAM and 64-QAM, where 64-QAM is optional on the 

uplink.  The modulation scheme constellations [43] are presented in Figure 12. 

 
Figure 12. QPSK, 16-QAM and 64-QAM constellations. 

Channel coding schemes are used to help reduce the SNR requirements by 

recovering corrupted packets that may have been lost due to burst errors or 

frequency selecting fading.  These schemes generate redundancy bits to 

accompany information bits when transmitting over a channel. Coding schemes 

include convolutional coding (CC) at various coding rates (½, 2 /3 and ¾) as well 

as convolutional turbo codes (CTC) at various coding rates (½, 2 /3, ¾ and 5 /6).  

Optionally, block turbo codes and low density parity check (LDPC) codes are 

supported by the specification.  The OPNET Modeler supports both CC and CTC 

coding schemes as of 15.0.A.  Basically, the coding rate is the ratio of the 

uncoded block size to the coded block size.  For example, a code rate of ½ 
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indicates a block of 12 bytes would be encoded as a block of 24 bytes.  

Ultimately, the link performance is a trade-off between efficiency and robustness.  

As channel conditions degrade, the MCS is adaptively downgraded to a more 

robust, lower order modulation scheme to maintain connection quality and link 

stability.  Similarly, as channel conditions improve, the MCS is adaptively 

upgraded to a higher, more efficient MCS.  Table 3 details the spectral efficiency 

and minimum receiver SNR for a given MCS.  Note SNR values were derived in 

an Additive White Gaussian Noise (AWGN) environment using tail-biting CC [20]. 

Table 3. MCS and SNR. 

Modulation Bits /Baud FEC Rate 
 

Spectral 
Efficiency 

Receiver SNR 
(dB) 

½ 1 5QPSK 2

¾ 1.5 8

½ 2 10.516-QAM 4

¾ 3 14

½ 3 16

2 /3 4 18

¾ 4.5 20

64-QAM 6

5 /6 5 22
 

When forward error correction can’t recover a packet, one of several error 

handling schemes can be used by WiMAX:  automatic repeat request (ARQ), 

hybrid ARQ (HARQ), combined ARQ/HARQ and no recovery at all.  Both ARQ 

and HARQ type schemes can be configured per service flow and they can 

significantly reduce the bit error rate (BER) for a given threshold level.  ARQ is 

strictly a MAC layer function which is used to request lost or corrupted packets 

using positive and negative acknowledgements.  Corrupted packets are 

discarded at the receiver in this scheme.  ARQ has the potential to increase 

throughput at the trade-off of increased delays from the acknowledgement and 

retransmission process.  In contrast, HARQ, which uses both the MAC and PHY 
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layer, retains the corrupted packets.  This allows the receiver to combine the 

retransmitted packets with the corrupted packets to achieve a higher SNR and 

coding gain.  HARQ can yield very fast retransmissions, as fast as retransmitting 

in the next frame.  The acknowledgements are sent on a dedicated ACK channel 

and the receiver sends an ACK or NAK in response to each transmission.  HARQ 

has the potential to increase throughout, although not as high as ARQ, without 

the increased delays introduced by ARQ given the faster detection and 

retransmission scheme since its tied into the PHY layer as well.  Combining ARQ 

and HARQ can potentially yield the best overall performance by delivering higher 

throughput rates without the higher delays.  The other alternative is not to 

attempt recovery at all, thereby empowering higher layers to detect and 

retransmit packets accordingly.  Given the tight performance criteria for video 

streaming systems, application layer retransmissions are not desirable. 

In terms of mobile station mobility, there are several mandatory and optional 

handover schemes which can be initiated by the mobile station or the base 

station.  Essentially the mobile station transitions to the target base station as it 

disassociates with the serving site.  The mandatory hard handover (HHO) 

scheme involves the mobile and base stations acquiring the network topology:  

base stations advertise the topology (a site neighborhood list) while mobile 

stations scan neighbour sites.  This process requires the mobile station to re-

enter the network with the target site and synchronize the DL accordingly leading 

to handoff delays under 50 ms.  In the Fast Base Station Switching (FBSS) 

scheme, during a handover, a mobile station communicates with a single base 

station within a group of base stations.  This optional scheme allows the mobile 

station to quickly change serving base station.  In contrast, the optional Micro 

Diversity Handover (MDHO) scheme, allows the mobile station to simultaneously 

communicate with several base stations during a handover.  

 23 



 

2.4.3 Physical Layer 

The IEEE 802.16 standards have specified PHY access schemes for operation in 

the 2 – 11 GHz and 10 - 66 GHz frequency bands.  Consequently, many 

countries worldwide have allocated one or more frequency bands for WiMAX 

deployments.  However, these allocations are competing with various other 

commercial and military applications potentially preventing one universal band 

that is unanimously free worldwide.  The key is global harmonization of one or 

more bands to ensure worldwide roaming of terminal equipment.  It has been 

observed that the success of IEEE 802.11 (also known as WiFi) is credited to the 

global unification of the 2.4 GHz frequency band.  Table 4 details various 

allocations for mobile WiMAX worldwide [39] [40].  Mobile WiMAX Release-1 

profiles cover 5, 7, 8.75 and 10 MHz channel bandwidths in the 2.3 GHz, 2.5 

GHz, 3.3 GHz and 3.5 GHz licensed bands [38]. 
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Table 4. Global WiMAX spectrum allocations. 

Spectrum Allocations 

Country 
2.3 - 2.4 GHz 

(100 MHz)

2.5 - 2.69 GHz 

(190 MHz)

3.4 - 3.8 GHz 

(400 MHz)

5.725 - 5.850 GHz 

(125 MHz)

Africa  ■   

Australia ■ ■   

Canada ■ ■ ■  

China   ■  

E. Europe  ■ ■  

India   ■  

Japan  ■   

Korea ■    

Latin America  ■ ■  

Middle East   ■ ■ 

Singapore ■    

SEA ■ ■ ■  

W. Europe   ■  

USA ■ ■   

5, 8.75, 10 5, 10 5, 7, 10 5, 10, 20 
 

Channel Bandwidths (MHz) 

 

Moreover, the standards have specified PHY access schemes for operation in 

the 2 – 11 GHz and 10 - 66 GHz frequency bands using conventional single 

carrier (SCa), orthogonal frequency division multiplexing (OFDM) and orthogonal 

frequency division multiple access (OFDMA).  Figure 13 presents the different 

access schemes as a function of frequency [35].  In SCa mode, data from one 

user is modulated onto a single, conventional wideband RF carrier.  With OFDM, 

which is typically used in fixed WiMAX deployments, data from one user is 

segmented into smaller chunks and transmitted over one or more orthogonal 
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subcarriers.  Lastly, with OFDMA, which is used in Mobile WiMAX systems, 

multiple users’ data are transmitted over separate subchannels which are in turn 

mapped to one or more orthogonal subcarriers.  Importantly, different numbers of 

subcarriers can be assigned to different users to support differentiated QoS.   

 
Figure 13. PHY access schemes. 

In the 10 – 66 GHz band, LOS deployments help ensure the signal travels over a 

direct unobstructed path from the transmitter to the receiver.  However, in NLOS 

systems, the received signal is comprised of signal components that have 

reached the receiver directly as well as through reflections, scattering and 

diffractions.  Consequently, these latter, indirect components have different delay 

spreads, attenuation, polarizations and stability relative to the unobstructed, 

direct communications path [41].  Using OFDM, which takes a higher bit rate 

input stream and divides it into many lower bit rate parallel streams (and 

subsequently increased symbol durations), the technical challenges of delay 

spread, multi-path and intersymbol interference (ISI) can be addressed.  The 
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increased symbol duration improves the resilience of OFDM to delay spread.  

Additionally, a cyclic prefix (CP), which is a repetition of the last samples of the 

data portion of a block, if longer than the delay spread duration, can eliminate ISI 

altogether.  Figure 14 illustrates the insertion of the CP [38]. 

 
Figure 14. Cyclic prefix. 

Each the of parallel, lower bit rate streams are subsequently modulated 

independently using QPSK, 16-QAM or 64-QAM schemes onto one of N 

subcarriers (also known as tones).  These subcarriers are closely spaced and 

overlapped to achieve higher efficiency. Importantly, each subcarrier’s spectrum 

nulls falls exactly onto the centres of the other subcarriers thereby making them 

orthogonal [41].  Thus, an OFDM signal is comprised of many closely spaced 

narrowband orthogonal carriers as viewed in Figure 15; since, the coloured 

arrows represent data subcarriers for different users, it’s a multi-carrier OFDMA 

waveform.  Ultimately, OFDM is superior for NLOS applications over 

conventional single carrier systems however OFDM is sensitive to frequency 

offsets given the tightly spaced subcarriers as well as oscillator phase noise.  

While OFDM could be used for both LOS and NLOS applications, SCa systems 

should be limited to LOS applications given its inherent inability to satisfactorily 

perform in multipath channels. 

Channelization in OFDM system is one of the distinguishing factors between 

OFDM and OFDMA.  In OFDMA, subcarriers are mapped to subchannels and 

one or more subchannels are assigned to a given mobile station.  The allocation 
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of subcarriers to subchannels is achieved using one of two schemes:  distributed 

and adjacent subcarrier permutations.  Moreover, the distributed 

subchannelization process will utilize full usage of subcarriers (FUSC) or partial 

usage of subcarriers (PUSC).  In FUSC, the pilot subcarriers are allocated first 

and then the remaining data subcarriers are divided into subchannels.  On the 

other hand, PUSC pilot and data subcarriers are partitioned into subchannels.  

Downlink subframes may use either scheme but uplink subframes only use 

PUSC.  The OPNET Modeler currently supports PUSC and FUSC on the DL and 

PUSC only on the UL.  Figure 15 pictures the distributed subcarrier permutation 

scheme where adjacent subcarriers are distributed to different subchannels to 

increase capacity and frequency diversity while reducing interference through 

inter-cell interference averaging [35].  Then mobile stations are assigned one or 

more subchannels accordingly.  Adjacent subcarrier permutation allocates 

adjacent subcarriers to a given subchannel.  This scheme trades off frequency 

diversity for user diversity.  Unlike distributed schemes which are more resilient 

to signal fades because the subcarriers that comprise a given subchannel are not 

immediately adjacent to each other, the adjacent scheme is more vulnerable to 

such propagation effects that makes it inefficient for mobility applications.  

Nonetheless, subchanneling concentrates the transmit power into fewer 

subcarriers thereby increasing system gain to extend network coverage, 

compensate for building penetration losses and reduce power consumption on 

the mobile stations.  Ultimately, this flexibility allows the system designer to 

trade-off mobility for throughput. 

 
Figure 15. OFDM subchannel allocation. 
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In addition to data subcarriers used to transport QPSK, 16-QAM and 64-QAM 

data symbols, pilot subcarriers are used for channel estimation purposes by 

transmitting a known symbol sequence at higher power levels.  The DC 

subcarrier is typically suppressed to support direction conversion receivers.  

Guard subcarriers are suppressed for spectrum shaping purposes and to provide 

a channel guard.  Figure 16 presents these subcarriers [35] [38] [43]. 

 
Figure 16. OFDM subcarriers. 

Fast Fourier transform (FFT) is typically used in OFDM systems to circumvent 

the need to individually modulate and demodulate many different OFDM 

subcarriers.  The basic premise is to employ Inverse FFT (IFFT) to generate the 

waveform and FFT to receive it.  IEEE 802.16e-2005 uses bandwidths ranging 

from 1.25 MHz to 20 MHz [38] with the FFT size changing accordingly:  128 for 

1.25 MHz, 256 for 2.5 MHz, 1024 for 10 MHz and 2048 for 20 MHz [41].  

Consequently, this preserves the fixed subcarrier spacing for all channel 

bandwidths and it is otherwise known as scalable OFDMA (SOFDMA). 

Using the allocated channels, the WiMAX system multiplexes uplink and 

downlink data using one of two duplexing schemes:  frequency division duplex 

(FDD) and time division duplexing (TDD).  Fixed WiMAX systems can use either 

scheme depending on government regulations and local interference limited 

markets.  While 802.16e-2005 supports both TDD and full and half duplex FDD, 

Mobile WiMAX Release-1 uses time division duplexing (TDD) with the pending 
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Release-2 in 2010 to support both schemes.  Figure 17 illustrates the basic 

difference between TDD and FDD. 

 
Figure 17. Duplexing schemes. 

TDD results in less complex transceiver designs and subsequently cheaper 

implementations not to mention channel reciprocity because the DL and UL 

frames are sent in the same band [44].  From a QoS perspective, TDD can 

dynamically allocate UL and DL bandwidth based upon instantaneous loading 

conditions whereas FDD generally has fixed and equal UL and DL bandwidths.  

In contrast to FDD, which uses a pair of channels for UL and DL 

communications, TDD uses a single channel for both UL and DL operations [38].  

Specifically, each TDD frame contains a DL and UL subframe (Figure 18) 

separated by a guard time slot – transmit receive transition gap (TTG) [40].  TDD 

frames are separated by the receive transmit transition gap (RTG).  While TDD 

systems incur the additional overhead of TTG and RTG in comparison to FDD, 

this overhead is overshadowed by the benefits of advanced antenna techniques 

conducive to TDD since UL and DL traffic is transmitted within the same channel. 
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Figure 18. Single TDD frame. 

In the DL subframe in Figure 18, the first symbol represents preamble which 

enables the MS to synchronize on the BS and perform channel estimation 

operations.  The preamble is followed by the frame control header (FCH) which 

contains the frame prefix (DLFP) which in turn specifies the burst profile, DL-

MAP length and usable subchannels.  The DL-MAP defines the remaining part of 

the DL subframe, assigning data bursts to mobile stations.  The UL-MAP, which 

follows the DL-MAP, defines the UL subframe structure.  Next, depending on 

radio channel conditions, the DL and UL channel descriptors, DCD and UCD, 

may follow respectively.  These descriptors define the modulation and coding 

rates when signal conditions change.  The remaining part of the DL subframe 

contains data and control bursts which may be unicast, multicast or broadcast 

data.  Each burst may contain one or more MAC-level PDU’s that belong to one 

or more connections for a given MS.  Moreover, each data burst is typically 

comprised of multiple symbols.  The modulation type is constant within a given 

burst but can vary between bursts [45]. The UL subframe contains a preamble 

(not shown) to allow the BS to synchronize on each MS, an initial ranging interval 

(IRI), a bandwidth request interval (BRI) and a number of data bursts from one or 
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more mobile stations.  The IRI and BRI are segmented into transmission 

opportunity (TO) slots each of which can host a single request.  QoS on the UL 

primarily determines how the BS assigns grants and polls to the mobile stations.  

A grant indicates that the BS scheduled a data burst for the MS whereas a poll 

indicates the BS reserves a TO within the BRI for a given MS [46]. Mobile 

stations use the IRI to register with the BS when entering the network.  

Additionally, these stations, once connected, use the BRI to request bandwidth 

from the BS.  While access to the IRI and BRI are contention based, using 

truncated binary exponential back-off algorithm (TBEBA), the actual data bursts 

are allocated and scheduled  by the BS to mobile stations on the DL subframe’s 

UL-MAP delineating specific bursts, starting point and durations [40] [46].  

Ultimately, both UL and DL PHY bursts are comprised of one or more slots 

where each slot is N subchannels x M symbols.  Table 5 shows that the slot 

structure depends on the subchannelization scheme [20] [47]. 

Table 5. PHY burst allocations. 

Subcarrier permutation DL UL 
FUSC 1x1 <not specified>Distributed

PUSC 1x2 1x3

Adjacent 1x2 /3 /6 1x2 /3 /6
 

Ultimately, Mobile WiMAX data rates are a function of both the adopted MCS and 

the OFDMA system parameters discussed above.  In order to understand 

potential performance of WiMAX system, channel throughput rates may be 

reported accordingly.  However, when interpreting such rates, it is important to 

understand whether the rates account for MAC and /or PHY layer overhead.  

PHY layer overhead accounts for cyclic prefix (CP) which acts as a guard interval 

within a symbol duration as well as null, pilot and DC subcarriers which do not 

carry user data.  In a TDD system, MAC layer overhead includes the preamble in 

both DL and UL subframes as well as the FCH, DL-MAP, UL-MAP, DCD and 
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UCD in the DL subframe.  Moreover, IRI, BRI and the channel quality indicator 

channel (CQICH) account for overhead in the UL subframe.  The TTG and RTG 

intervals also contribute to MAC overhead.  Table 6 presents the effective PHY 

throughput rates for a 5 MHz and 10 MHz PUSC channel using a 5 ms frame 

with 44 data symbols with a DL/UL ratio of 3:2 [38]. 

Table 6. Mobile WiMAX PHY data rates for a PUSC channel. 

 

Multiple Input Multiple Output (MIMO) is a technique whereby multiple antennas 

are used at the transmitter and receiver to increase coverage and throughput 

without increasing bandwidth or transmit power. MIMO achieves this by 

delivering higher spectral efficiency and link reliability. Figure 19 shows various 

antenna configurations and adaptations of MIMO with single and multiple inputs 

and outputs [48].  Specifically there are several types of MIMO that can be 

employed with WiMAX:  Beamforming (BF), Space Time Block Code (STBC) and 

Spatial Multiplexing (SM).  With single-layer BF, the same signal is transmitted 

on all antennas however the antenna phase weights are adjusted to maximize 

signal strength at the receiver.  The increased signal strength is achieved by 

constructive combining and multipath fading reduction.  It should be observed 

that BF can not simultaneously maximize signal strength at multiple antennas at 

the receiver thereby necessitating multi-layer BF techniques which requires 
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channel state information.  With STBC, the same single signal stream is encoded 

differently, using space-time coding techniques, on different antennas to exploit 

the various received versions of data leading to improved transfer reliability.  The 

key with this technique is that it leverages off independent fading in multiple 

antenna systems to create signal diversity. Independent of channel conditions, 

STBC can increase coverage but it does not increase the peak throughput rates 

[49].  SM takes the higher rate transmit signal and divides it into lower rate 

streams where each lower rate stream is transmitted on the same frequency but 

on different antennas.  The receiver can separate these parallel streams if they 

are received with sufficiently unique spatial signatures [48].  SM can actually 

increase peak throughput when channel conditions are good.  However, when 

channel conditions degrade, the packet error rate (PER) can increase, thereby 

reducing the coverage area.  WiMAX supports dynamic switching between these 

MIMO techniques to maximize coverage and capacity based on channel 

conditions.  This is known as Adaptive MIMO Switching (AMS) [49].  The OPNET 

Modeler currently supports STC 2x1 MIMO only. 

 
Figure 19. Antenna configurations. 
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Lastly, there have been a number of models developed over the years to 

characterize NLOS RF communications and receiver signal strengths.  AT&T 

Wireless conducted extensive field tests and used the empirical data to derive a 

model for broadband wireless systems.  Stanford University extended the AT&T 

and Erceg models to produce the Stanford University Interim (SUI) models.  The 

SUI models incorporate three terrain types:   

 Category A – hilly /moderate to heavy tree density 

 Category B – hilly / light tree density or flat /moderate to heavy tree density 

 Category C – flat / light tree density  

Consequently, six SUI models (SU-1 to SU-6) were selected in WiMAX design, 

development and testing [41].   

In summary, WiMAX, operating on both licensed and unlicensed spectrum, offers 

a wide spectrum of options (Figure 20) at both the MAC and PHY layers.   

 
Figure 20. WiMAX options. 
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3 DESIGN AND IMPLEMENTATION 

This section details the design and implementation of the proposed 

enhancements for this project.   

3.1 RTP 

One of the key characteristics of streaming video content over IP networks is the 

adoption of a session-less transport layer, User Datagram Protocol (UDP), 

instead of the connection-oriented transmission control protocol (TCP).  Since 

video content is delay sensitive, video transmission systems do not want the 

underlying transport protocol to retry lost video frame packets as there is little 

value in playing out of sequence video and audio frames.   However, there is a 

need to provide a layer between UDP and the video application to manage the 

real time characteristics of streaming video content by provisioning sender 

timestamps, sequence numbers and other relevant information that UDP and 

lower layers do not provide.  Therefore, in an effort to design a simulation model 

that is more indicative of the protocol stack overhead in practical packet switched 

video transmission systems, the Modeler’s video conferencing application was 

enhanced to support RTP. 

3.1.1 RTP Module Analysis 

The first stage of this major enhancement was to gain familiarity with the Modeler 

implementation of RTP.  The RTP implementation is comprised of two process 

models, the RTP session manager and the RTP session client, along with four 

interface control information (ICI) formats and the 12-byte RTP packet header. 

Essentially, a process model implements a finite state machine (FSM) to 

represent the behaviour of a given module.  It uses states and transitions to 

determine which actions the module takes in response to an event.  Each state 
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contains an “enter” executive containing logic that is executed when the module 

transitions into the state, as well as an “exit” executive containing logic that is 

executed when the module leaves the state.  The Modeler uses green states to 

denote forced states in which the enter and exit executives of the module are 

executed without interruption and then transitions to the next state.  Red states 

represent unforced states which execute the enter executive and then return 

control back to the simulation kernel.  The notation below the states “x /y” 

indicate the number of lines of code in the enter and exit executives respectively.  

Transitions can be unconditional (solid lines) which automatically transfers 

control to the next state.  Whereas conditional transitions (dashed lines) require 

the associated condition to be true before control passes to the next state. 

The session manager (Figure 21) is spawned from the generic network 

application (GNA) client server process model at the beginning of the simulation 

on each network object regardless of whether applications will utilize RTP.  

 
Figure 21. RTP session manager. 

This session manager, which is implemented with approximately 400 lines of 

Proto-C code, will in turn spawn a session client upon first invocation of the 

session manager.  The session client process model (Figure 22) implements a 

finite state machine (FSM) that will actually handle RTP session and stream 

management, as well as RTP-specific protocol framing.  It is implemented in 

approximately 1800 lines of code. 
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Figure 22. RTP session client. 

The events that trigger transitions in these FSM’s are the direct result of RTP 

specific function calls made by RTP-based applications.  These function calls 

comprise the RTP application programming interface (API) which is detailed in 

Table 7. 

Table 7. RTP API. 

Function call Description 
rtp_init () Initializes the RTP model.

rtp_service_start () Starts the RTP service.

rtp_app_register() Registers an application process as the target for 
incoming RTP sessions on the specified node.

rtp_session_open() Opens an RTP session between the specified nodes.

rtp_session_close() Closes the specified RTP session.

rtp_session_handle_get() Gets the session handle from the session ICI.

rtp_session_user_data_get() Gets the session user data from the session handle.

rtp_session_valid() Checks the validity of a session handle.

rtp_stream_create() Creates a new stream in the specified RTP session.

rtp_stream_remove() Removes (closes) the specified stream.

rtp_stream_user_data_get() Gets the stream index from the stream handle.

rtp_stream_valid() Checks the validity of a stream handle.

rtp_pk_send() Sends a packet on the specified stream.

rtp_app_pk_get() Gets the RTP information from the packet ICI.

rtp_pk_info_get() Gets the RTP information from the packet ICI.

rtp_pk_info_free() Frees the RTP information.
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When RTP-based applications make these calls, they generate process-based 

interrupts and attach ICI data structures (used to exchange control information 

between adjacent protocol layers) to which the simulation kernel directs to the 

RTP session client invoking further session client execution time.  The OPNET 

RTP packet format applied to all incoming and outgoing packets is pictured in 

Figure 23.  The header itself is comprised of 12 bytes (96 bits) as described in 

section 2.3.  The payload itself (app_pkt field in the figure) represents the 

application layer signalling commands, video, or audio frame content. 

 
Figure 23. RTP packet format. 

The RTP module in turn makes use of the OPNET generic support connection 

API to open, close, send and abort connections with lower levels.  These calls 

take the form of gna_sup_conn_xxxxxxx. 

3.1.2 Voice Application Analysis 

The Modeler voice application uses the OPNET RTP module to stream voice 

content between a caller and a callee.  Consequently, the next stage of this 

enhancement was to analyze the voice application in detail to further understand 

the how the RTP-specific function calls were employed. 

The voice application is implemented as two separate process models within the 

Modeler.  Essentially, instead of a client / server architecture used with OPNET 
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FTP, Web and other applications, OPNET has implemented two “client” voice 

process models to simulate voice streaming /conferencing.  The voice calling 

process model (Figure 24) implements call setup, maintenance and tear-down 

logic (left half of the figure) in addition to voice processing logic which includes 

encoding /decoding, silence suppression, transmission and reception (right half 

of the figure).  Importantly, using the RTP API, it creates the RTP session and 

RTP stream(s) as well as submits (and receives) voice frames to the RTP 

module for appropriate framing and transmission / reception.  The voice calling 

process model was implemented in approximately 2900 lines of code.  Looking at 

Figure 24, states and transitions we are most interested in lie on the right half of 

the pictured process model.   

 
Figure 24. Voice calling manager process model. 

Using the RTP API, the voice called process model (Figure 25) registers with the 

RTP layer (to later accept an RTP session establishment request) and handles 

similar voice processing functions to the calling process model except for the call 

setup /maintenance tasks.  Equally important, it uses the RTP API to create 

return RTP streams and to call upon RTP to transmit and receive voice frames 

with appropriate RTP framing. The voice called process manager was 

implemented in approximately 2300 lines of code. 
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Figure 25. Voice called manager process model. 

3.1.2.1 Voice Calling Process Model 

The following figures detail the RTP related logic in voice calling process model.  

Only relevant code blocks using RTP or other relevant logic are presented below.  

Nonetheless, the following convention is used in the figures below: 

 RTP specific logic is highlighted in red rectangles 

 comments are reported as green text enclosed in green rectangles 

In the open state’s enter executive (Figure 26), the code opens an RTP session 

and validates the resulting handle. 
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Figure 26. Open state (enter executive): partial code listing. 

In the open state’s exit executive (Figure 27), the code creates an RTP stream if 

the ESTAB macro evaluates to true if an RTP session has been established. 
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Figure 27. Open state (exit executive): code listing. 

In the connect state’s exit executive (Figure 28), the code automatically 

transitions the FSM by setting the start_data_transfer flag to TRUE. 

 
Figure 28. Connect state (exit executive): code listing. 

In the send state’s enter executive (Figure 29), the code sends a voice frame 

using RTP.  Moreover, it tears down and recreates a new RTP stream during 

periods of silence. 
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Figure 29. Send state (enter executive): top section of partial code listing. 

Additionally, later on in the send state’s exit executive (Figure 30), the code 

generates a self interrupt to prompt the transmission of another voice frame or to 

tear down the voice call if the configured application time has expired. 
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Figure 30. Send state (enter executive): bottom section of partial code listing. 

In the receive state’s enter executive (Figure 31), the code checks to see if the 

current interrupt is a result of receiving an RTP packet from the remote end.  If it 

is a remote RTP voice frame, it will retrieve the frame and update the received 

frame statistics accordingly. 

 
Figure 31. Receive state (enter executive): top section of code listing. 

Further down in the receive state’s enter executive (Figure 32), the code extracts 

the command from the received RTP packet and then destroys the packet. 

 45 



 

 
Figure 32. Receive state (enter executive): bottom section of code listing. 

In the send-close state’s enter executive (Figure 33), the code removes the RTP 

stream and closes the RTP session. 

 
Figure 33. Send-close state (enter executive): partial code listing. 

In the end state’s exit executive (Figure 34), the executive code has commented 

out the destruction of a TPAL_IND which may be relevant in the video process 

model too. 
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Figure 34. End state (enter executive): partial code listing. 

In the state variable’s code block (Figure 35), several RTP and statistics 

variables are highlighted as they are likely relevant in the video process model as 

well. 

 
Figure 35. State variables: partial code listing. 

In the temporary variable’s code block (Figure 36), the several RTP pointer 

variables are highlighted as they are likely relevant in the video process model as 

well. 
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Figure 36. Temporary variables: code listing. 

Lastly, in the header code block (Figure 37), several macros are highlighted as 

they are defined to use RTP session specific interrupt codes. 

 
Figure 37. Header code block: top section of partial code listing. 

Also in the header code block (Figure 38), several RTP specific function 

declarations are highlighted as they are likely relevant in the video process model 

as well. 
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Figure 38. Header code block: bottom section of partial code listing. 

3.1.2.2 Voice Called Process Model 

The following figures detail the RTP related logic in voice called process model.  

Only relevant code blocks using RTP or other relevant logic are presented below.  

RTP specific logic is highlighted in red rectangles while comments are reported 

as green text enclosed in green rectangles 

In the open state’s enter executive (Figure 39), the code registers with RTP to 

accept RTP sessions. 

 
Figure 39. Open state (enter executive): partial code listing. 
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In the open state’s exit executive (Figure 40), the code validates the retrieved 

RTP session handle once the ESTAB macro’s interrupt code indicates an RTP 

session has been established.  Additionally, a key function call further down 

spawns a new voice called process.  This subtle detail became very critical later 

in the RTP development phase. 

 
Figure 40. Open state (exit executive): code listing. 

In the connect state’s exit executive (Figure 41), the code checks to see if the 

current interrupt was triggered by the reception of an RTP packet.  If it is, the 

code goes on to retrieve the RTP header information including the RTP stream 

number. 

Additionally, in the connect state’s exit executive (Figure 42), the code checks to 

see if the RTP packet received was a CLOSE command.  If it was a CLOSE 

command, the code generates an RTP session closed self interrupt.  However, if 

the RTP packet is in fact a voice frame, it transitions the process model FSM by 

setting the start_data_transfer flag to TRUE. 
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Figure 41. Connect state (exit executive): top section of partial code listing. 

 
Figure 42. Connect state (exit executive): middle section of partial code listing. 
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Lastly in the connect state’s exit executive (Figure 43), the code creates an RTP 

stream and destroys the RTP packet information and associated resources. 

 

Figure 43. Connect state (exit executive): bottom section of partial code listing. 

In the send state’s enter executive (Figure 44), the code creates a voice frame 

and sends it to the callee using RTP. 
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Figure 44. Send state (enter executive): top section of partial code listing. 

Additionally, in the send state’s enter executive (Figure 45), the code removes 

and recreates an RTP stream during periods of voice silence. 

 
Figure 45. Send state (enter executive): bottom section of partial code listing. 
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In the receive state’s enter executive (Figure 46), the code checks to see if the 

current interrupt is the result of a received RTP packet.  If it is, the code retrieves 

the RTP packet header and payload and updates the received voice statistics 

accordingly. 

 
Figure 46. Receive state (enter executive): top section of partial code listing. 

Also, in the receive state’s enter executive (Figure 47), the code releases the 

resources associated with the newly received RTP packet. 

 
Figure 47. Receive state (enter executive): bottom section of partial code listing. 

In the close state’s enter executive (Figure 48), the code removes the existing 

RTP stream in preparation of closing down the call. 
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Figure 48. Close state (enter executive): code listing. 

In the state variables code block (Figure 49), the RTP session and stream 

variables are defined. 

 
Figure 49. State variables: partial code listing. 

In the temporary variables code block (Figure 50), the several RTP pointers are 

declared. 
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Figure 50. Temporary variables: code listing. 

Lastly, in the header code block (Figure 51), the RTP header is included as well 

as the definition of three RTP macros that test for RTP specific interrupt codes.  

Moreover, several RTP specific wrapper functions are declared. 

 
Figure 51. Header block: partial code listing. 
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3.1.3 Video Application Analysis 

The next stage of this enhancement was to analyze the OPNET video application 

in detail, which would be subsequently modified to support RTP.  Similar to the 

voice application, the video application is implemented as a client-client pairing of 

process models instead of the traditional client / server architecture.  The 

advantage of the client-client scheme is that either end (or both) can stream 

media which is more likely to be the case when modeling real-world streaming 

applications.  Thus, the video calling manager and video called manager process 

models comprise the video application.  The video calling manager initiates the 

session while the called manager awaits the call thereby exhibiting some 

similarities to the client / server architecture.  Equally important with this 

architecture distinction, each invocation of the video called manager process 

supports only one video calling manager so additional video “sessions” would 

involve additional pairs of calling and called video manager processes. 

In a given simulation model’s networked topology, each networked station, wired 

or wireless, can have the video application assigned to it either as a service, 

loosely, analogous to a “server” (yet more appropriately viewed as a listening 

client), or as a profile-assigned client-initiating station.  The client-initiating 

network object will execute the video calling manager process model 

(gna_video_calling_mgr) and the client-listening network object will execute the 

video called manager process model (gna_video_called_mgr). 

The video calling manager process model detailed in Figure 52 is comprised of 7 

states and 8 conditional transitions in approximately 1900 lines of code.  The 

open and connect states, in addition to basic setup and initialization of TPAL, 

memory resources, session records, statistics and other relevant startup logic, 

implement an application layer startup handshake as a precursor to inbound 

(called to calling) and outbound (calling to called) streaming content.   
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Figure 52. Video calling manager process model. 

As Figure 53 illustrates, the client station sends an 8 byte SETUP message to 

the video called manager running on the remote network node.  The remote node 

acknowledges the SETUP application command by responding with a 64-byte 

CONNECT message containing various video attributes.  

 
Figure 53. Video application layer handshaking. 
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Additionally, on termination of the video streaming session, application layer 

handshaking is also employed using CLOSE and CLOSE-CONFIRM messages.  

When the configured simulation profile duration expires, the video calling 

manager sends a CLOSE message which is acknowledged by the video called 

manager with a CLOSE-CONFIRM response.  It should be noted that the voice 

application does not employ any such application layer handshaking. 

The video called manager process model is pictured in Figure 54.  Implemented 

in approximately 1700 lines of code, it is comprised of 6 states and 7 conditional 

transitions.  Among various initialization and setup logic, this process model 

opens a passive TPAL session and awaits a SETUP command from a video 

calling manager running on a remote station.  Upon receiving the SETUP 

command, the process sends a CONNECT response, generates a self interrupt 

to initiate video frame transmission, then commences data transfer “mode” and 

transitions to the idle state where it will receive both self generated interrupts for 

video frame transmissions as well as remote interrupts signalling received video 

frames. 

 
Figure 54. Video called manager process model. 
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Unlike the voice application however, the video application uses the OPNET 

specific transport adaption layer (TPAL) instead of RTP to stream video content 

over UDP/ IP between the calling and called video stations.  The TPAL layer 

provides a basic interface between the transport layer protocols and the 

applications.  It provides a global registry of servers whereby each server 

registers itself with a service name, a port that it’s “listening” on, as well as its 

popularity value which serves as a preferential “weighting” mechanism for client 

access.  The key consequence to adopting TPAL and its generic interface is that 

protocol specific features are not accessible through TPAL.  Instead, more 

generic request and indication primitives are used by application layer as outlined 

in Figure 55.  While additional TPAL primitives are available, the basic premise 

behind opening and closing sessions is conveyed in this figure. 

 
Figure 55. TPAL control flows. 

When the video clients send and receive application layer signalling and data 

frames, the following data flows in Figure 56 are observed between the 

application layer, TPAL and the underlying transport protocol below. 
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Figure 56. TPAL data flows. 

3.1.4 Video Application Modifications 

After careful and extensive review of the existing voice, video and RTP process 

models, the following design was derived for the video calling and video called 

process models.  All Modeler process models, in addition the states and 

transitions mentioned earlier, contain the following code “blocks” that collectively 

combine to form a compilable process model: 
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 State variables - persist across invocations of the process model. 

 Temporary variables - are not guaranteed to retain their values across 

invocations. 

 Header block - for declaring symbolic constants, macros, data types that will 

be used in the process model executive and conditional logic. 

 Function block - defines functions associated with the process. 

 Diagnostic block - contains logic that sends diagnostic information to the 

standard output device.  These statements have full access to the state 

variables but not the temporary variables.  It is called by the simulation kernel 

when using the OPNET Simulation Debugger (ODB). 

 Termination block - contains logic that is executed right before the process is 

destroyed. 

Consequently, the proposed design details the code modifications made to each 

state’s executives as well as the code blocks listed above. 

3.1.4.1 Video Calling Process Model 

The video calling process model implements the active video client application 

that is executed on the WiMAX stations.  It initiates the video streaming session 

with the VoD server, which is running the passive video client (video called 

process model).  From a high level, Figure 57 introduces the basic changes to 

the video calling process model; the annotations outline the basic functional 

changes to a given state’s executive.  Essentially, the basic principles applied to 

the process model are to open an RTP session with VoD server, validate the 

RTP session handle, create an RTP stream and use RTP to send and receive all 

frames including application layer handshaking commands and responses.  

When the configured streaming session time interval expires, this process model 

will issue application layer signalling using RTP to close the streaming session, 

terminate the RTP stream and then close the RTP session. 
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Figure 57. Modified video calling manager process model. 

Next, the following figures present the detailed modifications to the various code 

blocks in the process model.  The following convention is used in the figures: 

 proposed modifications are indicated as blue text enclosed in blue rectangles 

 existing logic that needs to be changed is highlighted in red rectangles 

 comments are reported in green text enclosed in green rectangles 

The proposed modifications to the open enter executive are detailed in Figure 58.  

In addition to “label” triggered debugging logic which is applied to most code 

blocks, this code segment needed to create dimensioned statistics that were 

annotated correctly by each node.  Next, the TPAL session setup logic needed to 

be replaced with RTP setup session and handle validation logic.  Lastly, a 

stateful RTP variable was created to enable proper session teardown from one of 

several points in the FSM. 
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Figure 58. Open state (enter executive): partial code listing. 

The proposed modifications to the open exit executive are detailed in Figure 59.  

The TPAL specific logic to retrieve remote host information was removed and a 

function call was added to setup an RTP stream before the SETUP command 

was sent.  Lastly, the function to send the SETUP command was replaced with 

an RTP specific wrapper function that remained localized to this process model. 
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Figure 59. Open state (exit executive): code listing. 

The proposed modifications to the connect exit executive are partially detailed in 

Figure 60.  The receive logic was modified to check for an RTP packet interrupt 

instead of the TPAL logic.  Additionally, the RTP specific logic was used to 

retrieve the packet and determine its size. 
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Figure 60. Connect state (exit executive): top section of code listing. 

The remaining proposed modifications to the connect exit executive are detailed 

in Figure 61.  While the existing logic checked for a CONNECT command 

response, label trace debugging logic and frame send and receive counters were 

added and initialized to aid in functional testing and validation efforts later on.   
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Figure 61. Connect state (exit executive): bottom section of code listing. 

The proposed modifications to the send enter executive are detailed in Figure 62.  

The sending logic had to be modified to use RTP.  Instead of creating separate 

and redundant logic, the app_pk_to_tpal_send routine was modified accordingly.  

Trace label debugging logic was added to report send packet sizes as well.  It 

should be noted that this code block also schedules a self interrupt to trigger the 

next frame for transmission or to close the session. 
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Figure 62. Send state (enter executive): code listing. 

The proposed modifications to the receive enter executive are partially detailed in 

Figure 63.  The interrupt detection logic is modified to check for RTP packet 

interrupts accordingly.  If an RTP packet is received, RTP logic retrieves the 

packet contents and size and then destroys the RTP packet resources. 
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Figure 63. Receive state (enter executive): top section of code listing. 

The remaining proposed modifications to the receive enter executive are detailed 

in Figure 64.  In the existing logic that checks for CLOSE-CONFIRM response 

from VoD server, TPAL session close logic was replaced with code that removes 

existing RTP stream, closes RTP session and updates RTP state flag. 
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Figure 64. Receive state (enter executive): bottom section of code listing. 

The proposed modifications to the send-close enter executive are detailed in 

Figure 65.  The existing TPAL send logic call that sends an application layer 

CLOSE command was modified to use the modified RTP logic function call along 

with appropriate trace label debugging logic that also retrieves packet size as 

well.  It should be noted that we do not want to tear down the RTP session here 

because we want to wait for the VoD server’s CLOSE-CONFIRM response. 
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Figure 65. Send-close state (enter executive): code listing. 

The proposed modifications to the end enter executive are detailed in Figure 66.  

The TPAL logic that destroys the ICI is removed and logic is added to remove the 

RTP stream and close the RTP session. 

 
Figure 66. End state (enter executive): code listing. 
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The proposed modifications to the state variables code block are partially 

detailed in Figure 67.  Essentially, RTP specific variables that need to retain their 

values across process model invocations are defined here. 

 
Figure 67. State variables: partial code listing. 

The proposed modifications to the temporary variables code block are detailed in 

Figure 68.  Various trace label flags for debugging purposes along with 

temporary string array for descriptive trace logging are added in this code block.  

These variables are not guaranteed to retain their values across process model 

invocations. 

 
Figure 68. Temporary variables: code listing. 
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The proposed modifications to the header block are detailed in Figure 69.  Most 

importantly, the macros used in the state transition conditions are modified to test 

for specific RTP interrupt codes rather than TPAL event indications.  Additionally, 

RTP specific functions and support structures are declared in this code block.   

 
Figure 69. Header block: code listing. 

The proposed modifications to the termination code block are detailed in Figure 

70.  This code block also required proper session termination logic using RTP in 

the event that the profile ends before the video streaming session is torn down.  
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Consequently the same send function call used in the transmission of other 

application layer framing, was modified to support the RTP-aware function call. 

 
Figure 70. Termination block: code listing. 

The proposed modifications to the app_pk_to_tpal_send function in the function 

block are detailed in Figure 71.  The interface was modified to pass in the RTP 

trace flag for logging purposes.  Next, the generic packet transmission call was 

replaced with the RTP specific equivalent call, rtp_pk_send. 
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Figure 71. Function block: app_pk_to_tpal_send. 

The proposed modifications to the app_video_setup_send function in the function 

block are detailed in Figure 72.  This function was replaced with a localized 

version, app_video_setup_send_rtp, in the process model function block to 

prevent unnecessary changes to other OPNET system source files.  Among the 

changes involved, the interface was changed to include the RTP trace flag, the 

RTP session handle and the generic send logic was replace with the RTP send 

logic accordingly. 
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Figure 72. Function block: app_video_setup_send. 

A proposed new function, video_called_party_addr_get in the function block, is 

detailed in Figure 73.  This function determines the address of the VoD server 

providing the video content streaming service. 
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Figure 73. Function block: video_called_part_addr_get. 

A proposed new function, video_calling_mgr_dim_stat_annot_create in the 

function block is detailed in Figure 74.  This function creates an annotated string 

to append to the statistic name that reflects the video client station’s profile and 

application names. 
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Figure 74. Function block: video_calling_mgr_dim_stat_annot_create. 

A proposed new function, video_calling_mgr_rtp_session_open, in the function 

block is detailed in Figure 75.  This is essentially a wrapper function that sets up 

and initializes various video configuration parameters and passes them to the 

native RTP open session API function call. 
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Figure 75. Function block: video_calling_mgr_rtp_session_open. 

A proposed new function to the function block is detailed in Figure 76.  This 

function is also a wrapper function around the native RTP stream create API call 

that sets up various parameters and passes them to RTP accordingly. 
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Figure 76. Function block: video_calling_mgr_rtp_stream_create. 

A proposed new function, video_calling_mgr_remote_rsvp_params_get in the 

function block is detailed in Figure 77.  While the function didn’t seem necessary 

initially, it was required to initialize various parameters which would be later used 

in the RTP session open API call. 

 
Figure 77. Function block: video_calling_mgr_remote_rsvp_params_get. 
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3.1.4.2 Video Called Process Model 

The video called process model implements the passive video client application 

that is executed on the VoD server.  It accepts a video streaming session request 

from a given WiMAX video client station, which is running the active video client 

(video calling process model).  From a high level, Figure 78 introduces the basic 

changes to the video called process model; the annotations outline the basic 

functional changes to a given state’s executive.  Essentially, the basic principles 

applied to this process model are to register with RTP, validate the session 

handle upon session establishment, create an RTP stream for streaming content 

(video or audio) and use RTP to send and receive all frames including application 

layer handshaking responses.  Moreover, after acknowledging a CLOSE from the 

video client station, it will tear down the RTP stream and close the RTP session. 

 
Figure 78. Modified video calling manager process model. 

The proposed modifications to the open enter executive are detailed in Figure 79.  

The TPAL open passive session logic in this code block was replaced with RTP 

registration logic which indicates this process is willing to accept RTP session 

requests.   
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Figure 79. Open state (enter executive): partial code listing. 

The proposed modifications to the open exit executive are detailed in Figure 80.  

Once the ESTAB macro evaluated to TRUE thereby indicating an RTP session 

was established with a calling station, this code block needed to retrieve the ICI 

associated with the interrupt, extract the RTP session handle and validate it. 

 
Figure 80. Open state (exit executive): code listing. 

The proposed modifications to the connect exit executive are partially detailed in 

Figure 81.  The generic TPAL receive logic was replaced RTP specific logic that 

checked if the current interrupt is the result of receiving an RTP packet.  If it was, 

the modified logic retrieved the packet pointer from the ICI and then passed it to 

RTP to obtain the received packet accordingly. 
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Figure 81. Connect state (exit executive): top section of partial code listing. 

The remaining proposed modifications to the connect exit executive are detailed 

in Figure 82.  If the received packet is a SETUP command from the video calling 

station, this logic needed to annotate the statistics resource, create an RTP 

stream, then send the CONNECT response using the RTP-modified send 

wrapper function with an amended argument list to include the RTP trace flag.  

Lastly, it destroyed any RTP specific resources associated with the current 

packet. 
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Figure 82. Connect state (exit executive): bottom section of partial code listing. 

The proposed modifications to the send enter executive are detailed in Figure 83.  

The send logic was modified to use the RTP-aware wrapper send function using 

the modified argument list.  The reader should note the code block schedules a 

self interrupt to trigger the transmission of the next frame. 
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Figure 83. Send state (enter executive): code listing. 

The proposed modifications to the receive enter executive are partially detailed in 

Figure 84.  The receive logic was replaced with RTP specific code that checks if 

the current interrupt is the result of a newly received RTP packet.  If it is, newly 

added logic retrieves the ICI associated with the interrupt to extract the packet 

pointer, which is subsequently passed to the RTP packet receive function call. 
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Figure 84. Receive state (enter executive): top section of partial code listing. 

The remaining proposed modifications to the receive enter executive are detailed 

in Figure 85.  After extracting the RTP packet above, the logic checks whether 

the packet is a CLOSE command.  If it is, the newly added logic sends a CLOSE-

CONFIRM response using the RTP-aware send wrapper function with the 

modified interface to include the RTP trace flag.  The frame counter added for 

logging purposes is incremented accordingly and the RTP packet pointer 

resource is destroyed. 
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Figure 85. Receive state (enter executive): bottom section of partial code listing. 

The proposed additions to the state variables code block are detailed in Figure 

86.  RTP-specific variables were defined to store the RTP session and stream 

handles which needed to be persistent across process model invocations.  

Additionally, the annotated statistic string and video frame counters were also 

defined. 

 
Figure 86. State variables: partial code listing. 

The proposed additions to the temporary variables code block are detailed in 

Figure 87.  The trace label flags and logging variables that didn’t require 
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persistence across invocations were defined here.  Additionally, since the ICI’s 

associated with RTP interrupts are transient in nature, the RTP ICI pointer is also 

defined here. 

 
Figure 87. Temporary variables: partial code listing. 

The proposed modifications to the header block are detailed in Figure 88.  Most 

importantly, the inclusion of the RTP header file and redefinition of three key 

macros used in the conditional transition logic in the FSM are updated here.  

These macros are redefined to test for RTP specific interrupt codes rather than 

TPAL event indications.  Additionally, RTP specific functions for registering with 

RTP, creating an RTP stream back to the video calling station, as well as 

creating an annotated statistic resource are declared here. 
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Figure 88. Header block: code listing. 

The proposed modifications to the app_pk_to_tpal_send function in the function 

block are detailed in Figure 89.  Similar to the video calling process model, this 

function is modified to accommodate the RTP trace flag in the interface.  The 

generic packet send function call is replaced with the RTP-specific send API call. 

 89 



 

 
Figure 89. Function block: app_pk_to_tpal_send. 

A proposed new function, video_called_mgr_rtp_register, in the function block is 

detailed in Figure 90.  This function is designed to register itself with RTP to 

accept incoming RTP session requests. 

 90 



 

 
Figure 90. Function block: video_called_mgr_rtp_register. 

A proposed new function, video_calling_mgr_rtp_session_create, in the function 

block is detailed in Figure 91.  This function initializes a number of configuration 

parameters and then passes them to RTP to create a stream. 

 
Figure 91. Function block: video_called_mgr_rtp_stream_create. 

A proposed new function, video_calling_mgr_dim_stat_annot_create, in the 

function block is detailed in Figure 92.  This function appends an annotated string 
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to the statistics resource to reflect the video client’s profile and application 

names. 

 
Figure 92. Function block: video_called_mgr_dim_stat_annot_create. 

3.1.4.3 Preliminary Test Results 

After the proposed changes were implemented and a series of tests were 

conducted with a single client station and the VoD server, it was observed that a 

single video streaming session continually yielded predictable results.  Figure 93 

and Figure 94 report the sent and received packets /sec statistics captured by the 

calling station at the RTP and application layers respectively.  It should be noted 

that in this particular set of runs, the sent and received packets /sec statistics at 

both layers are configured for “all values” capture mode rather than the default 

bucket capture mode using summation over time.  This distinction is important 

since for startup validation purposes, it’s easier to visually observe individual 

occurrences of packets rather than packet counts summed over time.  Hence, 

the plotted points represent discrete packet occurrences rather than 

packets /sec. 

Nonetheless, in the simulation run, the profile deployed to a single client station 

was configured to use a constant 500 byte frame, 1 fps video stream to the 

calling station.  Consequently, as detailed in Figure 93, a single SETUP 
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command was sent to the called video station (VoD server).  The VoD server 

acknowledged the SETUP with a CONNECT command response.  Upon receipt 

of the CONNECT response, the calling station proceeded to send a single 

spurious video frame.  Since the simulation was setup to only stream video 

frames from the VoD server to the client station (otherwise referred to as 

“incoming” traffic), this behaviour is incorrect and it has been formally 

acknowledged by OPNET as SPR-123593 as a result of this testing.   

 
Figure 93. RTP statistics for single video stream. 

Nonetheless, the simulation proceeded to stream video frames at 1 fps as 

reported in Figure 94.  It should be understood that the Modeler video 

conferencing statistics should not include application layer handshaking 

messages (SETUP, CONNECT, CLOSE, CLOSE-CONFIRM).  That said, the 

passive video client process model (gna_video_called_mgr) erroneously reports 

CONNECT, CLOSE and CLOSE-CONFIRM messages and OPNET has also 

acknowledged this behaviour as SPR-125357. 
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Figure 94. Video conferencing statistics for single video stream. 

Thus, Figure 94 confirms the simulation (with the exception of the spurious video 

frame also evident in the sent packet / sec plot at 60.0s) properly streaming video 

frames at a rate of 1 fps to the calling station using the underlying RTP layer.  

Moreover, the ODB trace entries from the simulation further confirm proper 

handshaking and commencement of the first 9 seconds of streaming. 

sim time (60.000000): video calling station - 5 - (open.exit): SETUP command sent  

sim time (60.029246): video calling station - 5 - (connect.exit): recv 64 byte CONNECT  

sim time (60.029246): video calling station - 0 - (send.enter): 0 byte video frame (# 1) sent  

sim time (60.033367): video calling station - 5- (receive.enter): 500 byte video frame (# 1)  

sim time (61.033003): video calling station - 5- (receive.enter): 500 byte video frame (# 2)  

sim time (62.033003): video calling station - 5- (receive.enter): 500 byte video frame (# 3)  

sim time (63.033003): video calling station - 5- (receive.enter): 500 byte video frame (# 4)  

sim time (64.033003): video calling station - 5- (receive.enter): 500 byte video frame (# 5)  

sim time (65.033003): video calling station - 5- (receive.enter): 500 byte video frame (# 6)  

sim time (66.033003): video calling station - 5- (receive.enter): 500 byte video frame (# 7)  
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sim time (67.033003): video calling station - 5- (receive.enter): 500 byte video frame (# 8)  

sim time (68.033003): video calling station - 5- (receive.enter): 500 byte video frame (# 9)  

However, when a second simultaneous stream is added to the profile to reflect 

the audio portion of the video content and same simulation is rerun using the 

single client station, the RTP implementation fails.  In Figure 95, we would expect 

to see a second spurious packet on the sent packets /sec plot.  While we 

acknowledge the spurious packet is erroneously sent by the Modeler, we would 

expected the second stream to exhibit consistent erroneous behaviour.  

 
Figure 95. Video conferencing statistics for dual stream. 

The absent second spurious packet can be further explained by Figure 96 below 

as well as the corresponding ODB trace entries.  While the 2nd SETUP 

command is not observable in the plot because both SETUP commands occur at 

60.000s, we can see the occurrence in the ODB log entries below. 
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Figure 96. RTP statistics for dual stream. 

Thus, two SETUP commands are reported, one from each client station, 

however, only one SETUP command is acknowledged the VoD server with a 

CONNECT response. 

sim time (60.000000): video calling station - 5 - (open.exit): SETUP command sent  

sim time (60.000000): video calling station - 5 - (open.exit): SETUP command sent  

sim time (60.049246): video calling station - 5 - (connect.exit): recv 64 byte CONNECT  

sim time (60.049246): video calling station - 0 - (send.enter): 0 byte video frame (# 1) sent  

sim time (60.053367): video calling station - 5- (receive.enter): 500 byte video frame (# 1)  

sim time (61.053003): video calling station - 5- (receive.enter): 500 byte video frame (# 2)  

sim time (62.053003): video calling station - 5- (receive.enter): 500 byte video frame (# 3)  

sim time (63.053003): video calling station - 5- (receive.enter): 500 byte video frame (# 4)  

sim time (64.053003): video calling station - 5- (receive.enter): 500 byte video frame (# 5)  

sim time (65.053003): video calling station - 5- (receive.enter): 500 byte video frame (# 6)  

sim time (66.053003): video calling station - 5- (receive.enter): 500 byte video frame (# 7)  
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sim time (67.053003): video calling station - 5- (receive.enter): 500 byte video frame (# 8)  

sim time (68.053003): video calling station - 5- (receive.enter): 500 byte video frame (# 9)  

The simulation proceeds to stream video frames at a rate of 1 packet / sec as 

observed by the timestamps in the ODB trace entries above yet we would expect 

2 packets /sec since we have two simultaneous streams, each configured to 1 

packet / sec. 

3.1.5 Revised Design 

After the initial tests were conducted in section 3.1.4.3, the results indicated that 

while a single video streaming configuration worked with RTP modifications to 

the video conferencing application, multiple streams failed.  Initially, it was not 

obvious how the Modeler managed concurrent invocations of a given application 

in a profile, especially as it relates to the voice and video applications because 

they were designed by OPNET as a client-client architecture rather than 

traditional client / server architecture. 

Consequently, very significant effort was invested into analyzing the Modeler 

video and voice applications to understand how and when they are launched and 

by what subsystem.  Additionally and equally as important, a solid understanding 

of how the active and passive clients communicate with one another on different 

nodes (i.e. VoD server and WiMAX client node) was required. 

In Figure 97, the node models for a WiMAX client station and the VoD server is 

presented.  Briefly, the Modeler node models contain a combination of 

processors, queues, transmitters and receivers to model the behaviour of a given 

network object.  Each solid gray rounded corner box represents a processor 

which in turn is associated with a process model.  These processors are 

connected to each other using packet streams (blue arrows) and as statistical 

wires (red arrows). 
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Figure 97. Video station node models. 

The dashed blue lines are used strictly for visualization purposes to delineate the 

layered stack architecture with some similarities to the ISO OSI networking 

model.  The adaptation layer is the OPNET Modeler specific solution to providing 

generic transport services to the upper layers.  For video streaming systems, the 

transport layer would utilize UDP accordingly.  While not visually apparent, the 

RTP protocol layer resides between the transport and application layers as 

described in section 2.1.  One of the key processors in these node models is the 

application node which is implemented by the following OPNET process model 

pictured in Figure 98. 
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Figure 98. Network application manager. 

Essentially, the gna_clsvr_mgr process model is known as the Network 

Application Manager (NAM).  It plays a key role in the WiMAX and VoD network 

objects.  It parses attributes, manages profile managers, initializes lower level 

nodes and waits for interrupts to arrive (stream, remote, process and self) and 

invokes the corresponding child process(es) based on the application and 

interrupt type including “remote” video and audio frames.  It also launches the 

profile manager (gna_profile_mgr) which in turn launches the active video client 

process models (gna_video_calling_mgr) based on the simulation model profile 

configuration.  Additionally, it spawns passive video client process models 

(gna_video_called_mgr) as needed to meet the client requests launched by the 

profile manager.   

Consequently, this Modeler video client architecture can be pictured in Figure 99 

which details how the video clients (active and passive) are launched in the 

simulation run.   
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Figure 99. Modeler video client architecture. 

The client-client logical pairing is also evident in Figure 100 with the blue dashed 

lines logically connecting the application managers (video client process models).  

Now, this scheme is contrasted with the voice architecture whereby the existing 

passive voice process (gna_voice_called_mgr) spawns a new instance of the 

passive voice process for each caller (gna_voice_calling_mgr). 

 
Figure 100. Modeler voice client architecture. 
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As a result, a more deepened understanding was required on specifically what 

conditions or parameters directly controlled how these video clients became 

logically associated with their respective counterparts on the remote end.  

Various simulations were run using the generic (unmodified) video process 

models, the voice process models, as well as the RTP-modified video model to 

compare and contrast their behaviour.  However, much more detailed, low-level 

information was needed.  This prompted further research into the Modeler’s 

debugging facility “ODB”.  The ODB provides a convenient way to step through 

the simulation, event by event along with very flexible levels of debugging using 

label tracing, process tracing, among many other methods.  ODB coupled with 

the Windows debugger “windbg” allowed line-by-line source debugging of many 

(but not all) Modeler modules.  By enabling ODB tracing at the application 

processor node on both client end points, a very detailed trace outlining the 

various function calls and arguments made during each event in the simulation 

was obtained.  This comprehensive trace was individually generated for the 

generic video application, the voice application and the RTP-modified video 

application.  Consequently, very detailed event “timing” diagrams were generated 

for each trace file and detailed in Appendix C.   

Over time and continued comparisons between the timing diagrams, it became 

apparent that while the generic video conferencing application (active and 

passive clients) could correctly simulate multiple, simultaneous video streams 

without having to include logic to spawn an additional passive video client directly 

from the passive video client in the simulation, the integration of the RTP layer 

changed the underlying mechanics.  This necessitated the implementation of a 

similar function to the voice spawning function in the gna_voice_called_mgr 

process model.  The resulting function, detailed in Figure 101, creates a new 

instance of the passive client and invokes it accordingly using OPNET process 

specific API calls. 
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Figure 101. Function block: video_called_mgr_new_client_spawn. 

Simulations were rerun using this new spawning function and ODB traces were 

collected to confirm the new process was created.  However, the characteristic 

behaviour and simulation results did not change.  Additional time was spent 

analyzing and updating the timing diagrams to further uncover the operational 

behaviour as the simulation proceeded.  It became apparent that the packet 

traffic, specifically the SETUP command from the 2nd active video client was 

being processed by the first passive client.  Interestingly, since the first set of 

video clients transitioned to streaming mode (start_data_transfer = TRUE) first, 

the SETUP application layer handshaking command is processed by the 1st 

passive video client as a data frame instead.  Consequently, the 2nd pairing of 

video clients never transitioned in their FSM’s to a point where they could stream 

media content.  This very significant observation lead to simulation reruns with 

the voice application.  It was observed in multiple runs using the example voice 

simulation model and the generic voice process models that under configurations 

that used no signalling schemes (versus H.323), similar behaviour occurred.  

When the signalling scheme was changed to H.323, it worked as expected.  This 

behaviour was cited to OPNET in detail however they indicated they could not 

reproduce it in their environments.   
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Additional unsuccessful efforts continued to explore why the 2nd passive video 

client never received the SETUP command.  Consequently, the overall 

architecture was revisited and lead to the inclusion of H.323 signalling as detailed 

in Figure 102.  Additional states (init, setup, release and end) and executive logic 

were added to handle H.323 call setup, maintenance and teardown logic. 

 
Figure 102. Modified video calling manager process model. 

The new init state enter executive is detailed in Figure 103 and Figure 104.  A 

significant part of the resource allocations and initializations that were originally 

performed in the open state (enter executive) were migrated to this code block 

since this state was executed first and those resources needed to be in place 

accordingly. 
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Figure 103. Init state (enter executive): top section of code listing. 
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Figure 104. Init state (enter executive): bottom section of code listing. 

Once the basic simulation resources were setup and initialized in the init state 

(above), the setup state (Figure 105) initiated the H.323 call using a wrapper 

function.  The core function is detailed further down in the function code block.   

 
Figure 105. Setup state (enter executive): code listing. 

The setup state’s exit executive (Figure 106) retrieved the interrupt code and 

computed the application end time in addition to setting up an H.323 trace flag for 

logging purposes.    
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Figure 106. Setup state (exit executive): code listing. 

The end state (Figure 107) was logically relocated within the FSM to be executed 

after the streaming session had completed and the call had been terminated.  

Therefore, its executive focused on similar resource clean up to the original end 

state before the H.323 inclusion. 

 
Figure 107. End state (enter executive): code listing. 
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The release state enter executive (Figure 108) logically replaced the end state in 

the pre-H.323 architecture of this process model.  With the adoption of H.323 

signalling, this code block was required to release the call using OPNET H.323 

API calls after the streaming session had closed.     

 
Figure 108. Release state (enter executive): code listing. 

The release state exit executive (Figure 109) merely retrieved the H.323 

signalling trace label and logged the call termination accordingly. 

 
Figure 109. Release state (exit executive): code listing. 
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The open state in the pre-H.323 architecture of this process model handled the 

initial resource allocations and initialization in addition to setting up an RTP 

session and statistics.  With the architecture change, a lot of the initialization 

logic had to be migrated to the init state since the resources needed to be in 

place before subsequent states referenced these resources.  Consequently, 

Figure 110, Figure 111 and Figure 112 detail the updated enter executive logic. 

 
Figure 110. Open state (enter executive): top section of partial code listing. 
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Figure 111. Open state (enter executive): middle section of partial code listing. 
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Figure 112. Open state (enter executive): bottom section partial code listing. 

Over the course of the RTP modifications phase of this project, the following files 

in Table 8 were modified.  The key files are the two video client process models 

(pr.m extension).  As briefly indicated earlier, there were a number of structures 

and functions that required modification outside these process models.  A design 

decision was made to localize the changes to the process models to keep the 

overall enhancement and dependencies localized to just the video application.  

When the video process models are compiled successfully, OPNET generates 

the equivalently named source code files (.c extension) and compiles them into 

object code files (.obj extension).   
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Table 8. Modified files. 

Files Location Purpose 
gna_video_calling_mgr.pr.m <opnet_dir>\models\std\applications modifications

gna_video_called_mgr.pr.m <opnet_dir>\models\std\applications modifications

gna_voice_calling_mgr.pr.m <opnet_dir>\models\std\applications test / debug

gna_voice_calling_mgr.pr.m <opnet_dir>\models\std\applications test / debug

gna_clsvr_mgr.pr.m <opnet_dir>\models\std\applications debug / t race

gna_profile_mgr.pr.m <opnet_dir>\models\std\applications debug / t race

rtp_session_mgr.pr.m <opnet_dir>\models\std\rtp debug / trace

rtp_session_cli.pr.m <opnet_dir>\models\std\rtp debug / trace

gna_conn_cli.pr.m <opnet_dir>\models\std\applications debug / trace

gna_phase_mgr.pr.m <opnet_dir>\models\std\applications debug / trace

application_config.pr.m <opnet_dir>\models\std\applications debug / trace

h323_mgr.pr.m <opnet_dir>\models\std\h323 debug / trace
 

Additionally, various process models were temporarily modified with increased 

debug logging to help characterize the process behaviour.  While stepping 

through source code and inspecting instantaneous values of specific data 

structures was also used throughout this stage, it was quite time consuming 

when running through multiple simulation runs. 

Nonetheless, in order to utilize the RTP-aware video process models, the related 

files (.pr.m, .c, .obj) had to be resident in a directory that occurs before the 

<opnet_dir>\models\std\applications directory path in the OPNET mod_dir 

system variable.   

3.2 Audio Simulation Component 

In order for the collective efforts of this project to simulate configurations more 

indicative of practical IP video streaming systems, the multi-channel audio 

component of the video streaming content must be modelled accordingly.  This 

point is especially true with variable bit rate (VBR) encoding schemes which 
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impress instantaneous dynamic bandwidth requirements on the network.  While 

previous work [12] incorporated video trace data [14] [15] into an OPNET model, 

the trace data only modelled the video component of the Matrix III movie.  

Consequently, further research effort was invested in how to obtain this audio 

component. 

After exhausting the possibility of locating an existing Matrix III audio trace file 

from the research community, it became apparent that this component would 

have to be derived or modelled using some other means.  Since this project was 

founded on a trace driven architecture, the project focus shifted to the research, 

design and implementation of a test bed environment to generate the audio trace 

data natively.  Therefore, the following stages were identified: 

 audio extraction and encoding 

 audio testbed 

 audio trace processing 

3.2.1 Audio Extraction and Encoding 

The first step in this process was to extract the soundtrack from the Matrix III 

DVD movie itself.  Audio soundtrack extraction software [50] was used to extract 

the Dolby AC3 48 kHz 6-channel soundtrack to a compressed audio file.  The 

software provides the selection of one of three encoders – WAV, OGG, or MP3 

to be used in the combined extraction and encoding process.  While the WAV 

encoder allows all 6 channels to be extracted into uncompressed single or 

separate WAV files, the resulting audio content size was more than 4.2 GB 

thereby requiring throughput rates of approximately 4.3 Mbps on average for the 

audio component alone.  Consequently, a compromise between complete 

discrete channel reproduction and network bandwidth resources lead to the 

selection of 2-channel variable bit rate (VBR) MP3 encoding scheme using the 

native source sampling rate of 48 kHz.  The resulting encoded audio soundtrack 

file was approximately 164 MB. 
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While the resulting MP3 encoded soundtrack was a functional representation of 

the movie stereo soundtrack, after constructing the audio testbed in section 

3.2.2, it was found that the selected media server did not support MP3 encoded 

formats for RTP/UDP/ IP streaming configurations.  Consequently, an audio 

format conversion tool [51] was employed to convert the MP3 encoded 

soundtrack to a supported RealAudio format. 

3.2.2 Audio Testbed 

The next step was to research a suitable testbed environment that could stream 

the resulting audio soundtrack from 3.2.1.  Idealistically, the environment would 

provide control over the streaming configuration including transport protocol 

(TCP or UDP), media presentation layer (none, RTP, proprietary, etc) and client 

buffering time intervals.  After continued research, trial and error with various 

audio streaming applications that restricted the transport protocol to TCP, the 

Helix Server [52] and Realplayer [53] software components were setup and 

configured as the media streaming server and audio streaming client 

respectively.  Figure 113 illustrates the testbed environment. 

 
Figure 113. Streaming audio testbed. 
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The media server was configured to support UDP as the transport layer protocol 

and both RealNetworks data transport (RDT) and RTP as the session layer 

protocol.  RTSP is configured to listen on the default UDP port of 554.   

The Realplayer application was configured to use UDP for all media content.  

Additionally and critical to the generation of a usable audio trace, the client side 

buffering facility was disabled.  This key parameter ensured that client instructed 

the media server to stream the audio content in real time over the full duration of 

the movie rather than accelerating the content transmissions at startup to 

compensate for network jitter (default behaviour).  By having the media server 

stream the audio content at constant rate throughout the entire movie, the 

resulting network packet trace reflected the native inter frame transmission 

interval without the influence of network delays and jitter which would actually be 

imposed by the simulation model later on. 

Additionally, a packet sniffer [54] was installed on the media server to capture the 

streaming audio content to a text file which would later, after further processing, 

serve as the audio content trace.   

Once the testbed was setup and configured, RealPlayer launched the audio 

session using:  rtsp://<hostname>/matrix.ra.  This command syntax ensured that 

media server delivered the audio content using RTSP and RDT.  While both the 

media server and client supported RTSP and RTP, numerous unsuccessful 

attempts were made to invoke RTP as the session protocol using RTSP which 

may be merely a server misconfiguration issue.  Overall, the inability to configure 

MP3 streaming using RTP/UDP / IP may have been resolved by exploring the 

elaborate server configuration in greater detail; however a reasonable design 

decision to stream the audio content using RealNetwork’s encoding scheme 

using the native session layer RDT protocol was adopted for the primary purpose 

of trace generation.    
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In Figure 114, RTSP is used to setup and initiate the streaming session over a 

TCP socket on port 554.  Media content is then streamed using RDT/UDP/ IP to 

the audio client station.  It should also be noted that unlike RTP, RDT setups up 

a return channel (UDP socket) back to the media server for resend requests 

which indicates that the somewhat proprietary RDT protocol has some provisions 

for retransmissions unlike the open standards based session protocols. 

 
Figure 114. RTSP / RDT connection. 

Another key point to note here is that the resulting packet trace will need to have 

the RDT header size removed from the individual frame sizes to avoid 

overstating the audio content bandwidth requirements.  Additionally, the resend 

channel traffic should be reviewed in the trace to get a feel for the volume of 

retransmissions as each retransmission on the streaming channel would 

arbitrarily inflate the overall transmitted frame count. 

3.2.3 Audio Trace Processing 

The resulting network capture trace yielded the following text-based format 

(partial listing): 

09:22:24.127095 IP 192.168.0.2.13838 > 192.168.0.1.6970: UDP, length 1092 

09:22:24.156801 IP 192.168.0.2.13838 > 192.168.0.1.6970: UDP, length 1056 

09:22:24.157099 IP 192.168.0.2.13838 > 192.168.0.1.6970: UDP, length 1026 
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09:22:24.176769 IP 192.168.0.2.13838 > 192.168.0.1.6970: UDP, length 1078 

09:22:24.177019 IP 192.168.0.2.13838 > 192.168.0.1.6970: UDP, length 1190 

09:22:24.196928 IP 192.168.0.2.13838 > 192.168.0.1.6970: UDP, length 1155 

09:22:24.197362 IP 192.168.0.2.13838 > 192.168.0.1.6970: UDP, length 1120 

09:22:24.226900 IP 192.168.0.2.13838 > 192.168.0.1.6970: UDP, length 1048 

09:22:24.227134 IP 192.168.0.2.13838 > 192.168.0.1.6970: UDP, length 1075 

09:22:24.246887 IP 192.168.0.2.13838 > 192.168.0.1.6970: UDP, length 1119 

The key field of interest is the last column which in fact reflects the size of the 

UDP datagram payload.  This size in turn reflects the RDT header along with the 

compressed audio data.  Further investigation revealed the RDT header 

specification [55] detailed the header size as 10 bytes in length.  Therefore, using 

various UNIX based string parsing tools including awk and Perl, the UDP payload 

size column was extracted and adjusted to factor out the unwanted RDT protocol 

overhead.  The resulting trace file was a single column text file where each line 

strictly reflects the compressed audio content frame size without any additional 

communications headers.   The Perl scripts are included in Appendix G 

accordingly. 

It should also be noted that since the audio configuration was setup to stream 

content to the client without accelerating the transfer to facilitate a client side 

playback buffer, the audio frames should be transmitted at a constant rate and 

evident in the time stamped entries in the network trace file.  Consequently, the 

fps was derived by dividing the total streaming duration into the total frame count 

which yielded a rate of approximately 21.6 fps.  Additionally, there was no return 

channel “resend” traffic observed in the trace thereby indicating the two-node 100 

Mbit LAN successfully passed the audio frames without incident.  (During the 

streaming session, all other network activity was minimized accordingly.) The 

resulting Matrix III audio trace data exhibited following characteristics in Figure 

115. 
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Figure 115. Partial audio traffic trace. 

3.3 Performance Metrics 

In order to assess the performance of video transmission systems, a suite of 

relevant performance metrics were identified to appropriately benchmark the 

system.  Unmanaged video on demand deployments over best-effort, hybrid 

wireless-wired networks are continually subjected to time varying bandwidth, 

packet delay and losses.  Since users expect high service quality regardless of 

the underlying network, a number of metrics were collectively used to assess the 

video content streaming performance to ensure compliance and user quality of 

experience. 

Performance metrics can be classified as objective and subjective quality 

measures.  Objective measures, which observe packet transmissions, include 

packet loss, packet delay, packet jitter and traffic load throughput rates.  Other 

objective metrics that attempt to quantify video quality perception include the ITU 

Video Quality Metric (VQM) as well as Peak Signal-to-Noise Ratio (PSNR) which 

measure codec’s quality of reconstruction.  Research efforts [56] have also 

correlated the impact of loss, delay and jitter on VQM and PSNR metrics.  

Subjective metrics, on the other hand, attempt to measure the video subscriber’s 

viewing satisfaction by grading the perceived video quality.  These measures 
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include double stimulus impairment scale (DSIS), double stimulus continuous 

quality scale (DSCQS), stimulus comparison adjectival categorical judgment 

(SCAJ) and subjective assessment method for video quality evaluation 

(SAMVIQ) [57].   

While real-time media streaming and VoD media (stored media) systems have 

different transmission and buffering requirements, they are both marginally loss-

tolerant and increased packet loss erodes the user quality of experience and 

increases the VQM undesirably [56]. Although packet corruption in wired 

networks is rare, it remains a reality in wireless systems due to the volatile nature 

of the radio medium, which is subject to various physical effects including 

interference and signal fading phenomena.  Additionally, packet loss not only 

results from packet corruption, but also from network element buffer overflows 

and equipment failures.  Moreover, inordinately delayed packets are also treated 

as lost packets because out-of-sequence frames that arrive after their designated 

play out time would further degrade the playback quality.  The collective impact 

of this packet loss varies depending on the type of MPEG frame it affects:  a 

packet loss that affects an I frame can propagate through other frames in the 

MPEG GoP potentially degrading up to several seconds of the image, while a 

lost packet in a B frame may go unnoticed.    

Video transmission systems are also impacted by the inherent and variable 

delays imposed upon media frame packets as they propagate through the 

network.  This delay encompasses the link transmission time, propagation delay, 

as well as processing and queuing delays on the intervening network elements.  

Since queuing delays can be dynamic in nature and media packets may not 

necessarily traverse the same path between the VoD server and the video client 

station, the end-to-end delay will vary.  This packet delay variation (PDV) is 

commonly referred to as packet jitter.  Jitter, if left uncompensated, rapidly leads 

to unintelligible video and audio content.  Consequently, practical VoD systems 
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employ de-jitter buffers to minimize the jitter impact, at the expense of increased 

playback delays [58]. 

The movie content itself impresses dynamic demands on the network as well, 

thereby necessitating sufficient network throughput capacity to accommodate the 

load.  The offered load (or rather media) throughput in a VoD transmission 

system, is the encoder’s output rate of the uncompressed movie content itself.  

Depending on the codec and its configuration, the output rate can be constant or 

variable.  As a result, the traffic throughput represents the minimum available 

network bandwidth between the VoD server and the client station required to 

sustain the media content.  While VBR content like the Matrix III movie video 

trace utilized in this model can be desirable in that it doesn’t continuously 

demand significant network bandwidth, its variable bit rate amplifies the impact of 

packet delay and jitter under adverse network conditions. 

While this simulation model is trace driven using actual video and audio traces 

from the Matrix III movie, these traces reflect the individual frame sizes not the 

actual frame data, thereby excluding metrics that relied on actual frame data and 

playback.  As a result, since video playback quality is a strongly related to packet 

loss and end-to-end packet delays [57], the following objective measures, which 

are widely used in video content performance analysis [29] [59] [60] [61] [62] [63],  

were employed in this project: 

PACKET LOSS RATIO 

PLR is the number of corrupted, dropped, or excessively delayed packets in 

relation to the total number of packets expected at the video client station.  PLR 

can be calculated as follows [64] : 
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     (1)

Another variation of this metric is the media loss rate (MLR) [58] [65] which tracks 

packet loss over time: 

     (2)

PACKET DELAY  

Packet delay is the average packet transit time between the VoD server and the 

video client station.  This metric can be calculated as follows [21]: 

     (3)

where: 

 is the number of network elements (routers, switches and firewalls) 

between the sender and receiver 

  is the processing delay at a given network element 

  is the queuing delay at given network element 

  is the transmission time of a packet on a given link 

  is the propagation delay across a given network link 
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PACKET JITTER 

Packet jitter is defined as the variability in packet delay within a given media 

stream at the video client station.  This metric can be calculated as: 

     (4)

where: 

  is the actual packet reception time 

 is the expected packet reception time 

THROUGHPUT 

Throughput is defined as the traffic load that the media stream will impress upon 

the network.  It can be measured in bytes /sec (Bps) or bits / sec (bps).  For CBR 

content, the throughput is constant and it can be calculated as: 

  (5)

However, with variable bit rate encoders, the traffic loading is dynamic in nature 

and a function of the scene complexity and associated audio content.  

Consequently, VBR traffic loads are typically quoted in throughput ranges. 

The Matrix media streams incorporated into this simulation model exhibited the 

following video and audio throughput requirements in Figure 116 and Figure 117 

respectively.  For the video stream, the video trace was processed and 

cumulative frame size totals were calculated per one second intervals and 

converted to bits.  The script source is included in Appendix G. 
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Figure 116. Video stream throughput requirements. 

It can be observed that the video stream is very bursty in nature, which ultimately 

impresses variable throughput demands on the network that are directly 

dependant on the uncompressed movie scene activity and complexity.   

 
Figure 117. Audio stream throughput requirements. 

The audio stream traffic, while exhibiting variable throughput requirements as 

well, is much less bursty than its video counterpart, noting the difference in 

vertical scales between the two streams.  Unlike the audio traffic load, the video 

traffic load exhibits long range dependence thereby describing a stronger 

coupling between individual frames at different points in time.  Additionally, since 

the audio trace reflects a 2-channel stereo soundtrack, its throughput 

requirements are significantly less than the video stream.  In contrast, if the audio 
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soundtrack had retained all 6 (Dolby 5.1) or 8 (Dolby 7.1) discrete channels, the 

throughput requirements could potentially have rivalled or even exceeded the 

video stream.  Similar to the video trace, the audio trace was processed to sum 

audio frames in one second intervals to derive the audio traffic loading 

requirements.  This processing was more complicated because the empirically 

derived audio soundtrack trace yielded a frame rate of approximately 21.6 frames 

per second.  The resulting script logic approximated this rate by taking the 22nd 

frame of every other per-second interval and splitting it in half.  Consequently, 

half the 22nd frame was used in the current per-second interval and the other 

half of the frame was carried over into the next per-second interval. This scheme 

produced an effective audio frame rate of 21.5 fps.  The script source is also 

included in Appendix G. 

Various research efforts have published thresholds for one or more of these four 

metrics, which have been compiled into Table 9 below.  The target PLR, delay 

and jitter thresholds for this project are reported in the final column and reflect the 

Y.1541 QoS recommendations adopted by IPTV service providers. 
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Table 9. Performance metrics. 

Metric Video Audio Video & Audio Target 
 

PLR 
Average < 10-3 

Ideal < 10-5

 

4.9 · 10-4  [66]

< 10-3 [68]

3.5·10-3  [60]

4.0·10-3 [30]

<  5.0·10-2  [69]

3.3·10-2 (MS) [30]

< 10-2  [75]

10-2  (fixed) [30]

2.5·10-2  [69]

5.5·10-2 (mobile) [30]

 

< 10-6 [67]

< 7.3·10-6  [70]

< 10-5 [56]

<  5.0·10-3 [61]

< 5.4·10-3  [71]

< 10-3 [72][73] [74]

< 10-2  [31]

10-3

 

Delay (ms) 
Average < 400 
Ideal < 150 
 

5 - 300 [66] < 125  [69]

< 150  [21]

< 250  [78]

< 400  [21]

< 100  [62][72]

< 150  [76][77]

< 200 [70]

< 400 [77][56]

< 400 

 

Jitter (ms) 
Average < 60 
Ideal < 20 
 

< 40 [30] < 0.4 [78]

< 31 [30]

 

< 10 [62][71][79]

< 20  [61][80]

< 35 [63][77]

< 50 [56][72][70]

< 50 

 

Throughput 

(kbps) 

 

16 – 4096 [33]

707 – 1264 [33]

34 - 5100 [14][15] 

(Matrix) 

384 (Dolby 5.1) [70]

16-256 [75]

125 (stereo) [70]

80 – 128 [33]

187 – 211 (Matrix) 

    64 – 10,000 [31]

3,000 –  6,000 [81]

2,000 –  6,000 [76]

1,800 –  3,000 [70]

 

221- 5311 

 

It should be noted that these metrics thresholds, whether analytically or 

empirically derived, are dependant on the video content scene complexity and 

specific encoder properties.  Consequently, the target thresholds should not be 

interpreted as exacting measures but rather strong technical guidelines to which 

the simulated performance in this project may be compared against for 

acceptable video playback experience. 
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3.4 WiMAX Mobility 

With the IEEE 802.16e-2005 amendment to the IEEE 802.16d-2004 fixed air 

interface, mobility now enables subscriber stations to enjoy high speed wireless 

data at vehicular speeds up to 120 km/h.  Unlike the previous fixed air interface 

which facilitated fixed and nomadic applications that limited the subscriber station 

to a single WiMAX cell, mobility accounts for proper handover between RF cells.  

While 802.16e-2005 supports three separate handover schemes (HHO, FBSS 

and MDHO), the OPNET Modeler only supports HHO in the current version.  As 

mentioned previously, the HHO is a mandatory scheme in the IEEE 802.16e-

2005 specification.  The handovers are optimized to keep the delays below 50 

ms.   

For this project, a mobile subscriber station (MS) embarks on a journey across 

the Vancouver lower mainland from West Vancouver to Abbotsford as depicted 

in Figure 118.  Using a 3rd party GPS mapping tool, a map of the lower mainland 

was rendered with the target path and imported into the Modeler.  The mapping 

tool also allowed the calculation of the path distance.  The MS commences travel 

across the city at 50 km/h along the trajectory highlight in Figure 118.  At 60 

seconds into the drive, the MS initiates the video and audio streaming session 

and continues to travel for approximately 74 km until it reaches its destination 

near the city of Abbotsford.  The MS remains parked for the remaining 30 

minutes of the simulation to provide a further indication of performance without 

vehicular motion and site handovers.   
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Figure 118. Mobile station trajectory. 

The OPNET Modeler enables the path specification for a MS using trajectories.  

There are two types of trajectories available: vector-based and segment-based 

trajectories.  In vector-based segment trajectories, a direction and a velocity 

along with a great circle around the earth specified by a bearing, ground speed 

and ascent rate define the trajectory.  In segment-based trajectories, a series of 

predefined points define the path specification of a given MS.  Additionally, 

segment-based trajectories can be fixed or variable interval trajectories.  Fixed 

interval trajectories enforce the same time interval across all segments.  With 

variable interval trajectories, each position is described by its own altitude, wait 

time, traversal time and orientation.  OPNET stores this segment-based 

trajectory data set in .trj files which can then be associated with one or more 

mobile stations.  Table 10 details the first half of the variable interval, segment-

based trajectory derived for this project.  Positions are reported in latitude and 

longitude and distances and vehicular speeds are reported in km and km/h 

respectively.  The MS is then assigned this trajectory in the model. 
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Table 10. Trajectory details. 

 

The resulting subnet topology for this project is presented below in Figure 119.  A 

map of the Vancouver lower mainland area was rendered with a mapping tool 

[82] to facilitate the strategic design of the WiMAX radio system.  Four WiMAX 

base stations were located at various points and elevations across the lower 

mainland.  Additionally, for visual reference, the concentric orange, yellow and 

green circles represent radii of 5, 7.5 and 10 km from each base station.  The 

model was initially configured to use free space path propagation without 

multipath channel fading in order to focus on the mobility specific configuration.   
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Figure 119. Initial WiMAX topology. 

To achieve seamless mobility across the multi-site topology, MobileIPv4 had to 

be configured to achieve layer 3 transparency to the video streaming application 

system.  This is a critical detail in mobile communications systems since the 

mobile subscriber needs to retain the same virtual address across different 

subnets.  Consequently, each base station had to be configured with a specific 

unique IP subnet on the WiMAX interface.  Additionally, the MobileIPv4 specific 

configuration on each base station was configured to use this interface along with 

the specification of whether the site was the home or foreign agent.  Only one 

site will act as the home agent and all other sites will act as a foreign agent.  

Mobility specific parameters including scanning intervals and thresholds were left 

at their default values in order to get a working configuration first and then revisit 

specific parameter sets based on initial performance results. 

After the initial mobility configuration was complete and working, vehicular 

pathloss and multichannel fading modeling was incorporated into the model.  The 

resulting simulation results, as expected, exhibited a drastic reduction in video 

streaming performance as indicated by the significant packet loss.  After 

continued research and experimentation with various WiMAX topologies, transmit 

power and antenna gain, a BS to BS spacing scheme of 3 km was adopted 
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based on current literature [35] [49].  The revised topology is pictured in Figure 

120. 

 
Figure 120. Revised WiMAX topology. 

While fixed WIMAX deployments can theoretically achieve cell sizes of 30 – 50 

km, with more practical fixed NLOS deployments in the range of 7 – 10 km [83], 

these systems are optimized and aligned for maximum efficiency.  Mobile 

systems are continually subjected to pathloss and multipath effects at vehicular 

speeds without enjoying the benefit of a fixed antenna system aligned and 

oriented in the most efficient manner with the single serving BS to maximize link 

performance.  To provide additional visual perspective on inter BS spacing and 

MS trajectory proximity to sites, concentric background circles are superimposed 

on the map to provide 1, 2 and 3 km radii indications outlined in Figure 121.  It 

can be visually observed that the MS will continually travel through regions 

between sites outside of the 1 km cell radius of both the serving site and 

neighbouring site thereby forcing the MS to adapt to degrading signal conditions 

before roaming onto the neighbouring site. 
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Figure 121. BS to BS spacing. 

After observing the resulting performance, further improvement was still 

necessary as the system was exhibiting significant packet loss during handoffs 

between sites.  This was likely attributed to the MobileIPv4.  Further investigation 

found that Access Service Network (ASN) configuration using generic routing 

encapsulation (GRE) tunnels are more effective in WiMAX site handovers 

because it operates at both layer 2 (WiMAX MAC layer ) and layer 3 (network 

layer).  Since ASN can tap into layer 2 mobility control information, it can more 

efficiently achieve layer 3 transparency.  Consequently, the model was 

reconfigured to use ASN instead of MobileIPv4. 

The ASN configuration is significantly more onerous to implement in larger 

topologies given the manual configuration of multiple interfaces on each site 

along with the IP tunnels between the sites and the ASN gateway.  To help 

simplify the ASN configuration, Figure 122, illustrates the high level addressing 

scheme.  Additionally, a routing policy is required on each BS to route all WiMAX 

interface traffic over the PPP link to the WiMAX IP backbone. 
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Figure 122. ASN configuration. 

Next, the mobility scanning configuration enables the specification of various 

parameters (Table 11) including the scanning threshold which determines the 

SNR threshold at which point the mobile will beginning scanning other sites.  The 

scan duration and interleaving intervals denote the time, in frames, that MS will 

spend scanning and measuring neighbouring sites when the SNR falls below the 

scanning threshold.  The T44 timer represents the time allowed to transpire while 

waiting for a response to a mobile scanning request message.  The handover 

and multi-target hysteresis values (Table 12) represent the minimum difference in 

the carrier to noise and interference ratio (CINR) between the serving site and 

the neighbouring site.  CINR is a measure of signal effectiveness which is the 

ratio of the desired signal to both noise and /or co-channel interference.  
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Table 11. Scanning profiles. 

 

Table 12. Handover system parameters. 

 

It should be noted that in Table 11, the design incorporated multiple scanning 

definitions that progressively increase the scanning iterations and durations as 

signal conditions degrade.  The first scanning definition has the threshold set to 

approximately 1.5 dB greater than lowest order modulation curve (QPSK) 

operating with a BLER that approaches zero (see section 3.5).  Moreover, since 

the MS or the BS can initiate the scanning process, these scanning definitions 

are deployed to the MS and all 25 base sites.  Importantly, while the MS is 

scanning other target BS’s, the serving BS inhibits all traffic to that MS.  

Depending on signal conditions, station transmit power, AMC and scanning 

definitions, this inhibition of traffic during scanning may unnecessarily degrade 

performance if the system parameters are not optimized for the resulting WiMAX 

topology and the MS spends more time scanning than required.  The key here is 

that if the scanning threshold is set too high, the MS will start scanning too soon 

looking for another BS which disrupts the streaming content performance.  

However, on the other hand, scanning sooner may allow the MS to identify a 

better BS sooner.   

Nonetheless, the MS regularly measures the SNR from the serving BS and 

compares the measurement against the configured scanning threshold.  If the 
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measurement drops below the threshold, the MS begins to scan neighbouring 

sites in the neighbour list, taking SNR measurements of each site.  If it finds a 

site whose current SNR is greater than the highest threshold, it initiates a 

handover accordingly.  If not, it repeats the scanning operation up to the number 

of preconfigured iterations.  If no other neighbouring site is suitable, the MS takes 

another measurement against the serving site and repeats the process as 

necessary.  However, if the MS does find a suitable neighbouring site, it sends a 

request (MOB_MSHO-REQ) to the target site and awaits a response.  The MS 

will retry the request up to a preconfigured maximum value and then return back 

to regular mode if no response is received.  If a positive response is received, the 

MS re-evaluates the target site and if the SNR still exceeds the scanning 

threshold, it sends a handoff indication (MOB_HO-IND) to the serving site and 

commences initial ranging operations with the target BS.  If the ranging is 

successful, the MS has successful roamed to the target site otherwise it sends a 

cancellation indication back to the serving BS to retain the connection. 

It should also be qualified that while either MS or the BS can initiate the scanning 

process, the MS will only scan the different BS within its neighbour list.  Each BS 

is configured to participate in one or more neighbourhoods using neighborhood 

IDs.  By default, all base stations are set to ID 0.  Ultimately, this parameter 

determines which sites are included in the neighborhood membership list that is 

broadcasted periodically by each site.  If a site belongs to more than one 

neighborhood, it determines the union of all sites contained in all lists that it’s 

associated with.  The MS can only roam to sites contained within the advertised 

list.  For this model, with a 25 site topology, each site is configured to be in the 

same neighborhood and each advertisement will contain 10 sites in order to keep 

the neighborhood advertisement traffic under control. 
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Table 13. Neighbor advertisement system parameters. 

 

The retain timer is set to 200 ms which means the MS can return to the original 

serving BS should network entry fail with the target BS.  Additionally, it should 

also be noted that while the MS or BS can initiate the scanning process, there 

can be times where the network forces the handover due to capacity constraints 

– this is non-standard component [84] which can improve the overall throughput 

over the network. 

Lastly, to provide some perspective on vehicular pathloss, the pathloss model 

adopted by the OPNET Modeler is presented below [85]: 

     (6)

3.5 WiMAX MAC and PHY Characterization 

A key objective of this project is to obtain greater insight into the WiMAX 

technology and its ability to support bandwidth intensive, delay sensitive loads 

like video content streaming.  Section 2.4 presented an overview to the IEEE 

802.16 MAC and PHY layers describing the main system components.  In this 

section, the MAC and PHY system parameters are designed to reflect a practical 

Mobile WiMAX deployment that maximizes video and audio content streaming. 
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The node models presented Figure 123 show the WiMAX MAC and PHY 

modules and their logical connections between a mobile station and a base 

station.  Each station contains a WiMAX receiver, transmitter and corresponding 

antenna system which are used to simulate WiMAX over the air (OTA).   

Additionally, WiMAX MAC layer CS and CPS are implemented in the MAC 

module in each station. 

 
Figure 123. Mobile and base station node models. 

The WiMAX MAC process module used in both the mobile and base stations is 

further detailed in Figure 124.  This process module is comprised of 10 states 

and approximately 5200 lines of code. 
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Figure 124. WiMAX MAC module. 

Next, error ratios in communication systems report the ratio of bits, elements or 

blocks incorrectly received to the total number of bits, elements, or blocks 

transmitted during a given time interval.  Typically, bit error ratio (BER) and block 

error ratio (BLER) are used in OPNET model communications configuration and 

statistics.  For example, the transmission BER (or BLER) reports the number of 

received erroneous bits (or blocks) to the total number of transmitted bits (or 

blocks).  Whereas the information BER (or BLER) reports the number of number 

of erroneous corrected bits (or blocks) to the total number of decoded bits (or 

blocks).  Consequently, in mobile data systems, BER and BLER are typically 

plotted as a function of SNR.  When reporting BER, a normalized version of SNR 

can be used (Eb /No ), which represents SNR per bit.  The ratio simply relates the 

energy per bit (in joules) to the noise power spectral density in Watts /Hz which 

simplifies to joules as well, so it’s a non-dimensioned ratio.  Additionally, another 

variant of SNR is Es /No  which is simply the ratio of symbol energy in joules to the 

noise power spectral density.  This latter variant of SNR is ideal for describing 

BLER as a function of SNR. 

The modulation curves for QPSK and QAM are provided below in Figure 125.  

The curves provide SNR per symbol (Es /No ), which is averaged over 48 

symbols, versus BLER under AWGN without multipath fading.  For example, 
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observing the 64-QAM 5 /6 code rate curve, the BLER is approximately 0.1 when 

SNR is approximately 18 dB which indicates that 10% of the time on average, a 

block of 48 symbols will be erroneous thereby requiring a retransmission (if 

enabled) by ARQ and/or HARQ. 

 
Figure 125. Modulation curves. 

By observing these plots, the system designer can identify the minimum SNR for 

a given MCS required to operate with a BER or BLER that approaches zero.  If 

there is a need to operate with a non-zero BER (or BLER), the designer can 

factor this into the link budget accordingly since the system will attempt to 

retransmit irrecoverable frames if ARQ and /or HARQ are enabled.  Nonetheless, 

it should be noted that the minimum SNR increases for more efficient modulation 

and coding rates.  When multipath fading is incorporated into communications 

between the MS and the BS, the effective SNR is calculated by effective 

exponential SNR mapping (EESM) for both SISO and STC 2x1 MIMO 

configurations. Essentially, the EESM determines the effective SNR “equivalent” 

to the set of per-data subcarrier SNR’s.  Then the BLER is retrieved from the 

modulation curves above (AWGN based) using the effective SNR.  The resulting 

BLER then accounts for all channel impairments as well as MCS.  The Modeler 
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employs a finite state Markov chain (FSMC) based on the selected multipath 

model and AAS selection.  

Consequently, while factoring in the BLER versus SNR plots above, along with 

the minimum receiver SNR values published in the IEEE 802.16e-2005 

specification, the AMC design for uplink and downlink entry and exit thresholds 

are outlined in Table 14.  While the Modeler provides separate AMC tables for 

the UL and DL, the proposed design assumes channel conditions impact the 

uplink and downlink to the same degree and attempts to have the MS, which is 

power limited, adopt the same SNR thresholds as the downlink.  Therefore, the 

entry threshold describes the minimum SNR required for a given MCS.  The exit 

threshold describes the how much further SNR degradation, possibly operating 

with link errors, can be tolerated before forcing the system to adaptively 

downgrade to a lower order, more robust MCS.  It should also be noted there is 

about 1 - 2 dB of headroom in the entry values compared with the modulation 

curves above to account for multipath channel fading effects.   

Table 14. Entry and exit SNR thresholds for various MCS. 

 

Ultimately, MCS changes are triggered by SNR measurements on both the UL 

and DL.  Specifically, for the DL, the MS measures the SNR from the MAP. On 

the UL, the BS measures SNR from data bursts.  Ultimately, the change in MCS 

is triggered by the SNR entry and exit thresholds specified in these tables.  

These thresholds apply to all service flows in a given direction.  Thus, the MS 

measures the UL-MAP SNR and feeds the quantized channel quality indication 
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(CQI) back to the BS which then empowers the BS to trigger changes in the DL 

MCS.  Similarly, the BS measures the SNR from MS data bursts and changes 

the UL MCS accordingly. 

It should also be noted that if a MS is not moving and the multipath channel 

fading effects are disabled in the model, the variance in SNR will be interference 

related.  If that MS is moving, the mobility will impact SNR as a gradual increase 

or decrease as it moves closer or further way from the BS respectively, yet any 

instantaneous changes in SNR would be attributed to interference still.  However, 

if multipath channel modeling is enabled, it becomes more difficult to understand 

if the changes in SNR are attributed to interference or multipath effects.  As a 

result, since our model will naturally adopt multipath modeling to further 

approximate real-world mobility conditions, it becomes more difficult to interpret 

the CCI contribution to the DL and UL SNR statistics. 

Next, various WiMAX system parameters were identified and reviewed as 

candidates in WiMAX deployments that network operators could optimize for 

media streaming applications.  The parameters under review were as follows: 

 duplexing scheme (TDD versus FDD) 

 operating frequency (2.3, 2.5, 3.5 GHz) 

 channel bandwidth (5, 7, 8.75, 10 MHz) 

 TDD DL/UL ratio (3:1, 1.5:1, 1:1) 

 TDD frame size (2 – 20 ms)  

 AAS (SISO, STC 2x1 MIMO) 

 sectored base stations 

 ARQ, HARQ and ARQ/HARQ 

 base station transmit power 

 mobile station transmit power 

 mobile station vehicular speed (50 & 100 km/h) 

 QoS schedulers (UGS, rtPS, ertPS, nrtPS, BE) 

 AMC versus specific MCS 
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 FFT size and subcarrier spacing  

 pathloss models 

 multipath channel fading models 

After careful review and continued exploration, four key parameters were 

selected to model the impact on the streaming performance as outlined in Table 

15.  While there were other parameters of interest in the list above, in order to 

keep the resulting combinational permutations under control, the selection was 

limited to four parameters which yielded 24 different deployment scenarios.  

Specifically, the matrix described in Table 15 highlights 4 system parameters:  

channel bandwidth, TDD frame duration, DL AAS and retransmission scheme.  

Each of these parameters was varied according to potential deployment values 

for a 3.5 GHz Mobile WiMAX system.  As an example, for a 5 MHz channel, 5 ms 

TDD frames are explored for a SISO configuration with and without 

retransmissions (ARQ).  Another example on the other end of the configuration 

spectrum is a 10 MHz channel using 20 ms TDD frames together with STC 2x1 

MIMO and combined ARQ/HARQ.  It should be understood that the Modeler 

currently supports AAS techniques on the DL only. 
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Table 15. MAC / PHY system design parameter matrix. 

 

The channel bandwidths currently supported in Release 1 for 3.5 GHz operation, 

were 5, 7, 10 MHz.  The TDD frame durations ranged from 2 to 20 ms so the 

matrix attempts to exploit performance at the upper and lower boundaries of the 

frame size.  A 5 ms frame duration has a faster response at the trade off of 

increased overhead since the overhead is fixed, while the 20 ms has lower 

overhead in relation to the 5 ms frame at the cost of a slower system response.  

The Advanced Antenna Systems (AAS) parameter values were limited to the two 

supported schemes in the Modeler.  As outlined in section 2.4, a SISO scheme 

describes a basic station configuration with one transmitter and one receiver; this 

configuration represents the lower end of achievable system performance.  A 2x1 

MIMO system, otherwise known as a MISO system, is also modelled using STC 

to exploit the independent fading characteristics in a multiple antenna system 

configuration to increase coverage.  The final parameter was the inclusion or 
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exclusion of a retransmission scheme (ARQ/HARQ) for erroneous frames that 

can’t be recovered by FEC. ARQ, a MAC layer retransmission scheme, can be 

enabled on a per service-flow basis.   

The Modeler supports these acknowledgement modes:  cumulative, selective 

bitmap and selective block sequence.  The selective block sequence mode uses 

selective acknowledgements in ranges leading to higher efficiencies than bitmap 

schemes and consequently was adopted into the model design. Additionally, 

OPNET supports the chase-combining variant of HARQ.  The implementation 

creates a dataflow pipe abstraction between the MS and a given BS. Within the 

unidirectional dataflow pipe identified by an HARQ handler, there are a number 

of logical HARQ channels inside where each channel contains a configured finite 

buffer.  Parallel transmissions are possible with multiple HARQ channels in the 

handler.  Each HARQ packet contains a single MAC PDU from a single MAC 

connection.  The DL uses explicit acknowledgements where as on the UL, the 

absence of an ACK indicates a NAK.  The key feature with HARQ is the very fast 

retransmissions of packets which can be as fast as the next frame.  The chase 

combining operation ensures that the retransmitted packet’s SNR is added to the 

original packet SNR.  Ultimately, while ARQ alone increases throughput at the 

cost of increased end-to-end (ETE) delays and HARQ alone exhibits slightly 

lower throughput without the high ETE delays, the combination of the two 

schemes yields the best performance.  Therefore, this parameter also exploits 

the upper and lower performance boundaries in terms of retransmissions.  

Next, the proposed OFDM design parameters for 5, 7 and 10 MHz channels are 

described in Table 16 and Table 17 for 5 ms and 20 ms frames respectively.  For 

each channel bandwidth, both time and frequency resources are assigned.  The 

sampling factor n is channel size dependent where channels that are a multiple 

of 1.75 MHz should use n = 8 /7 and channels that are multiples of 1.25, 1.5, 2, 

or 2.75 MHz should use n = 28 /25 [20] [43].  Consequently, the sampling factor 
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is applied to a given channel bandwidth size to determine the sampling frequency 

(Fs).  The respective sample time is determined by taking the inverse of the Fs.   

The sampling frequency f is then divided by the FFT size (NFFT) to derive the 

subcarrier spacing.  This concept is the underlying premise in SOFDMA systems 

which scale the FFT size to the channel bandwidth in order to maintain the same 

fixed subcarrier spacing across different channel sizes.  In doing so, this scheme 

keeps the basic OFDMA symbol resource unit fixed, thereby minimizing the 

impact to higher layers across different channel sizes [86] [87].  Thus, NFFT for 5, 

10 and 20 MHz channels are 512, 1024 and 2048 respectively.  The equations 

for FFT and IFFT are presented below: 

     (7)

     (8)

It should be noted however that the WiMAX forum [38] proposed that 7 and 8.75 

MHz channels still use an NFFT of 1024.  The design for this simulation model has 

followed the WiMAX forum convention. 

Once the subcarrier spacing f has been derived, the useful symbol time can be 

calculated as follows: 

     (9)

 

 

 143 



 

Next, the symbol guard time Tg, is expressed as: 

     (10)

where the cyclic prefix (CP) is a key parameter in eliminating inter symbol 

interface (ISI) by sizing CP greater than the worst case delay spread to account 

for all the multipath components [38].  The CP is actually a sequence of data 

from the end of the symbol which is ultimately repeated at the beginning of the 

symbol. This effectively creates a sliding time window of Tb which can vary its 

position by as much as Tg and still recover the entire symbol without intersymbol 

interference [41]. Mobile WiMAX supports CP values of 1 /32, 1 /16, 1 /8 and 1 /4 

[20].  Figure 126 presents an example of how the CP guard interval protects the 

adjacent data periods on the receiver [88]. 

 
Figure 126. Intersymbol interference. 

The OFDM symbol duration Ts is expressed as the sum of the useful symbol time 

and the guard interval: 

     (11)

The number of OFDMA symbols within a TDD frame is calculated by dividing the 

frame duration by the Ts.  Looking at Table 16, since the 5 and 10 MHz channels 
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scaled NFFT proportionally, both channel sizes utilize the same number of 

symbols.  Further, since the adopted duplexing scheme is TDD, the uplink and 

downlink share the same channel bandwidth and ultimately the same time and 

frequency resources.  Therefore, unlike FDD, TDD must assign a portion of the 

TDD frame between the DL and the UL which is described as the DL/UL ratio.  

In contrast to voice-centric systems, data-centric systems are typically biased to 

the DL resulting in an asymmetric allocation of the frame across the DL and UL.   

While this ratio can be dynamic in practical deployments, the Modeler requires a 

fixed number of symbols or percentage of overall symbols.  A reasonable and 

common DL/UL ratio is 3:1 [38] [49] [89] [44] [35] and it is consequently 

designed into this model.  For example, if a system configuration has 44 data 

symbols, then 33 symbols would be allocated to the DL subframe and 11 

symbols would be allocated to the UL subframe.  

Lastly, the MAC related overhead associated with the preamble, FCH, DL-MAP, 

UL-MAP, DCD, UCD, IRI, BRI, ACK-CH, CQICH, TTG and RTG needs to be 

accounted for in terms of overhead symbols.  While the MAC overhead can vary 

from frame to frame, for the purposes of modeling and effective throughput 

calculations, a discrete number of symbols are allocated to DL and UL overhead 

and the remaining symbols are used as data symbols.   
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Table 16. OFDMA channel design parameters for a 5 ms frame. 
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Table 17. OFDMA channel design parameters for a 20 ms frame. 

 

In the frequency resource domain, the fixed spaced subcarriers across the 

channel bandwidth are allocated as null, data and pilot subcarriers independently 

for the DL and UL.  As mentioned in section 2.4, IFFT and forward FFT are used 

to efficiently modulate and demodulate the OFDM subcarriers so the scaled NFFT 
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size determines the number of subcarriers for a given channel bandwidth.  The 

UL typically apportions less data subcarriers and more pilot subcarriers than the 

DL counterpart to help the BS synchronize with the power-limited MS since pilot 

tones are transmitted 3 dB higher for channel estimation purposes.   

Once the distribution of carriers is complete, the raw and effective PHY and MAC 

throughputs can be calculated using the number of data subcarriers, OFDMA 

symbols per subframe, frame duration and information bits per symbol.  Table 18 

and Table 19 present the approximate channel capacities as well as the effective 

throughput rates as a function of the modulation and coding schemes.  Naturally, 

the wider the channel bandwidth and /or the higher the MCS, the higher the 

throughput rates since wider channels have more data subcarriers and higher 

order MCS encode more information bits per symbol.  These tables are based on 

the specific channel designs (SISO) presented in Table 16 and Table 17 and 

consequently represent effective rates that factor in MAC and PHY overhead.    
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Table 18. Effective throughput rates for a 5 ms frame. 
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Table 19. Effective throughput rates for a 20 ms frame. 

 

For a given channel bandwidth, the data subcarriers are logically grouped into 

subchannels where the uplink groups 16 subcarriers into a subchannel while the 

downlink groups 24 subcarriers into a subchannel [38].  Consequently, as the 

channel bandwidth increases, the number of available subchannels that can be 

assigned to mobile stations increases.  The number of symbols per subcarriers is 

a function of the symbol and frame durations as described previously.  Based on 

the DL/UL ratio, the symbols per subframe is the product of the number of 

symbols per subcarrier and the number of symbols per subframe.  The UL and 

DL capacities are calculated by dividing the frame duration into the UL and DL 
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symbols per subframe.  The capacities are measured in millions of symbols per 

second (Msps) and provide a basis for comparison between channel bandwidths.  

Finally, the throughput rates for a given channel reflect the product of the channel 

capacity and the information bits per symbol.   

In these tables, the TTG, which reflects the subframe guard time where the base 

station switches from transmit to receive and the mobile stations switch from 

receive to transmit, is assumed to consume 1 symbol duration.  The RTG, which 

reflects the interframe guard time where the base station switches from receive 

to transmit and the mobile stations switch from transmit to receive, is typically 

smaller and therefore not factored into these approximation tables.  

Consequently there is satisfactory agreement between the tables and the BS 

admission control statistics generated by the Modeler in section 4.4.  In the 

model design, the configured TTG and RTG values are channel size dependant 

and they followed the recommendations outlined in the Mobile WiMAX system 

profiles [90].  Specifically, the derivation of their values is based on a 

recommended integer multiples of the physical slots (PS): 

     (12)

where Fs is the sampling frequency previously discussed.  Table 20 presents the 

configured values for TTG and RTG for various channel bandwidths.  As an 

example, for a 5 MHz channel, TTG is 148 times the PS which equals 106 

microseconds. 

Table 20. TTG and RTG values. 
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Next, in order to produce more conservative results which would represent the 

lower end of the system performance, a frequency reuse scheme (FRS) of one 

was adopted in the model design.  This effectively means all cells operate on the 

same frequency channel to maximize spectral efficiency.  While the potential risk 

with this scheme is degraded performance observed by mobile stations at the 

cell edge, the inherent nature of Mobile WiMAX and it subchannelization 

characteristics (OFDMA), means that mobile users’ subchannels reflect a subset 

of the entire channel bandwidth thereby minimizing the impact of co-channel 

interference (CCI) [38].  Such interference can be further reduced by configuring 

each base station with a different permutation base which attempts to map 

different subcarriers to subchannels to minimize the overlap between adjacent 

sites.   

The Modeler assumes that CCI will only occur with sites that use the same PHY 

profile and permutation zone and the subframe boundaries perfectly align.  It 

consequently then looks at the two packets, one being a valid packet where the 

signal is locked to the receiver and the interference packet.  Using the pre-

computed subcarrier overlap tables, it determines, for every pair of subchannels, 

which subcarriers overlap while observing this permutation base.  Essentially, 

there is a subchannel list associated with every packet.  This interference noise 

calculation is performed on the mobile’s receiver pipeline stage once for every 

packet which overlaps its reception with the current packet in time.    Ultimately, 

this scheme will minimize CCI in light to moderate traffic loads where there is 

sufficiently free data subcarrier capacity to allow neighbouring sites to map non-

overlapping subcarriers for a given channel.  However, under heavy loads, the 

MS will have more subchannels and consequently more underlying subcarriers 

thereby increasing the likelihood of overlap between sites regardless of the 

permutation base.  

The overall MAC and PHY system design parameters, excluding mobility 

parameters discussed separately in section 3.4 are presented in Table 21.  The 
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operating frequency of 3.5 GHz was selected given this is one of the promising 

bands that may achieve worldwide harmonization.  The BS transmit power 

reflects a carrier class Mobile WiMAX solution [91] with 43 dBm output.  The MS 

parameters reflect a 27 dBm Mobile WiMAX transceiver with 5 dBi antenna gain 

[92].  Typical antenna heights for the base and mobile stations are 32 and 5 

meters respectively [38] and they consequently were adopted into the design.  

Importantly, initial designs were implemented in Modeler 14.5.A which only 

supported convolutional coding and thus required higher receiver SNR’s for a link 

operating in an error free region.  However, given the initial simulated 

performance results with base station spacing of 3 km, CTC yielded better 

performance given the degraded SNR levels at the cell edge.  Additionally, 

numerous scenarios reported a DES log warning entry relating to the power 

correction issued from the serving BS that would put the MS transmit power 

beyond its configured 27 dBm limit.  Consequently, initial efforts explored the 

several power density ranges (dBm/subchannel) to increase the likelihood of the 

MS connecting to a given BS.  Ultimately, the default density of -110 

dBm/subchannel was retained in this model.  
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Table 21. Finalized system design parameters. 

 

Lastly, the underlying performance of a data radio system may be measured 

using the throughput metric at the base station (peak and average) as well as at 

the mobile station at the edge of the RF cell.  WiMAX system capacity is a 

function of the geographical distribution of mobile stations and the MAC 

scheduler which allocates RF resources to each user.  Consequently, system 

capacity is lowest when all mobile users are operating at the cell edge and have 

adaptively downgraded to the lowest order MCS.  On the other hand, system 

capacity is highest when users are in close, LOS range with the base station. 

3.6 Simulation Model Design 

The following sections describe various aspects of the model design and 

configuration.   
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3.6.1 Network Topology 

The model topology adopted for this project is comprised of a WiMAX access 

network in Vancouver connected to the Internet via a 155.52 Mbps OC-3 point-

to-point (PPP) link.  On the fixed network, VoD services are provisioned in an 

Internet data centre (IDC) in Toronto with a 10 Gbps OC-192 backbone 

connection.  The global network topology is pictured in Figure 127.  In order for 

the model to factor in link propagation delays and WiMAX PHY behaviour across 

varying distances between the WiMAX video client and base stations, a global 

coordinate system was adopted in the model to describe node locations using 

latitude, longitude and elevation.  The WiMAX router is approximately 3350 km 

from the IDC which introduces a propagation delay of approximately 13.3 ms in 

each direction.  The overall concept of a remote IDC furnishing IPTV related 

services is reasonable given the high throughput rates over optical 

interconnection links as well as the small propagation delay in relation to the 

overall acceptable end-to-end delays for video streaming sessions outlined in 

section 3.3. 

 
Figure 127. Global network topology. 
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It should be noted that the general architecture and link connections are 

conservatively representative of existing technologies.  In fact, AT&T and Verizon 

have adopted 40 Gbps OC-768 links into their networks dating back to 2006 [93] 

with anticipation of video and audio streaming services.  Moreover, 100 Gigabit 

Ethernet Standards (GbE) are expected by 2010.  The current version of the 

Modeler, however, only supports optical carrier links up to OC-192.  IDC’s have 

become more and more prevalent in the industry, hosting real-time and critical 

applications abroad while maintaining security and redundancy.  Telus, a leading 

national telecommunications company in Canada, has heavily invested in world-

class state of the art data centres over the past few years for various services 

including IPTV/VoD services [94].  Additionally, WiMAX remote site links require 

sufficient capacity to handle the higher Over-the-Air (OTA) throughput rates [95].  

Unlike heavily used 3G sites which may use an aggregated bandwidth of 6 1.544 

Mbps T-1 carriers, a WiMAX site could endure upwards of 75 Mbps over a 20 

MHz channel using 64 QAM ¾ modulation.  Consequently, this necessitates site 

links to offer data rates in excess of 75 Mbps for WiMAX base stations.  The 

simulation model used a 155.52 Mbps OC-3 fibre link since 51.84 Mbps OC-1 

capacity was insufficient.   

The Internet cloud in Figure 127 was configured with a 0% packet loss and 32.7 

ms delay for all packets entering the cloud.  These numbers were empirically 

derived by running a continuous ICMP echo request /echo response test using 

1400 byte MTU between a LAN based node in Vancouver and a major backbone 

router (gw02.wlfdle.phub.net.cable.rogers.com) in Ontario over a 24 hour period 

which covers both peak and non-peak periods.  The observed packet loss was 

0% with approximately 92 ms round trip times on average which equates to 

approximately 46 ms each way. Moreover, this backbone router was exhibiting 

0% packet loss and 46 ms delays over the previous 24 hr interval [96] from the 

point when the sample was taken.  Since the 46 ms one way delay reported by 

the ping tool includes the inherent propagation delay of approximately 13.3 ms, a 

configured delay of 32.7 ms was adopted since the Modeler separately 
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calculates and models the propagation delays.  Consequently, the data aligns 

with the empirical test and therefore it is used in this model design. 

While a typical IDC would have redundant servers, redundant network interfaces 

and links, network management systems (NMS), storage area networks (SAN), 

backup power and cooling systems, a simplified topology for the purposes of this 

project is pictured in Figure 128.  A single IBM p690 16 CPU machine serves as 

the VoD server which in turn is connected to a gigabit LAN.  

 
Figure 128. IDC VoD services network. 

The network connections between the server and the network elements including 

the switch and routers are all 1 Gbps.  It should also be noted that the local client 

“control” machine has been incorporated into the model to serve as the control in 

this simulation experiment.  During the development of the model, this station 

was heavily used in troubleshooting various streaming aspects of the system.  In 

the later stages of development, it served as a best case reference station to 

which the WiMAX mobile station performance could be validated against. 

Next, the WiMAX access network is detailed in Figure 129.  Using a 3rd party 

GPS mapping tool [82], a high level map of the Vancouver area was imported 
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into the model by defining map boundaries using latitude and longitude positions.  

The surrounding terrain in this region is generally very flat and therefore ideal for 

exploiting simulated coverage and performance testing.  The mobile WiMAX 

station will travel along a given trajectory at varying distances from site towers to 

facilitate the WiMAX MAC and PHY layer characterization. 

 
Figure 129. WiMAX access network. 

3.6.2 Application and Profile Configuration 

Since this is a trace driven model utilizing actual video and audio traces from the 

Matrix III major motion picture movie, the trace files had to be configured into the 

model.  The trace files are placed into a working directory that’s been included in 

the Modeler’s model directories path (mod_dir).  The profile configuration is 

configured to simultaneously stream two applications as detailed in Figure 130.  

Two independent instances of the RTP-enhanced video conferencing application 

are used to stream the separate and distinct video and audio components of the 

movie.  The key to this configuration is the frame interarrival time and frame size 

parameters.  The incoming interarrival times are configured to the video and 

audio frame rates of 25 and 21.6 respectively.  It should be noted that the 

outgoing interarrival time remains set to “None” in order to achieve unidirectional 

streaming from the VoD server.  Additionally, the frame size parameters are 

configured to explicitly script the video and audio traces; the .csv extension is not 
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included in the fields.  In order for the unidirectional streaming to work, the 

Modeler still required the outgoing frame sizes to be configured similarly to the 

incoming frame size configuration.  (OPNET is aware of this unintuitive 

behaviour.) 

 
Figure 130. Application configuration. 

After the individual content streams were configured to drive the simulation, the 

profile configuration was explored in detail to ensure the streams were setup in a 

suitable yet predictable manner.  While the video and audio streams are 

managed as separate RTP streams [33], the profile had to be setup to ensure the 

“application” streams were launched concurrently rather than serially at the same 

time offset, for the same overall duration.  The profile configuration, outlining 

Modeler specific configuration parameters, can be visualized in Figure 131. 
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Figure 131. Video load profile configuration. 

Ultimately, both streams were setup to commence streaming 60 seconds into the 

simulation.  This 60 second interval is important as there needs to be sufficient 

time for the routing information protocol (RIP) routes to converge across the 

network. Typically convergence observed in this model was approximately 30 

seconds.  Thereafter, the simulation streamed content for 7380 seconds (123 

minutes).  Given that each content stream is encoded as separate RTP streams, 

video and audio content are independently packetized and submitted to the 

network.  Consequently, both RTP streams may experience different delays, jitter 

and loss.  The overall simulation time was 7500 seconds (125 minutes) which 

accommodated a 60 second idle period after the end of the movie to allow the 

network and resulting captured statistics to return to steady state – allowing for 

more readable graphs. 
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3.6.3 Simulation Scenarios 

The following scenarios were defined during the course of the project to assist in 

the validation and verification of this model.  As indicated in section 3.5, the 

MAC/PHY design matrix generated 24 discrete scenarios as illustrated in Table 

22.  The naming convention used in these 24 scenarios reflects the matrix 

system parameter combinations:   

<channel bandwidth>_<TDD frame duration>_<AAS>_<retransmissions> 

As an example, the second entry in Table 22 can be interpreted as a scenario 

configuration comprised a 5 MHz channel bandwidth with a 5 ms TDD frame 

duration using SISO and no retransmission schemes. The RTP scenario in Table 

22 was used for the validation testing of the RTP modification to the video 

conferencing process models.    

Table 22. Model scenarios. 
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3.6.4 WiMAX Global Configuration 

Various aspects of the WiMAX configuration are described below.  Unlike other 

wireless standards including WiFi (IEEE 802.11) which use a connectionless 

MAC layer, WiMAX has adopted connection-oriented MAC which provides 

centralized resource allocations similar to DOCSIS v1.1 in many ways [97]. A 

service class captures or encompasses the QoS requirements of service flows 

where service flows represent traffic flows between base and mobile subscriber 

stations.  Service flows from the base station to the subscriber station are termed 

downlink flows; service flows from the subscriber station to base station are 

termed uplink flows.  For a given WiMAX service class, the key parameters are 

minimum sustainable data rate, which is the minimum OTA rate, as well as the 

media access control (MAC) scheduler type.  Figure 132 shows the WiMAX 

service class configuration used in this simulation model. 

 
Figure 132. Service class configuration. 

The MAC scheduling service allows WiMAX to provide QoS capabilities, thereby 

supporting delay sensitive traffic like IPTV and Video on Demand services.  As 

mentioned in section 2.4, there are five schedulers available.  The QoS 

scheduler service most appropriate for real time video streaming is rtPS given 
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the regular polling requests and suitability for variable sized packet data.  This 

simulation model defined two service classes for the DL and UL using rtPS 

scheduling.  The DL service class, Silver_DL, was configured with a 1 Mbps 

minimum reserved rate and a 6.0 Mbps maximum sustainable data rate.  The 6.0 

Mbps upper limit was configured based on the movie traffic load requirements 

derived in section 3.3 along with some additional headroom capacity.  Another 

service class, Silver_UL, was defined for the UL using rtPS scheduling with a 384 

kbps minimum reserved traffic rate and a 1.5 Mbps maximum sustainable traffic 

rate.  Since the VoD deployment scheme streams video traffic to the mobile 

station, the traffic pattern is predominantly DL biased thereby eliminating a higher 

order QoS parameter set for the uplink traffic which is minimal at best in this 

scheme.   

Importantly, the minimum reserved traffic rate is directly factored into the 

admission control of the MS on a given BS.  If a single service class, which met 

the minimum requirements for the DL intensive traffic was used for both the UL 

and DL, the system would attempt to reserve 1 Mbps on the UL as well, thereby 

reserving unnecessary capacity and possibly running the risk of being rejected by 

ACA depending on available system capacity which is in turn dependant on the 

OFDMA channel configurations. 

Next, CTC was adopted for this model instead of CC to help improve system 

performance since CTC lowers the effective SNR for a MCS.  The AMC 

configuration derived in section 3.5 is also configured into the WiMAX 

configuration node and described in Table 23.  With the adoption of CTC, several 

additional coding rates became available for 64-QAM as well. 
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Table 23. AMC configuration. 

 

Additionally, the derived channel definitions in section 3.5 are configured into the 

model.  Figure 133 presents the configuration for the 5 MHz channel.  This 

configuration also incorporates the TTG and RTG parameters.  It should be 

noted that the frame size for a given channel bandwidth will be varied according 

to the design matrix in Table 15. 

 
Figure 133. OFDMA configuration. 

Lastly, the ‘Efficiency Mode’ parameter in the WiMAX configuration object was 

set to ‘Mobility and Ranging’ to enable frame-by-frame allocation to both the 
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uplink and downlink as well as enabling physical (PHY) layer effects to model 

mobility, scanning, HO and ranging.   

3.6.5 WiMAX Base Stations 

This section describes configuration used in all the WiMAX base stations.  While 

there is some site specific configuration relating to the ASN tunnelling 

configuration, the majority of the configuration is the same across all sites.  A 

single sector base station node model was used to model all base stations.  

While multi-sector base stations can reduce CCI and improve throughput through 

frequency reuse, this model adopted a conservative approach to which the 

overall performance would represent the lower end of the achievable system 

performance. 

Based on the mobility configuration in section 3.4, the derived topology produced 

base stations with 3 km spacing using GPS positional information and 3rd party 

mapping tools.  Each BS was configured with a specific, predetermined MAC 

address to aid in the interpretation of the mobility statistics.  Maximum transmit 

power was configured to 20W (43 dBm) [91].  All base stations utilized an 

antenna gain of 15 dBi and fixed channel bandwidths ranging from 5 MHz to 10 

MHz (scenario dependant) using the OFDMA PHY profiles. 

All base stations were then configured to map the higher level video application 

traffic to a service class (configured in section 3.6.4) by setting service class to 

“Silver_DL” if the type of service (ToS) parameter matches the “Streaming 

Multimedia (4)” previously configured in the application node.  Figure 134 shows 

the service class mapping configuration.  A similar operation is also performed on 

the mobile station in section 3.6.6. It should be noted that there is an additional 

step required to subsequently assign each service flow to a given service class.  

The assignment is performed on the mobile station configuration for both uplink 

and downlink service flows. 
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Figure 134. DL service class mapping. 

Next, the permutation base was uniquely set for each base station.  This 

parameter is used to together with the physical layer OFDM profile to compute 

the subcarrier-to-subchannel map used by each site.  This was a key parameter 

used to help reduce CCI in topologies which do not employ traditional frequency 

reuse planning.  Base stations’ transmitter configuration was varied between 

SISO and STC 2x1 MIMO in the design matrix in Table 15 (The UL is limited to 

SISO in the Modeler).  

The scanning definitions and neighborhood site parameters derived in section 

3.5 were configured into the base stations. Table 24 and Table 25 present the 

configuration data. 

Table 24. Scanning definitions. 

 166 



 

Table 25. Neighborhood site configuration. 

 

In order to accommodate roaming across sites, base stations were uniquely 

configured for ASN to achieve combined layer 2 and layer 3 handoffs.  Firstly, the 

ASN gateway IP address had to be configured into each BS’s WiMAX specific 

compound attributes.  Then, the WiMAX interface (IF8) on each site was 

configured with a unique IP address residing on a common subnet shared by all 

other base stations, along with the assignment of a specific routing policy against 

that interface.  The WAN interface (IF4) on each site was also configured with a 

separate and unique IP subnet.  Figure 135 illustrates the configuration for BS-0.  

Each site had to be manually configured with the predesigned ASN IP 

architecture in Figure 122. 

 
Figure 135. BS PPP and WiMAX interface configuration.
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Next, each BS had to be configured with a GRE tunnel to transport data from the 

BS to the ASN gateway.  Figure 136 presents the tunnel configuration for BS-0.  

Again, each tunnel specification needs to be unique in order to prevent routing 

loops. 

 
Figure 136. BS tunnel configuration. 

As indicated previously, a routing policy (Figure 137) was assigned to the WiMAX 

interface and it essentially maps all inbound traffic from the mobile station’s UL to 

the GRE tunnel.  The GRE tunnel source point corresponds to the WAN interface 

on the BS accordingly. 
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Figure 137. WiMAX interface policy route. 

The corresponding tunnel configuration on the ASN gateway subsequently 

defines return tunnels back to all 25 sites.  Figure 138 illustrates the 25 tunnel 

configuration with the exploded inset diagram detailing the GRE tunnel 

configuration for traffic from the VoD server to a given WiMAX BS. 
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Figure 138. ASN gateway tunnel configuration. 

3.6.6 WiMAX Mobile Station 

This section describes configuration for the mobile station.  Firstly, the MS was 

configured to map the higher level video application to the Silver_UL service 

class as similarly performed with the base stations in section 3.6.5.  Figure 139 

shows the UL service class configuration. 
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Figure 139. UL service class mapping. 

Next, the DL and UL service flows were assigned to their respective Silver_DL 

and Silver_UL service classes.  In this model, the UL channel was assumed to 

have similar properties to the DL channel so the same adaptive modulation 

scheme was configured on UL and DL service flows.  The downlink and uplink 

service flow configurations are pictured in Figure 140 and Figure 141 

respectively.  The configured service class reflects the definitions in the WiMAX 

node outlined earlier.  By setting “modulation and coding” to adaptive, the AMC 

tables previously defined, are incorporated into the model. Ultimately, the 

parameters highlighted in blue reflect parameters that were statically configured 

whereas parameters highlighted in green reflect parameters that were varied 

according to the design matrix reported in Table 15 and consequently will vary 

from scenario to scenario. It should be noted that the DL service flow buffer was 

increased from 64 KB to 256 KB to avoid buffer overrun issues encountered with 

bandwidth intensive video loads from previous work [12].  Also, in scenarios that 

used ARQ, the ACK type was set to select block sequence as that is the most 

efficient scheme available. 
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Figure 140. DL service flow configuration. 

 
Figure 141. UL service flow configuration. 
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The maximum transmission power on the MS was set to 0.5 W (27 dBm) and the 

antenna gain was configured to 5 dBi to reflect current generation hardware [92].  

Moreover, the selected OFDM profile (channel bandwidth configuration) was 

varied between scenarios based on the design matrix.  Vehicular path loss 

modeling was enabled along with the incorporation of the ITU Vehicular A 

multipath channel fading model.  Figure 142 presents these configuration 

parameters.  The blue highlighted parameters remain constant across all model 

scenarios whereas the green highlighted parameter was varied according to the 

design matrix.  Mobility specific system parameters including target trajectory and 

starting GPS position derived from section 3.4 were also incorporated into the 

model.   

 
Figure 142. Pathloss and multipath channel models. 
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The scanning definitions derived in section 3.5 were configured into the mobile 

station. Table 26 presents the configuration data.   

Table 26. Scanning definitions. 

 

To accommodate roaming across base stations (mobility) while receiving 

streaming video content, the ASN specific configuration was implemented 

accordingly.  As outlined in Figure 143, the IP address and subnet mask were 

configured to reside within the same natural B class network configured on each 

of the base stations. 

 
Figure 143. MS ASN IP configuration. 

Finally, at the application level, the segment size was changed from 8 KB to 64 

KB to accommodate large video frame sizes characteristic of MPEG content.  

The support profile configuration for the main simulation load was configured to 

use the Matrix III movie profile configuration.  The same configuration was 

applied to the VoD server. 
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4 VERIFICATION AND VALIDATION 

The following sections describe the verification tests used to validate each of the 

model systems impacted by the enhancements employed in this project.  All 

references to “video content” are intended to encapsulate both video and audio 

streams. 

4.1 H.323 Signalling 

In order to ensure the H.323 logic is correctly structured in the video calling 

process model, three call signalling statistics in the H.323 module are promoted 

and collected in the series of validation tests in order to ensure proper call 

management is in place for one or more media streams on one or more client 

stations.  The simulations under this section have all utilized the same network 

topology presented earlier as well as the following simulation parameters: 

 profile offset:   60 sec 

 streaming duration: 10 sec 

 simulation time:  90 sec 

It should be noted that while H.323 signalling was necessary to ultimately 

achieve proper multi-stream behaviour as outlined in section 3.1.5, the current 

scheme sets up separate calls for each media stream on a given video client 

station.  Idealistically, only a single call should be required for both video and 

audio component streams combined.  However, given the inherent architecture 

of the video client process models, a major architectural change would be 

required to achieve this.   
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4.1.1 Video only Streaming to Fixed WiMAX Station 

For this test, video-only content was streamed to a single fixed WiMAX station.  

Consequently, a single H.323 call was setup for 10 simulation seconds.  The 

statistics reported in Figure 144 convey proper call management since a single 

call was placed at the 60th second of the simulation and lasted for 10 seconds.  

Only one call is expected since there is only one media stream (video-only) in 

place for this simulation.  Moreover, simulation data was successfully reported by 

the RTP and application layers in section 4.2.1. 

 
Figure 144. H.323 call characteristics for WiMAX station. 
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4.1.2 Video Content Streaming to Fixed WiMAX Station 

For this test, video and audio content was streamed to a single fixed WiMAX 

station.  Specifically, two 1-way media streams were configured for simultaneous 

streaming of video and audio content.  The statistics reported in Figure 145 

convey proper call management since the two expected calls are reported 

accordingly between the 60 and the 70th simulation seconds.  Moreover, the total 

failed calls statistics remained at zero and simulation data was successfully 

reported by the RTP and application layers in section 4.2.2. 

 
Figure 145. H.323 call characteristics for WiMAX station. 
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4.1.3 Video only Streaming to Fixed WiMAX and LAN Stations 

For this test, video-only content was streamed to a fixed WiMAX station and local 

LAN station.  Consequently, two separate H.323 calls from different client 

stations were setup for 10 simulation seconds.  The statistics reported in Figure 

146 indicate proper call management for the mobile station, LAN station and VoD 

server.  Specifically, we expect an individual call for the video stream on each 

client station.  Thus, the video clients report one successful call each.  The VoD 

server reports all the individual calls for all streams across all client stations, 

therefore a total of two calls in this test.  Moreover, simulation data was 

successfully reported by the RTP and application layers in section 4.2.3. 

 
 (a)    (b)    (c) 

Figure 146. H.323 call characteristics: (a) MS (b) LAN station and (c) VoD server. 

4.1.4 Video Content Streaming to Fixed WiMAX and LAN Stations 

For this test, video and audio content was streamed to a WiMAX station and local 

LAN station.  Consequently, two separate sets of H.323 calls from different client 

stations were setup for 10 simulation seconds.  The statistics reported in Figure 

147 convey proper call management for the mobile station, LAN station and VoD 
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server.  Specifically, we expect an individual call for the video stream and 

another call for the audio stream.  Thus, the video clients report two successful 

calls each.  The VoD server reports all the individual calls for all streams across 

all client stations, therefore four calls in total for this test.  Moreover, simulation 

data was successfully reported by the RTP and application layers in section 

4.2.4. 

 
 (a)    (b)    (c) 

Figure 147. H.323 call characteristics: (a) MS (b) LAN station and (c) VoD server. 

4.1.5 H.323 Traffic Load 

Since H.323 signalling was not apart of the initial model design, it is imperative 

that additional signalling overhead was understood.  While the actual control 

sequences for call setup, maintenance and termination is not directly relevant to 

this project, the imposed network overhead is.  Therefore, a test was necessary 

to characterize the overhead.  Since H.323 uses TCP as the transport for call 

signalling, the reported TCP statistics solely reflect call overhead.   From Figure 

148, the load plot reports a single TCP-based H.225 call setup packet 

(approximately 15 bytes) was sent to the VoD server to initiate a call.  The VoD 
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server responds with 3 separate, TCP-based, H.225 signalling packets (call 

proceeding, alerting and connect) comprising approximately 50 bytes in total.  

The call is terminated by the video calling station sending an H.225 call signalling 

release complete TCP segment of approximately 15 bytes. 

 
Figure 148. H.323 related TCP statistics. 

Therefore, each call introduces four small TCP packets across a video content 

session which will have minimal impact on the video streaming performance. 
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4.2 Real Time Protocol 

This section jointly tests the RTP implementation as well as the derived audio 

trace as they are tightly coupled and therefore more suitably tested together.  

Nonetheless, in order to ensure the RTP logic has been correctly designed and 

integrated into the video calling and video called process models, the available 

statistics in the RTP and video conferencing modules are promoted and collected 

in the series of validation tests in order to ensure operational compliancy.  The 

bucket statistics capture mode was utilized for these tests using the sum over 

time bucket mode.  This capture mode provides a balance between the statistical 

resolution and very large simulation data file sizes characteristic of the “all 

values” capture mode.  Consequently, values are collected in buckets or groups 

and then summed over time.  Additionally, the values per statistic was set to 

reflect the captured duration to provide necessary statistical resolution.  Unless 

mentioned otherwise, the simulations in this section utilize the same network 

topology presented earlier as well as the following simulation parameters: 

 profile offset:   60 sec 

 streaming duration:  10 sec  

 simulation time:   90 sec 

 values per statistic:  90 

 streaming traffic:  one-way streaming from VoD Server 

 video frame size:   fixed 500 byte frames 

 video frame rate:  1 fps 

 audio frame size:  fixed 500 byte frames 

 audio frame rate:  1 fps 

 video clients:   fixed position WiMAX and /or LAN client stations 

While the initial tests that use these frame sizes and rates do not reflect typical 

media streaming content, they do provide predictable results which are easily 

confirmed by visual inspection of the simulation graph results.    
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4.2.1 Video only Streaming to Fixed WiMAX Station 

The following test streams video-only content (no audio) to a fixed position 

WiMAX station.  Given the configured packet rate of 1 packet / sec over 10 

seconds in duration, we expect 10 video frames from the VoD server. As 

reported in Figure 149, the received packet rate is 1 packet / sec over the 10 

second active call duration which aligns with our expectations.  The initial spike in 

the sent packets /sec plot reflects a spurious video frame sent to the VoD server.  

This is a Modeler bug and it’s been reported to OPNET accordingly.  Overall, we 

expect the video statistics to strictly reflect frame data and exclude application 

layer handshaking so the SETUP, CONNECT, CLOSE and CLOSE-CONFIRM 

messages are not reflected in the video layer statistics.   

 
Figure 149. Video only frame rates on the WiMAX station. 
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Next, we examine the simulation results at the RTP layer as outlined in Figure 

150.  Unlike the video statistics, the RTP layer statistics will reflect all video traffic 

including the application layer handshaking messages.  Therefore, in the sent 

plot, we observe two packets at the start of the 10 second streaming interval 

(60th second of the simulation).  These two packets reflect the single SETUP 

command sent to the VoD to initiate the content streaming, along with the 

spurious frame mentioned above.  Additionally, we also observe a single packet 

transmission at the end of the 10 second streaming interval (70th second of the 

simulation) which reflects the CLOSE command sent to the VoD server to 

terminate the streaming session.  On the receive plot, we see 2 packets received 

at approximately 60 seconds into the simulation, which reflects the CONNECT 

response (to the SETUP command) along with the first video frame from the VoD 

server. 

 
Figure 150. RTP packet rates on the WiMAX station. 
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Figure 151 provides a discrete representation of the RTP packet performance 

plots.  Of particular interest is the received packets /sec plot which confirms our 

expectations.  The two packets received on the 60th second include the first 

video frame.  There are 9 more video packets received along with a separate 

CLOSE-CONFIRM response (to the CLOSE command in the sent plot). 

 
Figure 151. RTP packet rates on the WiMAX station – discrete plots. 

Additionally, Figure 152 illustrates several key details surrounding the reception 

of data on the WiMAX station.  Firstly, our configured frame size of 500 bytes per 

frame at a rate of 1 fps is confirmed in the bottom video conferencing plot which 

reports 500 bytes /sec.  Moreover, the RTP received byte rate reports a rate of 

512 bytes /sec, which reflects the 12 byte RTP framing on each video frame 

(including handshaking commands). 
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Figure 152. Received byte rate statistics on the WiMAX station. 

 
Figure 153. Video only frame rates on the VoD server – discrete plots. 
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The VoD server’s video statistics are reported using the discrete plots in Figure 

153.  As indicated earlier in this test, we expect exactly 10 video frames to be 

streamed to the WiMAX station over the 10 second interval (1 fps) which is 

explicitly confirmed in the sent plot.  Again, the spurious frame from the WiMAX 

client station is observed in the received plot. 

Next, the VoD specific RTP statistics are reported in Figure 154.  The 2 packets 

received at the 60th second of the simulation reflect the reception of both the 

SETUP command request along with the spurious video frame noted earlier.  

The sent plot details 2 packets are send on the 60th second as well:  CONNECT 

response command and the first video frame.  The sent plot also details the 

transmission of 9 more video frames.  The receive plot shows a single packet 

(CLOSE command) was received on the 70th second, which triggers the 

transmission of the CLOSE-CONFIRM response command on the 70th second in 

the sent plot. 

 
Figure 154. RTP packet rates on the VoD station – discrete plots. 
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4.2.2 Video Content Streaming to Fixed WiMAX Station 

The following test streams video content (video and audio components) to a fixed 

position WiMAX station.  Given the configured packet rate of 1 packet / sec over 

10 second duration for each stream, we expect a cumulative rate of 2 

packets /sec for the video content.  As reported in Figure 155, the received 

packet rate is 2 packets /sec over the 10 second active call duration which aligns 

with our expectations.  The initial spike of two frames in the sent plot reflects a 

spurious frame from each stream sent to the VoD server (SPR-123593).   

 
Figure 155. Video content frame rates on the WiMAX station. 

Next, the RTP layer simulation results are reported in Figure 156. The 4 packet 

spike at the 60th second in the sent plot reflects the transmission of a SETUP 

command request and a spurious frame for each stream.  Additionally, the 4 

packet spike at approximately the 60th second in the receive plot reflects the 

reception of a CONNECT response and the first frame for each stream.  The 2 
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packets reported at the 70th second in the send plot reflect the transmission of a 

CLOSE command for each of the two streams. 

 
Figure 156. RTP packet rates on the WiMAX station. 

Figure 157 provides a discrete representation of the RTP packet performance 

plots.  Essentially, every second, the client receives a single video frame and a 

single audio frame which is collectively reported as a single plot point on the 

receive plot.  Ultimately, it’s a constant 2 packets /sec rate.  Moreover, the 

discrete receive plot further confirms the reception of 9 more combined video and 

audio frames thereby meeting our expectations.  The application layer 

handshaking for each stream is also properly captured in the plots. 
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Figure 157. RTP packet rates on the WiMAX station – discrete plots. 

 
Figure 158. Received byte rates on the WiMAX station. 
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Figure 158 also conveys several key details surrounding the reception of data on 

the WiMAX station.  Firstly, the configured frame size of 500 bytes per frame at a 

rate of 1 fps for each stream is confirmed in the bottom video conferencing plot 

which collectively reports 1000 bytes /sec.  Moreover, the RTP received byte rate 

reports a rate of 1024 bytes /sec, which reflects the 12 byte RTP framing on each 

video and audio stream (including handshaking commands). 

The VoD server’s video statistics are reported using the discrete plots in Figure 

159.  Again, each plot point reflects the combined reception of a video and audio 

frame.  Consequently, we observe 10 points in the sent plot.  The single point in 

the receive plot reflects the reception of a spurious frame for both the video and 

audio streams.   

 
Figure 159. Video content frame rates on the VoD server – discrete plots. 

Next the VoD specific RTP statistics are reported in Figure 160.  The 4 packets 

received at the 60th second of the simulation reflect the reception of both the 

SETUP command request along with the spurious frame noted earlier for both 
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the video and audio streams.  The sent plot reports 4 packets are sent on the 

60th second as well:  CONNECT response and the first video frame for the video 

stream as well as the CONNECT response and the first audio frame for the audio 

stream.  Additionally, subsequent points on the sent plot reflect successive 

transmissions of video and audio frames.  The receive plot shows the reception 

of two CLOSE commands, one for each stream, on the 70th second of simulated 

time,  which triggers the transmission of the CLOSE-CONFIRM response 

command on the 70th second in the sent plot for each stream. 

 
Figure 160. RTP packet rates on VoD server – discrete plots. 

4.2.3 Video only Streaming to Fixed WiMAX and LAN Stations 

The following test simultaneously streams video only content (no audio) to a fixed 

position WiMAX and LAN video client station.  Given the configured packet rate 

of 1 packet / sec over 10 seconds in duration, we expect 20 video frames from the 

VoD server (10 frames to each video client station). As reported in Figure 161 
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and Figure 162, the received packet rate is 1 packet / sec over the 10 second 

active call duration for each client station, which aligns with our expectations.  As 

indicated in previous tests, a single spurious frame is observed on the sent plots 

for each client station due to an OPNET Modeler bug. Also, the video statistics 

should report video and audio frame data excluding application layer 

handshaking messages.  The RTP layer will report all message types from the 

video application layer above it including the application layer handshaking: 

SETUP, CONNECT, CLOSE and CLOSE-CONFIRM messages.   

 
Figure 161. RTP and video only frame rates on the WiMAX station – discrete plots. 
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Figure 162. RTP and video only frame rates on the LAN station – discrete plots. 

Moreover, Figure 163 reports the VoD server application layer video-only content 

and RTP layer statistics.  The video layer statistic reports the combined 

transmission rates to each video client station.  This transmission rate of 2 

packets /sec aligns with the collective transmission rate of 1 packet / sec to each 

client as expected.  The two RTP sent plots each correspond to the two video-

only streams, one to each client station at a rate of 1 packet / sec. 
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Figure 163. RTP and video only frame rates on the VoD server – discrete plots. 

4.2.4 Video Content Streaming to Fixed WiMAX and LAN Stations 

The following test simultaneously streams video content (video and audio 

streams) to a fixed position WiMAX and LAN video client station.  Given the 

configured packet rate of 1 packet / sec over 10 seconds in duration for each of 

the two streams on each client, we expect a combined transmission rate from the 

VoD server of 4 packets /sec.  As reported in Figure 164 and Figure 165, the 

received packet rate is 2 packet / sec over the 10 second active call duration for 

each client station, which aligns with our expectations.  As indicated in previous 

tests, a single spurious frame is observed on the sent plots for each client station 

due to an OPNET Modeler bug. Also, the video statistics should report video and 

audio frame data excluding application layer handshaking messages.  The RTP 

layer will report all message types from the video application layer above it.  
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Figure 164. RTP and video content frame rates on the WiMAX station – discrete plots. 

 
Figure 165. RTP and video content frame rates on the LAN station – discrete plots. 
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Moreover, Figure 166 reports the VoD server application layer video content and 

RTP layer statistics.  The video layer statistic reports the combined transmission 

rates to each video client station.  This transmission rate of 4 packets /sec aligns 

with the collective transmission rate of 1 packet / sec for each stream (video and 

audio) on each client.  Each of the two RTP sent plots reflect the transmission of 

streaming video content (both video and audio) to a given client station; the 

transmission rate of 2 packets /sec reflects the simultaneous transmission of both 

video and audio streams at 1 packet / sec. 

 
Figure 166. RTP and video content frame rates on the VoD server – discrete plots. 

4.2.5 Matrix Streaming to Fixed WiMAX Station 

The following test streams 123 minutes of the Matrix III movie to a single, fixed 

WiMAX station.  Unlike the previous tests, this simulation is trace driven, using 
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both the video and audio traces from the movie itself.  The simulation ‘values per 

statistic’ parameter is configured to 500 for this simulation run.  The reported 

application layer video statistics reflect the aggregate of the video and audio 

streams.  On the other hand, since the video and audio streams utilize separate 

RTP streams, the RTP layer collects independent statistics for each stream.  The 

video and audio traces were streamed at 25 and 21.6 fps respectively.  

Consequently, we expect the application layer to report approximately 47 

packets /sec.  As illustrated in Figure 167, the simulated behaviour aligns with 

our expectations – see bottom plot.  We can clearly observe the received audio 

frame rate (top RTP plot) levels out around 21 fps on average.  Moreover, the 

video frame rate (middle RTP plot) approaches the VoD transmission rate of 25 

fps.  The deviations in both streams from their native transmission rates are 

attributed to network delays. 

 
Figure 167. RTP and video content frame rates on the WiMAX station. 
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Figure 168. RTP and video content byte rates on the WiMAX station. 

Next, Figure 168 details the received byte rates for each stream at the RTP layer 

as well as the collective rate at the application (video) layer.  It is important to 

note the video and audio streams use different vertical scales in the plots given 

their inherent differences in throughput requirements. 

The VoD server performance is reported in Figure 169.  Since the statistics 

reflect the native video and audio stream transmission rates (fps) on the VoD 

server, they should not be influenced by the resulting delays imposed by the 

network.  Thus, the bottom plot reflects the video application layer’s combined 

frame rates for both components.  The RTP layer plots for video and audio 

streams also reflect their native encoding rates.   
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Figure 169. RTP and video content frame rates on the VoD server. 

Next, Figure 170 reports the sent byte rates on the VoD server.  The video 

stream plot (middle RTP plot) reports significant variation in the byte rate over 

time which is expected given the VBR MPEG-4 video content.  Moreover, since 

the video stream requires more bandwidth than the audio stream (observing the 

different y-axis scales), the video application layer plot tracks the video stream 

much more closely than the audio stream (top plot) which relatively exhibits a 

more constant rate over time.  Incidentally, the audio stream plot visually shows a 

flat curve at the given scale, however, at a more magnified view, the variations 

would be more evident.  Essentially, the dynamic range of the frame sizes in the 

video stream is much greater than the audio stream. 
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Figure 170. RTP and video content byte rates on the VoD server. 

4.2.6 Matrix Streaming to Fixed WiMAX and LAN Stations 

The following test streams 123 minutes of the Matrix III movie to a fixed WiMAX 

and LAN station (control station).  The addition of the LAN station is two fold.  

First, it helps verify the VoD server’s video called manager process and its ability 

to spawn subsequent passive video clients to handle new connection requests.  

Secondly, it acts a reference or control in this simulation experiment to help 

validate the performance behaviour on the WiMAX station.  Typically, we would 

expect the LAN station to outperform the WiMAX station given the connection 

method and locality of the LAN station to the VoD server.   

Just as in section 4.2.5, this is also a trace driven simulation using both video 

and audio traces. The simulation ‘values per statistic’ parameter is configured to 

500 for this simulation run as well.  The reported application layer video statistics 

reflect the aggregate of the video and audio streams.  On the other hand, since 

the video and audio streams utilize separate RTP streams, the RTP layer collects 

independent statistics for each stream.  The video and audio traces were 
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streamed at 25 and 21.6 fps respectively.  Consequently, we expect the 

application layer to report approximately 47 packets /sec.  As illustrated in Figure 

171, the simulated WiMAX station behaviour aligns with our expectations.  We 

observe the RTP received audio frame rate (top plot) levels out around 21 fps on 

average.  Moreover, the RTP video frame rate (middle plot) approaches, on 

average, the VoD transmission rate of 25 fps.  The deviations in both streams 

from their native transmission rates are attributed to network delays. 

 
Figure 171. RTP and video content frame rates on the WiMAX station. 

Next, Figure 172 details the received byte rates for each stream at the RTP layer 

as well as the collective rate at the application (video) layer.  It is important to 

note that the video stream throughput (or goodput) rate is much higher than the 

audio rate; hence the application layer statistics track the video performance 

more closely than the audio performance. 
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Figure 172. RTP and video content byte rates on the WiMAX station. 

 
Figure 173. RTP and video content frame rates on the LAN station. 
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Figure 173 reports the received frame rates on the LAN (control) station.  We 

would expect the received rates at all layers to closely track the VoD server’s 

native transmission rates given its presence on the same Ethernet switch as the 

VoD server.   

Additionally, Figure 174 details the received byte rates for each stream at the 

RTP layer as well as the collective rate at the application (video) layer for the 

LAN station.  Again, it is important to note that the video stream throughput rate 

is much higher than the audio rate; hence the application layer statistics track the 

video performance more closely than the audio performance. 

 
Figure 174. RTP and video content byte rates on the LAN station. 

The VoD server performance is reported in Figure 175.  Since the statistics 

reflect the native video and audio transmission rates on the VoD server, they 

should not be influenced by the resulting delays imposed by the network.  The 

figure details the RTP layer statistics for both video and audio streams for both 

client stations as well as the application layer.  We observe the approximate 
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video layer transmission rate of 100 frames /sec (bottom plot), which aligns with 

our expectations that each client station elicits approximately 47 frames /sec from 

VoD server.  Moreover, the RTP plots reflect constant transmission rates which 

agree with the individual frame rates for both media streams.   

 
Figure 175. RTP and video content frame rates on the VoD server. 

Next, Figure 176 details the sent byte rates on the VoD server.  Again, the figure 

reports the individual performance of each stream (video and audio) for both 

client stations in addition to the video layer plot.  The video stream plot reports 

significant variation in byte rate over time which is expected and agrees with 

section 4.2.5.  Moreover, since the video stream requires more bandwidth than 

the audio stream (observing the different y-axis scales), the video application 

layer plot tracks the video stream much more closely than the audio stream (top 

plot).  Also, as observed in section 4.2.5, the audio stream plot, using the current 
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scaling, does not visually demonstrate its variable encoding rate.  However, 

using finer scaling on the audio stream, its variable traffic load becomes evident. 

 
Figure 176. RTP byte rates on the VoD server. 

4.3 WiMAX Mobility 

In order to ensure the WiMAX subscriber station mobility has been successfully 

configured and followed the desired trajectories across the WiMAX cell, a 

verification test was conducted for proper adherence.  The following simulation 

parameters were adopted for this test: 

 profile offset:   60 sec 

 streaming duration:  7380 sec (123 min) 

 simulation time:   7500 sec (125 min) 

 values per statistic:  1500 

 streaming traffic:  one-way streaming from VoD Server 
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 video frame size:   Matrix III VBR 

 video frame rate:  25 fps 

 audio frame size:  Matrix III VBR 

 audio frame rate:  21.6 fps 

 video clients:   mobile station 

The topology presented in Figure 177 was adopted for these tests.  The 

architecture used the 25 site configuration with vehicular pathloss and multipath 

channel modeling to verify the operational aspects of subscriber mobility.   

 
Figure 177. Mobility test topology. 

The following test streams Matrix III video content (video and audio) to a mobile 

station using the trajectory described in section 3.4.  All base stations were 

operational for this testing sequence.  As Figure 178 reports, the MS received 

video content over the entire streaming duration.  The top video plot indicates 

approximately 47 fps on average was received by the mobile, as expected, as it 

travelled along the trajectory at 50 km/h. The bottom plot reports the serving BS 

ID over time.  Since the BS ID’s were configured from 0 to 24 with the first 

serving site ID in the mobile trajectory set to 0, the plot reports an incremental 

curve as the MS traverses each and every site from 0 through 24.  However, the 

middle plot indicates the MS did not attempt any scanning activity over the 
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course of the simulation.  While the MS did traverse each site as expected, the 

multi-site switching facility was less than optimal because the MS essentially 

disconnected from the serving site as it travelled out towards the cell edge and 

then began ranging operations to connect to the next site.  This abrupt site 

switchover led to unnecessary packet loss at each cell edge.  Ideally, the MS 

should commence scanning operations as the DL or UL SNR dropped below the 

configured scanning thresholds.   

 
Figure 178. MS mobility statistics. 

Observing Figure 179, the DL and UL SNR over time can be correlated to the 

site switching.  The DL SNR ranges from 86 dB to 10 dB.  The UL SNR ranges 

37 dB to 0 dB.  The expected behaviour would be the serving BS would trigger 

the MS to commence scanning when the UL SNR dropped below 5 dB, however, 

that behaviour was not observed even when the UL SNR approached 0 dB.  

Consequently, a number of trial and error attempts were conducted with various 

MS scanning thresholds ranging from 25 dB to 40 dB on the DL.  With a 

threshold of 40 dB on the MS, the MS began scanning however only several 
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sites actually streamed video content under that configuration.  Technical support 

with OPNET was sought and logged as SPR # 127777.   

 
Figure 179. Mobility SNR statistics. 

It should be noted that while a more efficient handover could not be achieved, the 

test confirms signal conditions, site-to-site channel configurations, operating 

frequency band and ASN configurations were correct and facilitated inter base 

station streaming.  

4.4 WiMAX MAC and PHY  

In order to validate the MAC and PHY design in section 3.5, various statistics 

were retrieved and analyzed from the mobility tests conducted in section 4.3.  To 

begin with, the theoretical channel design yielded specific bandwidth capacities 

that needed to be confirmed in the simulation to verify the design correctness as 

well as to ensure that site admission control was not rejecting the mobile station 

due to insufficient bandwidth.  Specifically, each BS must have sufficient capacity 
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to accommodate and reserve the combined minimum sustainable data rates for 

all service flows defined for the MS. 

The admission control report is presented Table 27.  Observing this table, we can 

see entries 5 and 7 specify the requested throughput for the UL and DL which in 

turn correspond to the service class definitions in section 3.6.4.  This is a key 

detail in the system design as the UL also requires admittance and there is a 

temptation to use the same service class requirements for the UL as the DL 

thereby unnecessarily reserving too much site capacity and increasing the risk of 

the BS rejecting the connection request.  Additionally, there are several other 

points to note in this table:  MCS and the control class overhead.  Since the 

service flows are configured to use AMC, WiMAX uses the lowest order, most 

robust scheme to ensure a connection establishment is most likely to succeed.  

The trade-off is that the system calculates throughput capacity based on QPSK 

½ coding which is the least efficient MCS having only 1 information bit encoded 

per symbol.  Consequently, admittance is based on the most conservative 

system capacity calculations.  The control class combined overhead of 64 kbps is 

also included in the capacity of a site as well as the 6 kbps polling overhead 

associated with rtPS on the UL.  There is no polling overhead on the DL since 

the BS schedules all DL traffic. 

Table 27. Admitted connections. 
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Next, Table 28 presents the system capacity for a 5 MHz, 5 ms TDD frame.  The 

capacity is reported in Msps for both the UL and DL.  It also reports the admitted 

capacity based on the mobile station’s requested bandwidth.   Observing the 

capacity calculations performed in Table 18, there is good agreement between 

the predicted and simulated system capacity.  The table also confirms all 7 

connections were admitted successfully. 

Table 28. Admission control statistics for 5 MHz, 5 ms TDD frame. 

 

Next, Table 29 presents the system capacity for a 5 MHz, 20 ms TDD frame.  

Again, there is good agreement between the predicted capacity (Table 19) and 

simulated system capacity.   

Table 29. Admission control statistics for 5 MHz, 20 ms TDD frame. 

 

Next, Table 30 presents the system capacity for a 7 MHz, 5 ms TDD frame.  

Again, there is reasonable agreement between the predicted capacity (Table 18) 

and simulated system capacity.   
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Table 30. Admission control statistics for 7 MHz, 5 ms TDD frame. 

 

Next, Table 31 presents the system capacity for a 7 MHz, 20 ms TDD frame.  

Again, there is reasonable agreement between the predicted capacity (Table 19) 

and simulated system capacity.   

Table 31. Admission control statistics for 7 MHz, 20 ms TDD frame. 

 

Next, Table 32 presents the system capacity for a 10 MHz, 5 ms TDD frame.  

Again, there is reasonable agreement between the predicted capacity (Table 18) 

and simulated system capacity.   

Table 32. Admission control statistics for 10 MHz, 5 ms TDD frame. 

 

Next, Table 33 presents the system capacity for a 10 MHz, 20 ms TDD frame.  

Again, there is reasonable agreement between the predicted capacity (Table 19) 

and simulated system capacity. 
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Table 33. Admission control statistics for 10 MHz, 20 ms TDD frame. 

 

Next, the WiMAX load versus throughput is reported in Figure 180.  The red 

throughput curve tracks the blue load curve throughout the movie duration which 

indicates the WiMAX segment is able to handle the offered load. 

 
Figure 180. WiMAX load versus throughput. 

In Figure 181, the DL is achieving 5 information bits per symbol which translates 

to 64-QAM 5 /6 rate coding.  This is the most efficient scheme as it saves 

symbols for other mobiles and increases system capacity at the trade-off of 

increased packet drops. 
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Figure 181. Spectral efficiencies. 
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5 SIMULATION 

After the model design, implementation and verification testing was conducted 

against all aspects of the system, the simulation run was conducted over the 

movie duration to observe the video content streaming performance over Mobile 

WiMAX.  Consequently, this section explores the system performance in terms of 

the packet loss, packet delay and packet jitter metrics against the resulting 24 

scenarios derived from MAC/PHY layer design matrix in Table 15.  Next, the top 

performing scenario configuration identified in the matrix analysis was analyzed 

in further detail to fully understand the system behaviour. 

5.1 Matrix Analysis 

Since the Modeler does not provide video conferencing frame loss statistics, 

packet loss can be interred by observing deviations from the expected receive 

rate of the video and audio fps.  Once the top performing scenarios for each 

channel bandwidth were identified, the different channel bandwidth scenarios 

were compared against each other.  The top scenario was then analyzed in 

terms of the performance metrics. 

5.1.1 Received Packet Rates 

The final simulation model was comprised of 24 unique scenarios based up the 

MAC/PHY layer system design parameter matrix (Table 15).  An initial analysis 

identified the top performing scenario for each channel bandwidth.  The expected 

receive rate was 46.6 fps which accounted for the 25 fps video component and 

the 21.6 fps audio component.  Consequently, packet loss is inferred by 

deviations from 46.6 fps. 
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5.1.1.1 5 MHz channel bandwidth 

Using a 5 MHz channel, a comparison was made against the 5 ms and 20 ms 

configurations without MIMO and retransmissions.  In Figure 182, the 20 ms 

frame duration (red curve) resulted in slightly greater loss than the 5 ms frame 

duration.   

 
Figure 182. MS received packet rates for 5 and 20 ms frame durations. 

Next, the 5 ms frame duration with and without MIMO can be observed in Figure 

183.  Again, no retransmissions were enabled. The MIMO configuration (blue 

curve) clearly exhibited better performance. 
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Figure 183. MS received packet rates for SISO and MIMO antenna systems. 

 
Figure 184. MS received packet rates with and without retransmissions. 
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The 5 ms frame duration using MIMO was observed with and without 

retransmissions in Figure 184.  The retransmission scheme (blue curve) 

noticeably improved packet loss performance. It should be noted that the y-axis 

spans from 20 to 50 packets. 

5.1.1.2 7 MHz channel bandwidth 

Next, using a 7 MHz channel, a comparison was made against the 5 ms and 20 

ms configurations without MIMO and retransmissions. The 5 ms frame duration 

outperformed the 20 ms frame duration as pictured in Figure 185.  It should be 

noted that the y-axis spans from 10 to 50 packets. 

 
Figure 185. MS received packet rates for 5 and 20 ms frame durations. 

Next, the 5 ms frame with and without MIMO can be observed in Figure 186.  

Again, no retransmissions were enabled. The MIMO configuration (blue curve) 

clearly exhibited better performance. It should be noted that the y-axis spans 

from 10 to 50 packets. 
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Figure 186. MS received packet rates for SISO and MIMO antenna systems. 

 
Figure 187. MS received packet rates with and without retransmissions. 

The 5 ms frame duration using MIMO was observed with and without 

retransmissions in Figure 187.  The retransmission scheme (blue curve) 
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performed significantly better than without retransmissions.  Again, note the y-

axis scale spans from 30 to 48 packets. 

 

5.1.1.3 10 MHz channel bandwidth 

Using a 10 MHz channel, a comparison was made against the 5 ms and 20 ms 

configurations without MIMO and retransmissions.  In Figure 188, the 5 ms frame 

duration (blue curve) generally yielded better results.   

 
Figure 188. MS received packet rates for 5 and 20 ms frame durations. 

Next, the 5 ms frame duration with and without MIMO can be observed in Figure 

189.  Again, no retransmissions were enabled. The MIMO configuration (blue 

curve) clearly exhibited better performance.   
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Figure 189. MS received packet rates for SISO and MIMO antenna systems. 

The 5 ms frame duration using MIMO was observed with and without 

retransmissions in Figure 190.  The retransmission scheme (blue curve) 

noticeably improved packet loss performance. The y-axis ranges from 24 to 50 

packets. 

 
Figure 190. MS received packet rates with and without retransmissions. 
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5.1.2 Packet Delay 

Packet delay is the next performance metric used to quantify video content 

streaming performance over Mobile WiMAX.  While observing the 24 scenarios, 

results were collected and grouped together for each channel bandwidth.   

Using a 5 MHz channel, simulated performance data was plotted for each of the 

8 combinations of frame duration, antenna technique and retransmission system 

parameters. While observing Figure 191, we can see that the 5 ms frame 

durations using various combinations of the system parameters exhibited lower 

delays ranging from 50 to 54 ms.  The scenarios using the 20 ms frame durations 

not only exhibited wider variation within the group, but also produced higher 

delays ranging from 57.5 ms to 68 ms.   

 
Figure 191. MS packet delays for 5 MHz channel. 

Next, using a 7 MHz channel, simulated performance data was also plotted for 

each of the 8 combinations of frame duration, antenna technique and 

retransmission system parameters. While observing Figure 192, we can see that 
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the 5 ms frame durations using various combinations of the system parameters 

again exhibited lower delays ranging from 50.0 ms to 52.5 ms.  The scenarios 

using the 20 ms frame durations not only exhibited wider variation within the 

group, but also produced higher delays ranging from 57.8 ms to 65 ms.   

 
Figure 192. MS packet delays for 7 MHz channel. 

Finally, using a 10 MHz channel, similar delay data was plotted.  While observing 

Figure 193, we can see that the 5 ms frame durations using various 

combinations of the system parameters exhibited lower delays ranging from 49.7 

ms to 52.7 ms.  The scenarios using the 20 ms frame durations not only 

exhibited wider variation within the group, but also produced higher delays 

ranging from 57.9 ms to 68 ms. 
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Figure 193. MS packet delays for 10 MHz channel. 

5.1.3 Packet Jitter 

Packet jitter is another performance metric used to quantify video content 

streaming performance over Mobile WiMAX.  While observing the 24 scenarios, 

results were collected and grouped together for each channel bandwidth.   

Using a 5 MHz channel, simulated performance data was plotted for each of the 

8 combinations of frame duration, antenna technique and retransmission system 

parameters. While observing Figure 194, unlike the packet delay plots, there are 

more similarities in performance across the 5 ms and 20 ms frame durations in 

terms of packet jitter.  The 20 ms frame duration using SISO with retransmissions 

reflected a packet jitter that approached 0.300 ms.  However, the remaining 

curves clustered around 0.025 ms.   
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Figure 194. MS packet jitter for 5 MHz channel. 

 
Figure 195. MS packet jitter for 7 MHz channel. 
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Using a 7 MHz channel, simulated performance data was plotted for each of the 

8 combinations of frame duration, antenna technique and retransmission system 

parameters. While observing Figure 195, the 20 ms frame durations using SISO 

and MIMO with retransmissions exhibited the higher packet jitter. However, the 

remaining combinations appeared to cluster around 0.010 ms.   

Finally, using a 10 MHz channel, simulated performance data was also plotted 

for each of the 8 combinations of frame duration, antenna technique and 

retransmission system parameters. While observing Figure 196, again the 20 ms 

frame durations using SISO and MIMO with retransmissions exhibited the higher 

packet jitter of 0.257 ms and 0.080 ms respectively. However, the remaining 

combinations clustered around 0.015 ms.   

 
Figure 196. MS packet jitter for 10 MHz channel. 

5.1.4 Throughput 

Throughput is the final metric used in the quantification of system performance. 

As indicated in section 3.3, throughput defined as the traffic load, in bps, that the 

Matrix III movie will impress upon the underlying network.   Essentially, the 

Mobile WiMAX network must provide sufficient capacity to accommodate the 

 225 



 

minimum, collective, throughput requirement of 5.311 Mbps (see Table 9) for the 

video and audio components. 

The theoretical throughput rate tables for both 5 ms and 20 ms TDD frames for 5, 

7 and 10 MHz channel bandwidths were reported in Table 18 and Table 19 

respectively.  These tables report DL system capacity ranging from 2.448 Msps 

to 4.896 Msps for 5 ms frame durations.  Using these channel dependant 

capacities, the lowest order MCS (QPSK ½) would yield 2.448 Mbps – 4.896 

Mbps.  The highest order MCS (64-QAM 5 /6) would yield 12.240 Mbps to 24.480 

Mbps.  For 20 ms frame durations, these tables report capacities from 2.574 

Msps to 5.148 Msps depending on channel bandwidth.  Using these capacities, 

the lowest order MCS (QPSK ½) would yield 2.574 Mbps – 5.148 Mbps.  The 

highest order MCS (64-QAM 5 /6) would yield 12.870 Mbps to 25.740 Mbps 

Observing Table 28 through Table 33 which reported the simulated base station 

capacities across the WiMAX network, the capacities ranged from 2.448 Msps to 

5.14 Msps.  These simulation capacities agree with theoretical calculations 

above.  Ultimately, the product of these reported simulation capacities and the 

number of information bits per symbol (Table 3) is the available DL throughput 

rates for mobile data.   

In Figure 197, the dotted curves report the information bits per symbol over time.  

The occurrence of a plotted point indicates a transition from a given information 

bit level to another level.  It can be observed that the MS transitions from 5 bits 

per symbol to 0 bits per symbol which lines up with the abrupt handovers 

between sites.  This is not the ideal handoff as the MS is being disconnected 

from the serving site and then begins ranging with the neighbouring site.  

Nonetheless, at 5 bits per symbol with symbol rates ranging from 2.448 to 5.148 

Msps (for both frame durations), the achievable data rates would be in the order 

of 12.240 to 25.740 Mbps which is more than sufficient capacity to accommodate 

our offered traffic load.  It should also be noted that the 1 bit per symbol rate 

reflects the 32 kbps connection overhead from Table 27. 
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Figure 197. Information bits per symbol while roaming. 

5.1.5 Matrix Performance Summary 

Once the 24 scenarios were simulated successfully, the results were collected 

and summarized in Table 34.  The packet loss ratio (PLR), end-to-end (E2E) 

packet delays and packet jitter are presented for each of the scenario designs.  

The red highlighted row indicates the poorest performing scenario for a given 

channel bandwidth while the orange highlighted row indicates the top performing 

scenario for a given channel bandwidth.  The yellow and green highlighted rows 

indicate 2nd and 3rd best performing scenarios for a given channel bandwidth.  

Moreover, the right most column of the table provides a numerical ranking within 

the channel where “1” is the best.  The overall best performing scenario is 

indicated in the “Rank” column and highlighted with a blue circle:  10 MHz 

channel using 5 ms frame duration with MIMO and retransmissions. 
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Table 34. MAC / PHY design matrix results. 

 

It can be observed with Table 34 that as the PLR increases, the E2E delay and 

jitter increased as well.  Moreover, scenarios that did not use advanced antenna 

techniques and retransmissions typically exhibited much higher loss rates.  

Retransmissions using combined ARQ/HARQ made very significant 

improvements in SISO configurations.  Additionally, scenario configurations that 

used 20 ms TDD frame durations typically exhibited slightly higher loss rates and 

delays along with significantly higher packet jitter.  Overall, 5 ms frame 

configurations using MIMO and retransmissions yielded superior results.  The 

highlighted top performing 10 MHz channel configuration (highlighted in orange 

and circled in blue) delivered comparable loss rates to the 7 and 5 MHz 

equivalent configurations however the delay and jitter for these configurations 

was lowest in the 10 MHz channel. 
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5.2 Top Performing Scenario Analysis 

In section 5.1.5, the analysis identified the 10 MHz channel configuration using 5 

ms frame duration with MIMO and retransmissions delivered the best 

performance.  Figure 198 illustrates the resulting packet loss over time (in 

seconds) which primarily occurs as the MS switches sites.  As mentioned 

previously, the MS is disconnected from the serving site and then initiates the 

ranging operations with the next site.  During the ranging operations, the packet 

loss spikes in the figure occur.  Moreover, once the MS arrives at its destination, 

it continues to stream video content for the remaining 30 minutes of the movie.  

During this period, PL is minimal.   

 
Figure 198. Packet loss for 10 MHz channel configuration. 

The RTP received packet rate statistics are presented next in Figure 199. The 

top RTP plot reflects the audio component and the bottom plot reflects the video 

component.  Again, the Modeler doesn’t provide a video packet loss statistic so 

the loss is inferred by observing deviations from the expected transmission rate 

of 25 and 21.6 fps for video and audio respectively.  The vertical axis ranges 

should be noted when interpreting the plots.  The video and audio loss appears 

to generally track each other and the magnitude of the loss is proportionally 

similar. 
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Figure 199. MS RTP received packet rates for video and audio streams. 

 
Figure 200. MS RTP received byte rates for video and audio streams. 
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Figure 200 reports the RTP received byte rates for each media stream.  It should 

be obvious that the video component is much more dynamic in nature, exhibiting 

long range dependencies.  (The traffic load approximately doubles in the last 

hour of the movie.)  While the audio component exhibits a relatively constant byte 

rate in comparison.  However, it should be noted that given the vertical axis 

scaling on the audio stream, the variable nature of the audio stream is under 

emphasized. 

One of the advantages of RTP is ability to track individual stream performance, 

allowing engineers to monitor E2E packet delay and jitter characteristics as 

reported in Figure 201 and Figure 202.  In Figure 201, the video stream packet 

delays are slightly higher (3%) than the audio stream.  Not surprisingly, as 

evidenced in Figure 200, as the video load increases over the last hour of the 

movie, so does the E2E video packet delays.  Interestingly, the audio packet jitter 

is slightly higher (within 4 μs) than the video packet jitter as reported in Figure 

202.   

 
Figure 201. MS RTP packet delays for video and audio streams. 
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Figure 202. MS RTP packet jitter for video and audio streams. 

The Modeler provides various mobility statistics to allow designers to further 

understand the multi-site roaming behaviour.  In Figure 203, the bottom plot 

reports the serving base stations over time.  As indicated in the mobility design, 

the base stations ID’s were configured to reflect their naming convention in the 

site topology.  Consequently, we can see the MS started with BS-0 and as the 

MS traversed the trajectory, it connected to adjacent neighbouring sites in an 

incremental fashion without skipping any intervening sites.  At approximately 1 hr 

and 30 minutes into the simulated session, the MS connects to the final base 

station (BS-24) at the end of the trajectory where it continues to receive 

streaming content for another 33 minutes.  The middle plot is of great interest as 

it conveys a crucial performance detail: scanning activity.  It can be observed that 

this statistic with a constant value of a -1 indicates the MS did not engage in any 

scanning activity throughout the session even thought it received neighbour 

advertisement lists (top plot).  In the mobility design (section 3.4), three scanning 

profiles were configured with progressively lower scanning thresholds of 5, 3 and 

0 dB.  As we will see later in Figure 207, the DL SNR appears to approach 5 dB, 
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yet the quantized SNR that is fed back to the BS by the MS, is greater than 25 

dB.  Various attempts were made to tune this parameter by setting the upper 

threshold to 30 dB however scanning was not observed until the threshold was 

set to 40 dB.  At this point, scanning was observed but then the MS only received 

video content from 2 out of the 25 sites.  This behaviour was actively pursued 

with OPNET technical support and logged as SPR #127777.  It should also be 

noted that the same scanning thresholds were configured on each BS and the 

UL SNR was definitely operating in the 0 – 5 dB range.  

 
Figure 203. Mobility characteristics. 

Two other mobility statistics are of interest in trying to understand the MS 

disconnections from the serving BS: initial and periodic ranging activities.  The 

top two plots in Figure 204 report these ranging activities as a function of time.  

The ranging behaviour lines up with the serving BS boundaries (bottom plot), 

revealing that the MS is being disconnected from the serving BS and repeatedly 

engaging in ranging activities to connect to the next BS.   
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Figure 204. MS scanning and ranging. 

 
Figure 205. MS downlink and uplink BLER. 
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BLER physical layer statistics are reported in Figure 205.  The top plot reflects 

the DL BLER and it reports a constant BLER of at least 0.10 at every BS 

boundary.  The UL BLER has a lower incident rate but its magnitude is much 

more pronounced at certain site transitions.  It is important to recognize that the 

UL application traffic load is non-existent during these periods.  

The following WiMAX connection details provide insight into the AMC 

performance on both the UL and DL.  In Figure 206, the top plot indicates the DL 

is operating at 5 information bits per symbol which translates to 64-QAM 5 /6 rate 

coding.  This scheme is the most efficient MCS thereby indicating signal 

conditions are optimum.  The 1 bit per symbol rates in both plots represents the 

control channels operating at QPSK ½.  In both plots, it should also be noted that 

0 bits per symbol points are reported as well.  Overall, the Modeler reports a plot 

point at a transition from one level to another.  Consequently, the DL is 

transitioning from 5 bits to 0 bits per symbol at each site transition.  This 

behaviour further confirms the MS is disconnecting from the serving BS. 

 
Figure 206. Downlink and uplink spectrum efficiency. 
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The next figure (Figure 207) reports the DL SNR as a function of time in the 

middle plot.  The top plot shows the mobile station’s serving node thereby 

allowing SNR to be correlated against the BS disconnections.  Interestingly, the 

DL SNR plot indicates SNR drops down to 10 dB or lower, yet the quantized DL 

SNR reported by the MS back to the BS on the CQICH shows the DL SNR never 

drops below 26 dB.  Even with CQI SNR measurements of 26 dB, MS scanning 

did not occur until DL SNR scanning thresholds were set to 40 dB.    

 
Figure 207. MS downlink SNR and quantized CQI SNR. 

For simulation scenarios configured to use HARQ, retransmission statistics are 

available for analysis.  Figure 208 presents the retransmission packet rates for 

the DL and UL.  Retransmissions should only come into effect when FEC 

schemes (CTC in this model) can not recover corrupted packets.  Nonetheless, 

HARQ can achieve very fast retransmissions, as fast as the next TDD frame.  

Again, the retransmission spikes appear to align with the BS transitions.  Since 

the UL application layer traffic only occurs at the beginning and end of the video 

streaming session, the UL retransmissions are minimal as expected.  
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Figure 208. MS HARQ retransmission rates. 

 
Figure 209. BS-24 downlink and uplink capacity. 
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Since the last 33 minutes of the movie was streamed from BS-24, the site 

capacity statistics were reviewed.  In Table 18, the DL capacity for a 10 MHz 

channel using a 5 ms frame duration was calculated as 4.896 Msps which 

corresponds to the simulated capacity in Figure 209.  During the last 33 minutes 

when BS-24 carries the traffic load, the DL capacity drops to 4 Msps, thereby 

indicating 1 Msps is consumed by the load.  At 5 information bits per symbol (64-

QAM 5 /6) reported in Figure 206, this translates to approximately 5 Mbps which 

reflects the peak throughput rates of the video load. 

Another look at BS-24 performance over the remaining 33 minutes is presented 

in Figure 210.  These channel utilization statistics (percentage of available 

capacity) for the DL (top plot) and UL (bottom plot) show the system is clearly not 

overloaded.   

 
Figure 210. Data burst usage. 

Lastly, further insight into the delays introduced by the WiMAX system is 

presented in Figure 211.  On average, the WiMAX link is introducing 
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approximately 5 ms delays on packets.  In section 3.6.1, the Internet delay was 

empirically derived as 46 ms one way, encompassing the 13.3 ms propagation 

delay.  Observing the WiMAX link delays of 5 ms, this results in E2E delays of 

approximately 51 ms which aligns with the packet delay plots in section 5.1.2. 

 

Figure 211. WiMAX delay. 
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6 FUTURE WORK 

In this project, we analyzed the performance of Mobile WiMAX in the context of a 

single MS.  Future efforts could characterize system scalability with the addition 

of multiple mobile stations with similar application loads.  Moreover, the impact of 

RF cell size could be explored to further understand the resulting WiMAX 

modulation distances while continuing to model vehicular pathloss and 

multichannel fading.  More bandwidth intensive video encoding schemes like 

MPEG-2 could be introduced into the model to further understand the 

performance implications of larger traffic loads.  Lastly, further efforts could revisit 

the scanning operation of this model to optimize the design so that proper, 

efficient handoffs are taking place rather than MS disconnects and new 

connections resulting from ranging operations.  This would reduce the observed 

packet loss between sites and improve the overall system performance. 
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7 DISCUSSION 

This project has successfully completed all major enhancements described in 

section 1.1.  Despite the significant technical challenges and Modeler stability 

issues encountered throughout the execution of this project, the derived model 

runs without error or exceptions while delivering positive and insightful results 

into Mobile WiMAX networks.    

The integration of RTP should not only provide more accurate header and 

payload sizing, it should also deliver greater insight into individual video and 

audio stream performance.  Since video and audio are encoded into separate 

RTP streams, differentiation of service can be applied using different WiMAX 

service flows.  The multi-channel audio traffic modeling should further improve 

the relevant magnitude of the combined video and audio traffic load impressed 

on the network.  The updated and refined performance metrics should provide 

up-to-date, realistic, valid measures to quantify system performance.  The 

WiMAX topology design explored some of the design aspects of multi-site 

deployment with regards to frequency reuse planning, CCI, scanning lists and 

thresholds, receiver SNR’s, neighborhood site advertisements, as well as layer 2 

and layer 3 transparencies across sites using ASN.  The physical layer design 

explored the aspects of multi-carrier modulation schemes using SOFDMA 

including capacity calculations, subcarrier allocations and permutations, various 

modulation and coding schemes and their impact on available throughput rates.  

Time division duplexing parameters were explored in detail along with the 

associated MAC overhead.  These derived MAC and PHY configurations were 

designed to reflect potential real-world carrier deployments.   

Ultimately, the enhanced video content payload was impressed on the Mobile 

WiMAX system and quantified using our refined performance metrics.  Fifty 

percent of the configuration scenarios achieved performance levels well within 
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metric thresholds.   The 10 MHz channel configuration using a 5 ms frame 

duration with STC 2x1 MIMO and retransmissions achieved the best results.  

While it should be understood that simulations do not guarantee real world 

equivalence, the results are encouraging for mobile video transmission systems, 

thereby revealing Mobile WiMAX is in fact a formidable player in 4th generation 

networks.  These results indicate Mobile WiMAX can deliver sufficient bandwidth 

while ensuring E2E packet delays and jitter meet the stringent requirements of 

video content streaming. Moreover, next generation WiMAX (IEEE 802.16m) and 

Long Term Evolution technologies touting even higher spectral efficiencies, will 

pave the way for even richer, higher quality video services like HDTV.   
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APPENDICES 

Appendix A Traces 

The following section provides a brief description of the video content traces 

used in this simulation model. 

VIDEO TRACE 

The Matrix III video trace data [14] [15] possessed the following characteristics: 

 compression:  MPEG-4 Part 2 Advanced Simple Profile 

 variable bit rate 

 CIF resolution: 352 x 288 

 frame rate:  25 fps 

 number of frames:  184,996  

 duration: 123 minutes 

 GoP Size: 12 

The following table displays the first 25 frames of the (slightly modified) native 

trace file in display sequence, which ultimately reflects one second of video 

content.   
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Previous work [12] sorted the trace file contents into codec sequence (for proper 

transmission), added the ‘Size’ column in bytes, and then the extracted the frame 

sizes into a single column file.  Ultimately the final video trace file, which reflected 

a single frame size per row, was imported into the Modeler using the scripting 

facility, as a frame size distribution.   

AUDIO TRACE 

The Matrix III audio trace data possessed the following characteristics: 

 compression:  Real Audio 

 variable bit rate 

 format : 2-channel stereo 

 frame rate:  21.6 fps 

 number of audio frames:  159,330  

 duration: 123 minutes 

 250 



 

The incorporation of the audio component was one several integral 

enhancements to the previous work [12] that this project built upon.  Similar to 

the video trace, the final audio trace reflected a single column where each row 

reported the audio frame size in bytes. 
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Appendix B OPNET Source Code 

Given the size of the finalized source code listings for both the video calling and 

video called process models, it can not be easily included in this report.  As a 

result, the source code is available from the OPNET model repository. 
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Appendix C Timing Diagrams 

Over the course of this project, three OPNET Modeler simulation process timing 

diagrams were manually created in response to extensive troubleshooting in the 

RTP enhancement logic.  While they were extremely time consuming to 

generate, they provided invaluable insight into the process startup sequence in a 

given simulation as well as the event, interrupts and packet flow between logical 

subsystems.  Specifically, a given simulation is run in debug mode using ODB 

with all appropriate tracing enabled which subsequently generates a large log 

file.  Then the log file is visually inspected and each event and its associated data 

(timestamp, event number, source module, ICI, interrupt, etc) is plotted 

accordingly. 

The vertical axis represents time and it’s annotated with OPNET Modeler event 

numbers, which increase non-contiguously over time.  The horizontal axis is 

partitioned into calling and called station processes.  These processes are 

invocations of a given process model where each invocation has an assigned 

process id in brackets.  Given the space constraints and the shear volume of 

relevant data, the adopted abbreviations are detailed in the following table. 

 
Abbreviation Process Model Name 
clsvr_mgr gna_clsvr_mgr

prof_mgr gna_profile_mgr

v_calling gna_video_calling  (or gna_voice_calling)

v_called gna_video_called  (or gna_voice_called)

trf_eng traffic_engine

rtp_smgr rtp_session_mgr

rtp_scli rtp_session_cli

phase_mgr gna_phase_mgr
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The solid lines between two processes represent data flow in the form of an 

interrupt, typically with an attached ICI containing context specific information.  

Numeric values associated with solid lines indicate the relevant ICI number which 

can be used to back index the log file for further details if necessary.  Dashed 

lines represent invocations of a given process from another process where the 

numeric value in parenthesis is the process ID of the process to be invoked.  

Typically blue coloured text represents data content associated with a given ICI.  

On the vertical timeline for a given process, the event execution arrow width is 

not intended to be proportional to the execution time the process observed for an 

event; rather it’s a function of verbosity and relevant information needed to be 

included for that event in the diagram. 

GENERIC VIDEO CONFERENCING APPLICATION  

The following timing diagram represents the startup behaviour, application layer 

handshaking and transmission of a single video frame using the generic 

(unmodified) video conferencing application – gna_video_calling_mgr and 

gna_video_called_mgr process models.  This diagram helped detail the 

behaviour of the application using the standard TPAL facility instead of RTP 

using a single video calling client and a single video called client. 



 

Generic video conferencing application timing diagram 
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Generic video conferencing application timing diagram 

 

 256 



 

Generic video conferencing application timing diagram 
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Generic video conferencing application timing diagram 
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Generic video conferencing application timing diagram 
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One key behaviour observed with event 2432 above whereby the calling video 

client receives the CONNECT command response from the remote end (passive 

video client) and immediately schedules a video frame for transmission even 

though the simulation configuration was set to only stream incoming video 

frames from the VoD server (passive video client – gna_video_called_mgr) to the 

active client station (gna_video_calling_mgr).  This was bug was formally 

recognized by OPNET as SPR-123593 as a result of this troubleshooting effort. 

GENERIC VOICE CONFERENCING APPLICATION  

The following timing diagram represents the startup behaviour, application layer 

handshaking and transmission of a single voice frame using the generic 

(unmodified) voice conferencing application – gna_voice_calling_mgr and 

gna_voice_called_mgr process models.  This diagram helped detail the 

behaviour of the application using the standard using RTP instead of TPAL. 



 

Generic voice conferencing application timing diagram 
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Generic voice conferencing application timing diagram 
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Generic voice conferencing application timing diagram 
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Generic voice conferencing application timing diagram 
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Generic voice conferencing application timing diagram 
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Generic voice conferencing application timing diagram 
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Generic voice conferencing application timing diagram 
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Generic voice conferencing application timing diagram 
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Generic voice conferencing application timing diagram 
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Generic voice conferencing application timing diagram 
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Generic voice conferencing application timing diagram 
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Generic voice conferencing application timing diagram 
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Generic voice conferencing application timing diagram 
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Generic voice conferencing application timing diagram 
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Another key detail observed when two video streaming configurations are 

configured for simultaneous execution within a given profile that’s been deployed 

to a client subscriber station, is that the passive client invocations 

(gna_video_called_mgr process model) are both spawned by the gna_clsvr_mgr 

network application module.  However, with the generic voice application, one 

passive client (gna_voice_called_mgr) is spawned by gna_clsvr_mgr and the 

other passive client is spawned by the first instance of the passive client 

(gna_voice_called_mgr).  Additionally, in our simulation environment which used 

voice simulation model provided by OPNET under the example networks 

directory, we found that when the voice application signalling scheme was set to 

none (instead of H.323 or SIP), we observed the faulty behaviour described 

above in red whereby the 2nd voice calling client’s traffic was being processed by 

the first passive voice client on the remote end.  OPNET indicated they were not 

able to reproduce this behaviour in their environment.  Interestingly, other than 

saving the example voice simulation model in our local directory, we did not 

modify the voice simulation model or the voice process models yet the disparity 

in behaviour was observed in our environment. 

MODIFIED VIDEO CONFERENCING APPLICATION  

The following timing diagram represents the startup behaviour, application layer 

handshaking and transmission of a single video frame using the modified video 

conferencing application – gna_video_calling_mgr and gna_video_called_mgr 

process models.  This diagram helped troubleshoot the behaviour of the modified 

application using the standard RTP module.  Moreover, it details the multiple 

video streams issue that prompted re-architecture of the video calling process 

model.  (burgundy coloured text values have not been confirmed).  The version 

of the modified video models mimic’s the generic voice application by spawning 

the subsequent client requests natively by the passive video client 

(gna_video_called_mgr) instead of the gna_clsvr_mgr. 



 

Modified video conferencing application timing diagram 
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Modified video conferencing application timing diagram 
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Modified video conferencing application timing diagram 
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Modified video conferencing application timing diagram 
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Modified video conferencing application timing diagram 
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Modified video conferencing application timing diagram 
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Modified video conferencing application timing diagram 
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Modified video conferencing application timing diagram 
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Modified video conferencing application timing diagram 
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Modified video conferencing application timing diagram 
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Modified video conferencing application timing diagram 
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Modified video conferencing application timing diagram 
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Modified video conferencing application timing diagram 

 

 288 



 

Modified video conferencing application timing diagram 
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The key behaviours in this timing diagram are annotated in red text and enclosed 

in red boxes.  The most critical behaviour noted here is that while a second 

passive video client (process ID  457) is available to process commands and 

frames from the 2nd video calling client (process ID 448), the packets are sent up 

to the first passive video client (process ID 423).  This is similar in behaviour to 

the voice application in the previous timing diagram. 
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Appendix D Simulation Environment 

The following development environment was used during the execution of this 

project: 

 Dell Latitude D830 

- Intel Duo Core 2 T7250, 2.00 GHz,  

- 4GB DDR2-667 SDRAM 

- 110 GB, 7200 RPM HD 

 Microsoft Windows XP Professional Edition /Service Pack 3 

 Microsoft Visual Studio .NET 2003 (version 7.1.3088) 

 Microsoft WinDbg version 6.10.0003.233 x86 

 OPNET Modeler 15.0.A PL1 (Build 8165 32-bit) with WiMAX module (final 

version) 
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Appendix E OPNET Simulation Parameters 

The following Modeler simulation parameters were used in the simulation runs for 

this project.  During the design and development of this project, debugging mode 

was primarily used: 

 mem_opt.compact_pools = FALSE 

 mem_opt.pool_small_blocks = FALSE 

 show_compilation_output = TRUE 

 console = TRUE 

 kernel_type = development 

 des.configuration_mode = detailed 

 report_server.configure_ask = FALSE 

 tool_open_save_behavior = never_browse 

 comp_flags_devel = /Z7 /Od 

In the configure DES run dialog window, set the Execution | OPNET Debugger 

“Use OPNET Simulation Debugger (ODB)” check box to enable ODB.  

Additionally, to facilitate source code debugging methods, the compiler symbol 

file ‘gc70.pdb’ had to be copied into the project directory. 

For the final simulation run(s), an optimized set of parameters are adopted: 

 Set “Simulation Kernel” to optimized.  This in turn invokes compiler with flags 

set in comp_flags_optim parameter. 
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Appendix F OPNET Debugging Techniques 

Various avenues were used to troubleshoot the simulation model over the course 

of this project.  The primary facilities used were the DES log, the error log, the 

reported statistics and most importantly, the OPNET Debugger (ODB).  

Consequently, with the extensive flexibility of ODB, various trace labels were 

designed into the project modifications for debugging and verification purposes: 

 gna_video_h323 

 gna_video_rtpc 

 gna_video_frme 

 gna_video_cntl 

These labels can be invoked by launching a simulation with the ODB.  Within the 

command line of the ODB, enter: 

ODB> ltrace <gna_video_xxxx> 

where xxxx equates to one of the specific labels above, h323, rtpc, frme and cntl.  

The angled brackets are strictly for display purposes. 

Additionally, individual modules can be traced in ODB using the mtrace 

command. 

ODB> mtrace <module ID of the application layer of each network object> 

The module ID corresponds to the ID in curly brackets used in the hierarchical 

layout in the ODB window in Figure 212. 
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Figure 212. ODB node and module hierarchy. 

There is also an “all trace” facility which enabled the tracing of all defined labels 

in all subsystems, both custom code and legacy OPNET modules utilized in the 

model.  While useful at times, it was extremely verbose and significantly 

increased the simulation time. 

Lastly, for more detailed troubleshooting, source level debugging was used to 

delve much deeper into the internal system component behaviour.  This was 

achieved by installing WinDbg and configuring the following entry in the OPNET 

preferences editor: 

 des.windows_32bit_debugger_executable_path: 

"C:\\Program Files\\Debugging Tools for Windows (x86)\\cdb.exe" 

Once configured, various standard source level debugging commands were 

available to facilitate manual stepping as well as breakpoints and local 
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variables /memory inspection.  Two key break point command syntaxes were 

heavily used.  The first command sets a static breakpoint on a specific source 

line in a specific source file.  The second command sets a breakpoint on a 

specific source line in a given source file when the interrupt code is dynamically 

set to reflect the establishment of an RTP session.   

bp `C:\Program Files\OPNET\14.5.A\models\std\applications\gna_video_called_mgr.pr.c 

:1031` 

bp `gna_video_calling_mgr.pr.c:1166` ''j @@c++(intrpt_code == RTPC_SESSION_ 

ESTAB)'';'gc'" 

These commands were easily tailed to facilitate specific module breakpoints to 

quickly zoom in on an issue. 
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Appendix G Audio Processing Scripts 

The following script (“print_pkts_with_hdr_removed”) was used to systematically 

adjust the audio frame size to exclude the 10-byte RDT header: 

#!/usr/bin/perl 

# remove RDT or RTP header from packet size and print updated size to STDOUT 

# open audio file for processing 

$file = "Matrix-audio_w_hdrs.csv"; 

open (IN, "$file") || die "Unable to open $file."; 

$hdr_size = 10; 

# loop through each packet size 

while (<IN>) 

{ 

 # remove end of line 

 chop; 

 # set packet size to current line read 

 $pkt_size = $_; 

 # check if pkt size is > the hdr size, if so, it is audio data framed with RDT hdr 

 if ( $pkt_size > $hdr_size ) 

 { 

  # remove RDT header size from packet size 

  $pkt_size -= $hdr_size; 

  # print updated size to STDOUT 

  printf("$pkt_size\n"); 

 } 

} 

# close file and exit 

close (IN); 

The following script (“print_min_max_avg_pktsize”) displays minimum, maximum 

and average audio frame sizes: 

#!/usr/bin/perl 

# compute min, max and average frame sizes 

# open file containing audio frame sizes 

 296 



 

$file = "Matrix-audio.csv"; 

open (IN, "$file") || die "Unable to open $file."; 

# initialize variables 

$begin = 1; 

$nof_pkts = 0; 

$total_bytes = 0; 

# loop through all lines in file 

while (<IN>) 

{ 

 # remove end of line 

 chop; 

 # set packet size to current read from file 

 $pkt_size = $_; 

 # increase packet count and total bytes read 

 $nof_pkts++; 

 $total_bytes += $pkt_size; 

 # if this is first loop execution, set min and max to first packet size 

 if ($begin == 1) { 

  $min = $max = $pkt_size; 

  $begin = 0; 

 } 

 else 

 { 

  # if current packet is less than min, set minimum to reflect this 

  if ( $pkt_size < $min) { 

   $min = $pkt_size; 

  } 

  # if current packet is greater than max, set maximum to reflect this 

  if ( $pkt_size > $max) { 

  $max = $pkt_size; 

  } 

 } 

} 

# close trace file 

close (IN); 

# calculate average packet size 

$avg = $total_bytes / $nof_pkts; 
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# display sizes and exit 

printf("Min=$min\n"); 

printf("Max=$max\n"); 

printf("Avg=$avg\n"); 

The following script (“print_fs_video”) takes the video trace and computes the 

frame size in bits per second intervals to effectively report the minimum video 

throughput requirements in bps. 

#!/usr/bin/perl 

# Compute the video throughput requirements in bps 

# open file containing audio frame sizes 

$file = "Matrix-video.csv"; 

open (IN, "$file") || die "Unable to open $file."; 

# initialize variables 

$frame_count_1s = 0; 

$frame_size_1s = 0; 

$fps = 25; 

$nof_pkts = 0; 

$nof_seconds = 1; 

$total_size = 0; 

$frame_size_1s_bits = 0;  

$total_size_bits = 0;  

$total_frame_size_1s = 0; 

# loop through all lines in file 

while (<IN>)  

{ 

 # remove end of line 

 chop;      

  

 # set packet size to current read from file 

 $pkt_size = $_; 

 $total_size += $pkt_size; 

 # increase packet count  

 $nof_pkts++; 

 # check if processing frames within a given 1s interval  

 if ($frame_count_1s < $fps)  
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 {  

  # within 1s intervals, sum the individual frames and increment the  

  # intra frame counter 

  $frame_size_1s += $pkt_size; 

  $frame_count_1s++; 

 } 

 else 

 { 

  # ok, finished a given 1s interval so print out collective frame size per 1s 

  $total_frame_size_1s += $frame_size_1s; 

  $frame_size_1s_bits = $frame_size_1s*8; 

  # display the collective frame size for the current second in bits 

  printf("$frame_size_1s_bits\n"); 

  # reset frame counter and set 26th frame as input to the next 1s interval 

   $frame_count_1s = 1; 

  $frame_size_1s = $pkt_size; 

  # increment the total secound counter 

  $nof_seconds++; 

 } 

} 

# close trace file 

close (IN); 

# if the last frame in the file completes the current second frame count fps, then 

# update the counter and print out the last frame in bits 

if ($frame_count_1s == $fps) {  

  $total_frame_size_1s += $frame_size_1s; 

  $frame_size_1s_bits = $frame_size_1s*8; 

  printf("$frame_size_1s_bits\n"); 

} 

# display total nof packets  

$total_size_bits = $total_size*8; 

printf("Number of seconds = $nof_seconds\n"); 

printf("Number of packets = $nof_pkts\n"); 

printf("Total size = $total_size bytes  $total_size_bits bits   $total_frame_size_1s 

bytes\n"); 
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The following script (“print_fs_audio”) takes the audio trace and computes the 

frame size in bits per second intervals to effectively report the minimum audio 

throughput requirements in bps. 

#!/usr/bin/perl 

# Compute the audio throughput requirements in bps 

# open file containing audio frame sizes 

$file = "Matrix-audio.csv"; 

open (IN, "$file") || die "Unable to open $file."; 

# initialize variables 

$frame_count_1s = 0; 

$frame_size_1s = 0; 

$fps = 21; 

$nof_pkts = 0; 

$nof_seconds = 1; 

$total_size = 0; 

$frame_size_1s_bits = 0;  

$total_size_bits = 0;  

$total_frame_size_1s = 0; 

$carry_over = 0; 

$half_frame = 0; 

$odd_sec = 1; 

# loop through all lines in file 

while (<IN>)  

{ 

 # remove end of line 

 chop;      

  

 # set packet size to current read from file and track total size 

 $pkt_size = $_; 

 $total_size += $pkt_size; 

 # increase packet count  

 $nof_pkts++; 

 # check if processing frames within a given 1s interval  

 if ($frame_count_1s < $fps)  

 {  

  # within 1s interval, sum all frames and incr. intra-sec frame counter 
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  $frame_size_1s += $pkt_size; 

  $frame_count_1s++; 

 } 

 else 

 { 

# at the 1s boundary, finalize intrasecond counters and print 1s total frame size 

# : if odd sec, we want to include half the frame of the 22nd audio frame b/c fps is 21.6  

#   so logic must also preserve remaining half of audio frame and carry over to next 1s  

#   interval 

  if ($odd_sec == 1) 

  { 

   # toggle odd/even second flag 

   $odd_sec = 0; 

   # ok, finished a given 1s interval print out frame size per 1s 

     $carry_over = $half_frame = $pkt_size / 2; 

   $frame_size_1s += $half_frame; 

   # update total interframe size and convert frame size to bits  

   $total_frame_size_1s += $frame_size_1s; 

   $frame_size_1s_bits = $frame_size_1s*8; 

   # display 1s frame size in bits 

   printf("$frame_size_1s_bits\n"); 

   # carry over remaining half of 22nd frame to approx. 21.6 fps  

   # and reset intraframe counter 

   $frame_size_1s = $carry_over; 

   $frame_count_1s = 0; 

  } 

  else 

  { 

   # toggle odd/even second flag 

   $odd_sec = 1; 

   # update total interframe size and convert frame size from to bits  

   $total_frame_size_1s += $frame_size_1s; 

   $frame_size_1s_bits = $frame_size_1s*8; 

   # display 1s frame size in bits 

   printf("$frame_size_1s_bits\n"); 

   # this is an even second, we've already accounted for 1/2 frame  

# from the previous sec to arrive @ 21.5fps, take current frame  
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# and use it with the next 1s interval and reset intraframe counter 

   $frame_size_1s = $pkt_size; 

   $frame_count_1s = 0; 

  } 

  # increment total second conter and reset carryover size  

  $nof_seconds++; 

  $carry_over = 0; 

 } 

} 

# close trace file 

close (IN); 

# display total nof packets  

$total_size_bits = $total_size*8; 

printf("Number of seconds = $nof_seconds\n"); 

printf("Number of packets = $nof_pkts\n"); 

printf("Total size = $total_size bytes   $total_size_bits bits 

 $total_frame_size_1s bytes\n"); 
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Appendix H Mobile WiMAX Feature Support 

The following features are supported in Mobile WiMAX Wave 1 and Wave 2 [35]: 
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